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Cochlear Implant (CI) microphones are frequently replaced in clinic, but how many of
these are actually faulty? How many of these are replaced unnecessarily? How accurate
and consistent are current methods used by CI clinics for measuring microphone func-
tionality? This project investigates these questions and also investigates alternative
methods for measuring CI microphone performance.

First, the accuracy of current methods for assessing CI microphones are investigated
using a survey, measuring microphones that have been reported as broken and test-
ing the accuracy of subjective microphone checks. 57% of the microphones that were
reported as broken were within ± 3dB of reference values (i.e. actually working). Fur-
thermore, 90% of clinicians surveyed said they had replaced a microphone that they
thought was working. The accuracy of subjective microphone checks was also investi-
gated by presenting 10 microphones that were either “Working”, “Partially working”
or “Not working”. Both the control group (n=10) and CI clinicians (n=4) were both
able to identify the “Not working” microphones with 100% accuracy. Both groups were
significantly less accurate when differentiating the other two groups of microphones.

Previous testing showed that 17% of times that “Partially working” microphones were
presented to clinicians they were classified as working. Impact of microphones with
undetected defects on speech perception is analysed. Partial microphone failures were
simulated during a speech perception test. This may mean that partial failures go
unreported, and that users are struggling to hear, ascribing it to the situation rather
than the microphone.

Objective tests on a CI saw which of the user customizable settings affect the output of
the Listening Check adaptor that was used extensively during the experiments. While
the current CI microphone selection affects the adaptors’ output, none of the other
settings were shown to have a significant effect on the output. The consistency CI
frequency responses could be recorded was also assessed and over 56 recordings there
was a maximum deviation of ± 2dB and an average deviation of ± 0.8dB.

We need to develop better software based systems to be integrated into clinical pro-
cesses around the testing of microphones both to reduce waste, avoid partially working
microphones being overlooked, and to increase patient and clinician confidence in their
equipment. These testing processes could be embedded into home monitoring systems
to enable more regular and effective testing of implant microphones.
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Chapter 1

Introduction

An estimated 466 million people including 34 million children worldwide have hearing

loss (World Health Organisation 2018) with an estimated 11 million people with hearing

loss in the United Kingdom1. Furthermore, there is an estimated 600, 000 patients

worldwide with Cochlear Implants (CIs) with approximately 45, 000 CI processors sold

each year2 and 1553 CIs implanted in the United Kingdom between 1st April 2018 and

31st March 2019 (Hanvey 2020).

1.1 The problem

People who use CI have their processor(s) on the side of their head for nearly every

waking hour means that their microphone’s get considerable wear and tear in addi-

tion to being exposed to wind, rain, dust, debris and more. This often results in the

microphone’s having reduced performance or breaking entirely. For many people who

use CIs, sudden drops in microphone performance will be noticed with relative ease.

Devices like the Advanced Bionics Listening Check or Cochlear Kanso 2 enable other

people such as parents or carers to subjectively evaluate the microphone. Gradual

reductions in performance can be harder to detect. This is because a microphone’s

performance may only go down by such a small amount as to be unnoticeable. When

these changes happen day after day they mount up to a significant reduction in mi-

crophone performance. Currently microphone failures are detected one of two ways;

firstly, they are noticed by the person who uses the CI or indirectly by a parent or carer

using the listening check. This is then reported to the Auditory Implant Service (AIS)

who then arrange for a replacement microphone. Secondly, when a person who uses

a CI attends a check up appointment at their CI centre and has hearing and speech

perception testing. If a test has below expected results then the CI centre will try to

locate the problem, replacing the microphone if they believe it is necessary. Further-

1www.actiononhearingloss.org.uk facts and figures page
2www.earfoundation.org.uk CI information sheet
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more, if a working microphone is replaced at clinic due to poor speech perception test

results, this could delay diagnosis of the real problem.

While the majority of CIs has some method of listening to the microphone, these all

rely on people doing subjective microphone checks and detecting reductions in micro-

phone’s performance. While some people who use CI, or their parents/carers, will likely

notice failures, they are less likely to notice gradual reductions in performance. While

one gradual reduction is unlikely to have a significant effect, if these gradual reductions

mount up over time and the cumulative effect will be significant. This can result in

people who use CI having a microphone with reduced functionality for a prolonged pe-

riod of time until their next appointment which could be a year between, or longer with

COVID and the increased uptake in telemedicine systems. At check-up appointments

doing a speech in noise test is common: this will test the entire CI signal pathway all

the way from when the signal enters the CI to the brain’s understanding of a sound.

There are ways of measuring the functionality of different parts such as connecting a

processor to a computer and running diagnostics or measuring the impedance of the

electrodes in the array. However, there is no current way of objectively measuring CI

microphone performance in isolation. Currently microphones that are reported as bro-

ken by either AIS staff or people who use CIs are sent to the manufacturer if they are

less than a year old; otherwise they are thrown away and replaced. The main problem

is that we do not know the accuracy of the current methods for identifying broken CI

microphones.

1.2 Research questions

RQ1 How accurate and repeatable are the current methods for identifying CI micro-

phone failures?

RQ2 What impact do partially failed CI microphones have on speech perception?

RQ3 What processor settings affect the audio output of the Listening Check?

1.3 Hearing system and Cochlear Implants

The hearing system is a transducer that converts sound waves into electrical impulses

that are sent along a nerve and interpreted by the brain as sound. When someone’s

hearing system gets damaged there are a number of options to help including Hearing

Aids (HAs); however, these systems try to compensate for the damaged hearing system

so have their limits. A CI by contrast works by skipping the outer and middle ear

Page 2
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(from: www.nidcd.nih.gov)

Figure 1.1: Diagram showing the internal and external part of a cochlear implant

entirely and uses an implanted electrode array to directly stimulate the cochlear nerve,

in essence replacing the natural transducer. A CI is made up of two parts: the sound

processor and the internal implant as shown by Figure 1.1. The sound processor

contains the battery, microphones and hardware required for the audio processing. The

sound processor takes the signal from the integrated microphones and processes the

sound. The internal part of a CI located behind the ear has a cable that extends down

through the temporal bone to an electrode array that is inserted into the cochlear.

When triggered the electrode array releases an electrical charge that stimulates the

nerve cells.

CIs have a number of user specific settings such as microphone selection and direc-

tionality; the exact settings that can be customised and how many setting states can

be saved varies between CI manufacturer. For example, Náıda processors have five

programmes that change by a button on the top of the processor. For each programme

the user may be able to choose between three microphones, which are shown in Figure

1.2. The T-Mic, the headpiece microphone (both omnidirectional) or the processor

microphones which are combined to give directionality options.

Different CI manufacturers have a number of different options to check microphone

functionality. For example, Advanced Bionics have a device called the Listening Check�

that connects to a processor and provides a 3.5mm headphone output. This can then be

used to subjectively check if a microphone is working. Figure 1.3 shows pictures of an

Page 3
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(from: www.cochlearimplanthelp.com)

Figure 1.2: Picture showing the location of microphones on the Advanced Bionics
Náıda Q70 CI processor

Advanced Bionics Náıda Q70 processor and Listening Check in various configurations.

Figure 1.3a shows how it will be generally used by people who use CI with a processor

located behind the ear. The coil is not shown in any of these pictures which is connected

via a cable to the back top of the CI processor (top right of picture). Figure 1.3b shows

how a listening check device can be connected between the CI processor and its battery,

this provides a 3.5mm headphone output. Figure 1.3 shows an exploded view of the

components: this also shows how the T-Mics can be removed from the CI processors

and are available in varying lengths to fit different peoples ears.

Advanced Bionics are not the only CI manufacture, the Kanso© 2 CI sound processor

by Cochlear© has a “Sound Check” system3. Optionally the recordings can then be

shared with someone else or a CI centre which could be useful diagnostically but,

like the Advanced Bionics Listening Check relies of people subjectively evaluating if a

microphone is working.

1.4 Existing solutions

As previously discussed, both the Advanced Bionics Listening Check and Cochlear

Kanso 2 enable the CIs microphones to be listened to and this can be done by a par-

ent, family member, CI clinic staff or someone else. However, these devices just enable

people to listen to the microphones and do not provide any way for microphone per-

formance to be objectively evaluated. The accuracy and repeatability of subjective

microphone checks has not previously been investigated, to our knowledge. However,

3https://advancedbionics.com/content/dam/advancedbionics/Documents/Global/en_ce/

Products/Naida/Naida-CI-System-Check.pdf
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(a) Normal use (b) With listening check

(c) Exploded view

Figure 1.3: Pictures of Advanced Bionics Náıda Q70 CI processor with and without
the Listening Check attached.

despite the specialist equipment and sound-treated room required for pure tone au-

diometry, results are only accurate to within ±10dB HL (Frank & Dreisbach 1991,

Schmuziger et al. 2004). It is therefore doubtful that subjective microphone checks will

detect changes in microphone functionality unless they exceed ±10dB HL. The thresh-

old where a reduction in microphone performance will consistently be detected is likely

higher than ±10dB HL as the background noise during a subjective microphone check

is likely higher than in a sound-treated room.

In CI clinics speech in noise tests are common place and while there are a multitude

of different speech in noise tests such as the HINT test (Molander et al. 2013) and the

Bamford-Kowal-Bench (BKB) sentence test (Bench et al. 1979); the most relevant test

to this project is the Digit Triplet Test (DTT). The DTT was originally developed
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in the Netherlands by Smits et al. (2004) as a method for doing a screening hearing

test over the telephone; this was then translated into English by Lutman et al. (2006).

The tests consists of three numbers between zero and nine4 being played in quick

succession with a varying level of Background Noise (BGN). Subsequently, Cullington

& Aidi (2017) investigated if the DTT can be used as part of a remote care system

for people who use CIs. 16 people who use CIs took part who did both the DTT and

the BKB sentence test. The paper concluded that the DTT correlated with the results

from the BKB sentence test showing that it could be used in the long term as a speech

in noise test and could then be used as part of a healthcare package. While the DTT

is currently being rolled out as part of a telemedicine system by the AIS this measures

the hearing of the entire CI signal pathway from microphone to brain interpreting the

sound and offers no way of localising a problem. This means that if a speech in noise

test has a sub-average result it could be from a wide array of different sources including

the CIs microphone, CI processor, coil or electrode array.

1.5 Potential Challenges

CIs also contain a considerable amount of proprietary equipment and software which

will make measuring microphone performance harder. For example, while using an

Advanced Bionics Listening Check, it is known that the current microphone choice

affects the Listening Checks output, but the effect any other user specific settings have is

not known. This means that if a processor is set to use the T-Mic microphone then this

is what the Listening Check will hear, but if settings such as BGN reduction systems

and map levels affect the Listening Check is not known. This becomes especially

problematic if aiming to do objective tests through the Listening Check as these other

settings could significantly affect results if they affect the Listening Check.

Telemedicine systems are becoming more frequently used for patients both in Audiology

and in the wider hospital (See Sections 2.5 and 2.6 for more information). However,

the vast majority of these telemedicine systems require access to the internet. A survey

of 158 people who use CI found that 60% had access to the internet. Of this 60%, 40%

said they may have problems accessing the internet in the future if it requires the use

of a computer (Thorén et al. 2013). Therefore, when designing telemedicine systems if

it can be used by people who struggle to access the internet should be considered.

The dexterity of people who use CI should also be considered as the microphones are

small and many users are unable to change their T-Mic them selves. When aiming to

build a device that can be used to objectively test the functionality of CI processor ,

4excluding seven as this is two syllables

Page 6



Chapter 1

some aspects of it may require precision such as sliding a CI processor onto a mount and

some people who use CI may not have the dexterity for this. Visual acuity should also

be considered as the a number of components involved in checking if CI microphones

work are small; for example the pin that holds Advanced Bionics T-Mics in is 6mm by

0.7mm which could be hard to see with even a minor visual impairment.

1.6 Report structure

Below is a list of the chapters of this thesis along with a brief description of the subject

of each subsequent chapter.

2. Background- Discusses literature, areas of research and commercially available

products that have relevance to this project.

3. Methodology- The subsequent chapters contain a number of discrete experi-

ments. This chapter explains various principles and techniques that are used

in a number of the experiments. After this, each experiment is described, also

discussing the purpose of each experiment.

4. The problem with current testing- This chapter describes a number of ex-

periments investigating how CI microphones are tested, how many microphones

are tested, when and why microphones are replaced among other factors. Then

microphones that have been reported as broken are tested to investigate the

prevalence of false negatives5. Also the prevalence of different types of micro-

phone failures are investigated, what frequencies get reduced by what amounts,

how many are completely not working.

5. Implications of failure- This chapter investigates the implications of the re-

duced microphone performance on speech recognition. Reductions in microphone

performance were simulated during multiple speech tests to determine their effect

on speech recognition.

6. Reference testing- The previous experiments were all done with the CIs in test

settings with all advanced features disabled. While having the CI processor in

test settings is good for experimental repeatability, it is not a realistic option for

people who use CIs. This chapter conducts a number of experiments to see how

CIs processor settings would have affected the results.

7. Discussion- This chapter discusses a number of points about the project includ-

ing: differences between CI manufacturers and microphone type in addition to

how future CI telemedicine systems could be introduced.

5Fully working microphones marked to be replaced despite being fully working
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8. Conclusion- This chapter summarises, draws together all the previous chapters

and talks about the contributions that this project has made to the subject area.
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Background

The human ear functions as a transducer, converting the analogue sound waves that

go into the ear canal into electrical impulses that the brain can understand. Figure

2.1 shows an overview of the human hearing system which can be divided into three

chapters. First: the outer ear is made up of two parts, the auricle1 and the auditory

canal. Both the auricle and auditory canal are designed to focus sound towards the

ear drum which is between the outer and middle ear. Second: the middle ear includes

the ear drum and the ossicles which are in the tympanic cavity. When a sound wave

reaches the ear drum, the sound wave causes the ear drum to vibrate, which in turn

vibrates the ossicles. Thirdly, the inner ear is comprised of the cochlea and the semi-

circular canals. The ossicles transmit sound from the ear drum to the cochlea where it

is converted into pressure waves through a liquid. Inside the cochlea there is a series of

hair cells that pick up the vibrations in the fluid then convert the changes in pressure

into an electrical signal. This electrical signal is sent along the cochlea nerve to the

brain where it is interpreted as sound.

The hair cells in the cochlear that are responsible for turning the acoustic sound signal

into an electrical signal can die for a multitude of reasons including age and loud noise

exposure. These cells dying results in a less sensitive hearing system meaning that

people can no longer hear as quiet sounds but the loudest sounds people can hear may

remain the unchanged. This results in a significantly reduced usable dynamic range.

2.1 Hearing aids

A common way of improving the quality of life for people who have a hearing loss is

though Hearing Aids (HAs) which amplify the quieter sounds so they can be heard.

How much sounds are amplified by is customised for each individual according to their

1A.K.A. Pinna
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(From: www.classichearing.com)

Figure 2.1: Labelled diagram showing the anatomy of the ear

frequency specific hearing loss. Modern HAs utilise a series of advanced features that

are designed to improve the listening experience for the HA users. The exact details

of how each feature works is not known as they are trade secrets by the various HA

companies that use them. However, the underlying principles behind a few of the

common HA advanced features are briefly explained.

As previously mentioned, when someone has a hearing loss they will be unable to hear

quieter sounds but the loudest sound they can tolerate may remain unchanged. If loud

sounds (such as a door slamming) were amplified the same as the quieter sounds this

could result in discomfort for the person using the HA. Therefore, modern HAs do not

amplify all sound equally but use compressors to reduce how much louder sounds are

amplified by to make a more comfortable listening experience.

HAs contain a number of microphones that are more sensitive to sound in-front than

behind and other microphones that are equally sensitive to all directions. Adaptive

directionality attempts to determine where a persons auditory attention wants to be

and adjusts the microphones accordingly. For example, in a noisy environment like a

restaurant the adaptive directionality system assumes that the person wants to listen

to what is in-front of them so the forward directional microphone is selected. Exactly

how a specific direction is prioritised over another varies for each HA manufacturer
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and the exact details are not known.

A common problem for people who use HAs is Background Noise (BGN) and there is

an advanced feature that is designed to help with this (BGN reduction systems). BGN

has a significantly lower dynamic range than speech so this advanced feature splits the

input signal into a number of frequency bins each containing a part of the frequency

spectrum then works out the dynamic range of each frequency bin. The assumption

is then made that the frequency bins with lower dynamic range have more noise than

speech signal so have the frequency bin specific gain reduced. The opposite is also done

so frequency bins with higher dynamic ranges are turned up assuming they have less

background noise. The exact method and number of bins used to run this advanced

feature are not known.

2.1.1 Test box

HA test boxes are designed to accurately and with repeatability measure the perfor-

mance of HAs and are common place in audiology clinics. The majority of audiology

centres have test boxes2 and all conform to industry standards (International Elec-

trotechnical Commission 2005, 2012). These devices have a small chamber in them

with a speaker built in; also inside the enclosure is a microphone on a small flexible

mount and a connector for attaching a HA. A number of the tests that the test boxes

are commonly used for require sound be to played at a specific level. However, HAs

come in all shapes and sizes so getting an accurate sound level at the different HAs

microphones can present a problem. The microphone inside the chamber is designed

to combat this issue, the microphone is calibrated and the flexible mount enables this

reference microphone to be placed as close to the HA microphone as possible. The

test box will then adjust the volume of the speaker to the required Sound Pressure

Level (SPL) for each test. This reference microphone is also used to compensate for

the enclosure itself altering the presented sound3, as using an enclosure that did not

impact the presented sound at all would be prohibitively expensive and large. Most

chambers use a standard 3.5mm headphone connector inside the chamber and each HA

manufacture makes adaptors that enable their HAs to be connected. The capabilities

of the adaptors varies between manufactures but the vast majority of them do not alter

any of the HA settings, meaning the HAs need to be put manually into test settings

before testing.

There are a number of different tests that can be done with HAs test boxes but two of

the more common tests are frequency response and harmonic distortion. Frequency

2such as those by Interacoustics and Oticon
3such as boosting a specific frequency
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response plays a 60dB SPL Pure Tone Sweep (PTS) from 20Hz to 20kHz. This is

to assess the full frequency range that the device is capable of reproducing with the

devices gain set to a known reference level. Harmonic distortion plays 500, 800 and

1600Hz pure tones at 70dB SPL4 and the output from the test device is analysed. A

pure tone stimulus will produce small acoustic artefacts at the harmonics of the stimuli

frequency. For example, a HA presented with a 500Hz pure tone signal will produce

a small acoustic artefact at 1kHz. The total power output from each of the harmonic

frequencies is summed and then presented as a percentage of the stimulus strength and

should be below 3%.

A few of the advanced features that are explained in the previous section can interfere

with some of the tests. A very common advanced feature in HAs is feedback reduction.

As HA feedback in HAs is often a pure tone, when a HA hears a pure tone is introduces

a second pure tone of the same frequency but the opposite polarity to cancel out the

pure tone. If this advanced feature is left on during a frequency responses which uses

a pure tone stimuli, the feedback reduction system can try and cancel the stimuli

resulting in anomalous results. Other advanced features can also impact the accuracy

of test box measurements. Furthermore, a number of tests require specific gain settings

on the HA when testing, such as full on gain and reference test gain. To alleviate this

issue, the majority of HAs have a “test mode” that they are put in when using a test

box: this sets their gain to reference levels and disables all advanced features.

While this shows the array of tests that can be conducted on HAs in clinic however,

none of these tests can be done to Cochlear Implants (CIs) to access how well their

microphones are working. As discussed in later chapters, there are ways of conducting

objectively measuring CI microphone performance in a research environment however,

these are not able to be done in CI clinics.

2.2 Cochlear implants

When a hearing loss progresses to the point where HAs can no longer provide sufficient

amplification5 CIs are a good option. The inner ear acts like a transducer by converting

an acoustic signal into a series of electrical impulses that the brain then interprets as

sound. A CI works by replacing the ears natural transducer with an artificial one.

Figure 2.2 shows a diagram of how a CI fits in a human ear. Figure 2.2 item 1 is the CI

processor that contains the microphones, batteries and signal processing capabilities.

4Except 65dB SPL at 1.6kHz
5Hearing could progress for a variety of reasons such as presbycusis, otosclerosis or noise induced

hearing loss

Page 12



Chapter 2

A cable from the CI processor extends to Figure 2.2 item 2 which is a called the coil:

this is held in place by magnets and sends data to the internal part of the CI using FM

radio. The internal part of the CI (Figure 2.2 item 3) has two cables coming off it; one

is a grounding cable the other has an electrode array and is inserted into the cochlea.

(from: www.cochlear.com)

Figure 2.2: Diagram showing the internal and external parts of a cochlear implant
processor

1. Cochlear Implant processor
2. Coil

3. Cable connecting the internal part of the cochlear implant processor to the coil in
the cochlear

4. Auditory nerve

The inside of a cochlea is filled with a fluid called perilymph with an opening at one

end that is coiled approximately 2.5 times. The inner wall of the cochlear is lined with

cells that turn the pressure waves that travel down the cochlear into electrical signals.

These electrical signals are then sent along the Auditory Nerve (Figure 2.2 item 4) to

the brain. The hair cells nearer to the end of the cochlea where the sound enters are

all tuned to specifically pick up high frequency sounds and the further through the

cochlea a sound gets the lower frequency the cells are tuned to. The electrode array

works by releasing a small electrical charge into the cochlea that travels through the

perilymph into the cells surrounding it. This means that a single electrode instead of

stimulating a specific frequency’s nerves in fact stimulates a small range of frequency

specific nerves.
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As the electrodes array is sending a small electrical current into liquid to stimulate

nearby cells a single electrode actually stimulates a small range of frequency sensitive

cells. This means that a single electrode could be presenting a single pure tone but it

would be perceived as a range of frequencies being presented 6. This reason is why the

number of electrodes that a CIs has been shown to have limited impact on the speech

perception for people with CIs (Fishman et al. 1997, Friesen et al. 2001). The electrode

array makes it between 1.5 and 2.35 turns into the cochlear so it does not always reach

the low frequency nerves, but there does not need to be a direct relationship between

a stimulus frequency and the nerves that an electrode is stimulating. This means that

while people with CIs may be able to hear frequencies between 100Hz at 10kHz, the

CI processor could be sending this frequency information to the brain over the nerves

that would normally be used for the frequency range 1kHz to 20kHz for example.

The amplitude of the electrical signal that the electrode array uses to stimulate the

cochlear vary depending on a number of factors including the exact electrode posi-

tioning and how conductive someone’s cochlear is. The amplitude of these signals is

altered by clinicians using a “map” which sets both the minimum amplitude required

for sound to be heard and the maximum tolerable volume for each electrode.

Section 2.1 explains two advanced features that are common to have on HAs, and these

features can also be found on CIs. There are a number of other advanced features that

are used by either HAs or CIs but explaining every advanced feature that a HA or CI

could have is beyond the scope of this project.

To provide additional auditory aid to people who use CIs there are a number of devices

that are designed to work in tandem with the CI. One such device is the Phonak Roger

pen7 which connects to a CI processor wirelessly and functions as a wireless microphone.

This wireless microphone can then be placed closer to the desired sound source. One

such example would be if a person who uses a CI is in a coffee shop with a friend;

if using the microphones integrated into the CI processor then it might be still hard

to hear the person you are meeting with. However, if the friend puts the Roger pen

in their top pocket then this will provide a microphone that the person with the CI

can listen to that is significantly closer to the sound source8 improving the listening

experience. Another common use case for this device is in classrooms when a student

has a CI because a Roger pen in the teachers top pocket would give significantly better

sound signal than the child’s CI processor.

6like narrow band noise
7https://www.connevans.co.uk/product/6002943/3PRPEN/Phonak-Roger-Pen-transmitter
8than their CI processor microphones
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The Advanced Bionics Listening Check9 is a CI accessory that is used extensively

throughout this project. The device connects directly to a CI processor and provides

a 3.5mm output for the microphone in the current CI programme. This is designed so

that someone with normal hearing close to the person who uses the CI10 can connect

a pair of headphones and listen directly to the microphone to check that it is work-

ing. For example, a parent of a person who uses a CI plugs in the Advanced Bionics

Listening Check before the child wakes up, as the child’s first programme uses the

processor microphone exclusively the parent checks this microphone then changes the

CI processor to the second programme which uses the T-Mic exclusively. The parent

could then speak into the microphone to check that it is working. If the microphone is

suspected of being defective then each CI centre will have a way of reporting this and

replacing the microphone if necessary.

2.3 Clinical pathways

There are guidelines on patient care pathways for people with hearing loss: however,

these focus on HAs because these are more prevalent than CIs (National Institute for

Health and Care Excellence 2019, 2020). These documents are only guidance and the

exact clinical pathway that a CI candidate takes will vary between countries, but there

are a number of common elements which are discussed in the bullet points below.

� Firstly, in order to get a CI there will be an assessment appointment to see if

the person meets the audiological criteria for having a CI (which varies between

countries).

� Next there is a surgery to implant the internal part of the CI.

� After surgery there is a wait of approximately three weeks to enable the internal

part of the CI to settle.

� The external part of the CI is then connected to the internal part and switched

on for the first time.

� In the weeks and months following the CI first being turned on there is normally

quite a number of appointments to adjust the CI settings as the persons’ body

gradually gets used to the CI.

� Once someone has acclimatised to their CI, they start off having annual follow ups

appointments with their implant centre, reducing over time to one every couple

9https://advancedbionics.com/us/en/home/products/accessories/listening-check.html
10such as parent, partner or carers
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of years or on an as needed basis. During this time people with CIs are given

the means of requesting follow-up appointments if they believe it is necessary for

any reason.

If the microphone suddenly stops working then in the majority of cases this will be

picked up by the person who uses a CI who will then contact the implant centre.

Gradual changes are harder to detect and in clinics can be picked up by a sound field

audiogram: but this is not a reliable way of measuring the microphones’ effectiveness.

This is not ideal because you are needing to assess the microphones’ functionality at the

same time as a people with CIs hearing, making determining the cause of a worse result

harder. When a CI T-Mic needs replacing what happens next will vary depending on

the implant centre, but the Auditory Implant Service (AIS) in Southampton will send

a replacement microphone with a free return envelope for the old microphone. This

protocol will be different if the person who uses a CI is not capable of replacing a T-Mic

at home: then the processor will either need to be brought or posted to the department

where a member of staff could replace the microphone.

Telemedicine systems are being used increasingly frequently by people who use CIs

which is discussed in more detail in Section 2.5. This increased uptake of telemedicine

systems is resulting in follow up appointments having longer gaps between them. This

means that CI centres have fewer opportunities to check how well a CI is working.

2.4 Common clinical tests

Pure Tone Audiometry (PTA) is a common clinical test used for screening and diag-

nosing of hearing loss (Gelfand 2009). This test consists of playing a series of quiet

pure tone beeps with the person who is doing the test pressing a button when they

hear a beep. The sound level that the beeps are played back is altered to find the

quietest sound that someone can hear at a specific frequency; the test is then repeated

on other frequencies. While people with CIs cannot do this test, PTA forms part of

the CI assessment criteria that determines if someone is eligible to be implanted or not

(National Institute for Health and Care Excellence 2019).

The Bamford-Kowal-Bench (BKB) speech test is a commonly used in CI clinics and

plays a specific number of sentences to someone with a background noise present.

Each sentence played has five keywords in it and the test is scored on the best Signal

to Noise Ratio (SNR) that someone can repeat the required number of keywords cor-

rectly (Boothroyd 1968). This is a widely used clinical test that has been researched

extensively even showing minimal differences to be classified as significant (Martin
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1997, pg. 167).

The Digit Triplet Test (DTT) test was developed by Smits et al. (2004) as a method

for screening hearing loss over the phone; this was later translated to English (Lutman

et al. 2006). The test plays three numbers between one and nine11 while a masking

noise is being played. During the test the person will type the numbers they hear and

the SNR is continually altered until the level is found where the person taking the test

gets words correct 50% of the time: this is their threshold. This threshold can then

be compared to reference data to get an idea of the state of their hearing. In the case

of nationwide hearing screening programmes this would be reference data for normal

hearing people. With people who use CIs, the results could be compared to other

people who use CIs or to that persons’ previous results.

The map of the CI electrode array requires regular adjusting especially when someone’s

implant is first turned on: in the vast majority of cases this requires a visit to the

CI centre where a clinician can adjust the map settings. However, remotely altering

the map has been possible for a number of years (Wesarg et al. 2010). In order to

remotely alter the CIs map there needs to be a way of adjusting this over the internet

and this presents a number of potential security concerns with a variety of potential

consequences including: making the device inoperable resulting in deafness or the

map could be turned up so far that is causes the user tinnitus or pain (Bodmer &

Capkun 2010). It would help mitigate these risks if during remote CI programming

appointments someone was physically present with the person who uses the CI so they

can help in the event of a technical problems.

Each of these tests have their uses but none of them assess the CIs microphone in

isolation. Sound field speech in noise tests such as the BKB do assess the entire CI signal

pathway from sound entering the microphones all the way to the brain interpreting

the sound. However, because this assesses the entire signal pathway if offers no way

of localising any detected problems. For example, if a speech in noise test shows a

lower than expected result for someone who uses a CI then this problem could be

caused by: a blocked microphone, electrical problem in the CI, a problem with the

connection between the CI processor and the internal part of the CI, the electrode

array or something else. Being able to localise a problem is essential to knowing how

to solve it in a quick and timely manor.

11excluding seven as this has two syllables
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2.5 Telemedicine for cochlear implants and audiol-

ogy

The number of audiologists is not expected to meet the rising demand and with an age-

ing population which will become a greater problem (Hall 2016, Nemes 2002, Windmill

& Freeman 2013, Roth et al. 2011). Telemedicine systems have the potential to allevi-

ate some of the growing pressure on CI centres. This would be accomplished by people

with CIs using remote care pathways instead of having face to face appointments with

clinical AIS staff. This is in line with the National Health Services (NHSs) long term

goals12 (Istepanian 1999, NHS 2019).

There are a number of telemedicine systems that have been investigated and are cur-

rently being used for both CIs and HAs. One potential way to alleviate some of this

pressure that has been investigated is remotely measuring hearing loss. Hearing loss

can be measured in a clinic using specialist equipment operated by trained personnel

doing tests such as PTA. PTA relies on the fact that as hearing loss progresses, the

quietest sound someone can hear gets louder. PTA presents a series of quiet tones to

the person doing the test and they tell the person doing the test when they hear some-

thing; the quietest sound someone hears is then used to determine how good someone’s

hearing is. If this test could do be done accurately remotely, this would significantly

help audiology clinics.

Before a test such as PTA can be conducted outside of audiology clinics two problems

need to be overcome, controlling the test and the specialist hardware needed. An

automated PTA system was trialled on 120 subjects (Garrison & Bochner 2017). This

automated system still required specialist hardware but instead of being controlled by

a trained audiologist, the test was controlled by a computer and instructions given

using a screen. All the participants also did conventional PTA to compare the results

to. The results from the automated system were within tolerance of the reference

PTA results performed by audiologists 91% of the time. While the automated system

still required specialist hardware, this study does show that as long as the hardware

is accurate enough hearing tests can be automated and obtain accurate results the

majority of the time. The second problem is the specialist hardware required to do

the test. A number of studies have investigated if different devices could be used. One

such example of this is using an iPad, calibrating its output then using a dedicated

application to see if this could conduct accurate PTA (Corry et al. 2017). This set up

12www.airedale-trust.nhs.uk
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was tested on 26 participants who each did two reference tests13 and with the iPad14,

the results were then compared. There were significant differences found between the

reference results and the iPad results at all tested frequencies except 500Hz. However,

the iPad results were consistent with themselves; for example at 1kHz the iPad was

consistently 5dB better. A PTA relies on presenting a series of tones at specific dB HL

levels (such as 1kHz pure tone at 10dB HL) and the standard way of calibrating an

output is to play a pure tone at 60dB SPL15. While this way of calibrating will ensure

that when the iPad application says it is outputting 60dB SPL, it is outputting that

but it tells you nothing about the loudness growth of the device. This only tells you

about outputs of 60dB SPL and no other levels, meaning that when the application

says it is outputting 30dB HL it could be outputting 27dB HL. As the participants

were normal hearing this means that the stimuli would have been presented at less than

20dB HL. This would explain why the results for the application were consistent with

themselves and not with the reference testing; this would also be trivial to compensate

for by doing level specific calibration. A product is available that uses an iPad with

a specialist piece pair of headphones and an application to conduct PTA (ShowBox

Audiometry16). Two independent studies have found this setup to be with 10dB of

PTA which is the industry standard for between test repeatability (Saliba et al. 2017,

Thompson et al. 2015). This shows that there are most cost effective methods to get the

specialist hardware needed to conduct PTA. The aforementioned studies have shown

that PTA can be automated and still get accurate results (Garrison & Bochner 2017)

and iPads with calibrated outputs can also be used instead of the specialist hardware

required to run PTA (Saliba et al. 2017, Thompson et al. 2015). These two aspects

were combined in a study that tested an application that did PTA without the need

to be controlled by trained audiologists (Abu-Ghanem et al. 2016). The results were

found to be inaccurate at all tested frequencies for the 26 participants. There is still

some work to do in combining the application based audiometers and the automated

running of the tests.

In order for PTA to work the tones need to be presented at the correct intensities.

However, there are a number of other speech tests that can measure hearing loss without

needing to be presented at such exact levels. While a number of factors will change

between the tests including stimuli and type of masker, all the variations of speech

present a speech stimulus with a masking noise17; The exact ratio of the speech signal

to the background noise (or SNR) is varied during the test to find the SNR where the

13Using conventional equipment
14during tests tests the iPad was being operated by a trained audiologist
15Other levels are also used including 65dB SPL
16www.shoebox.md
17Could be multi-talker babble or white noise for example
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person taking the test gets a specific amount correct18, the results are then compared to

reference data. One such speech test is the Hearing in Noise Test (HINT), this presents

a series of ten words presented with a multi talker babble. This was originally tried in

Stockholm Central Train Station on 223 participants who also did PTA (Molander et al.

2013). The results from HINT and PTA were compared and they found that when the

SNR was > −3.4dB there was a 79% chance of classifying the users hearing correctly.

An alternative speech in noise test is the DTT, developed in the Netherlands as a

potential method for doing hearing screening over the phone (Smits et al. 2004); this

test was then later translated into English Lutman et al. (2006). The DTT plays three

numbers for a participant19 with a multi-talker babble. A study was later conducted

investigating if the DTT could be used as part of a CI remote care system (Cullington

& Aidi 2017). It is common practice for people who have CIs to do speech test when

visiting a CI centre to assess how well their CI is working. Being able to do this

remotely would enable CI clinicians to get an accurate idea of how well a persons CI

is working. 16 people who use CIs20 took part who did both the DTT and the BKB

sentence test. The paper concluded that the DTT correlated with the results from the

BKB sentence test. Furthermore, results from the questionnaire were mostly positive

with 15 of the 16 participants agreeing or strongly agreeing that being able to do the

DTT remotely would save them time and money. A subsequent paper also found that

people with CIs also reported that being able to do the DTT remotely made them feel

more empowered to manage their own CI (Cullington et al. 2018).

2020 has seen a significant increase in the using and need for remote care systems as

in person appointments now have more risks associated with them because of COVID.

Recent studies have shown that remote care for people who use CIs is possible on a

wider scale but requires both the staff and the patients to acclimatize to it (Maurrasse

et al. 2020, Shapiro et al. 2020). Remote programming of CIs is also happening with

encouraging results thus far (Luryi et al. 2020). A recent systematic review of 50 papers

on the telemedicine for CIs found only five21 to be of sufficient quality (Buckman &

Fitzharris 2020). Of the total 70 participants between the studies, 69 had no significant

difference between their minimum and maximum map levels whether recorded in a clinic

or using remote care systems. Furthermore, the studies also reported high satisfaction

from the patients, parents22 and CI staff (Buckman & Fitzharris 2020).

18for example, the SNR were the person can repeat half of the presented words accurately
19between zero and nine excluding seven as this is two syllables
20from the University of Southampton Auditory Implant Service
21Wesarg et al. (2010), Hughes et al. (2018), Goehring & Hughes (2017), Goehring et al. (2012),

Muñoz et al. (2017)
22in the event of the remote care system being used on paediatric patient
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Furthermore, a study into the usage of CI specific telemedicine systems found that the

94% of participants23 said that using the prototyped telemedicine system would save

them time and money (Cullington & Aidi 2017). This is relevent because money is

always being considered in health care departments and correctly using telemedicine

systems could save both the health care department and people who use CIs money.

2.6 Telemedicine in other clinical areas

The effect of telemedicine systems are well documented and one of the best researched

examples is for cardiac problems. These are internet connected heart rate monitors

that patients with a history of cardiac problems wear and monitor the patients heart

rate; if they detect any of the early warning signs of a heart attack they have an alert

procedure24. Anker et al. (2011) reviewed four different meta-analyses25 all of which

are investigating the effect of these remote heart rate monitors on long term patient

mortality. There were only two cohort studies26 which concluded that telemedicine had

a negative or neutral impact on patients. The overwhelming majority of the rest of

the papers including more than 12,876 participants between them, found that patients

with a history of cardiac problems had a lower mortality rate (however slight) with

remote monitoring. Subsequently, a meta-analyses by Wootton (2012) investigated

evidence for the effectiveness of telemedicine system covering a variety of applications27.

37, 695 patients from 141 Randomised Controlled Trials (RCTs) were included in the

analysis and while two studies (1.4%) found that telemedicine had a negative impact,

the remaining studies all found that telemedicine had a neutral or positive outcome28.

However, this study had a mean duration of 6 months which would have ideally been

longer as some telemedicine systems may take a significant length of time for patients

to become acclimatised to using them. There is significant evidence to support the

statement that telemedicine systems have a positive outcome in the majority of cases,

however none of these examples are specific to CIs or hearing loss.

An analysis was also carried out on 80 systematic reviews that covered telemedicine

systems for asthma, diabetes and heart failure Ekeland et al. (2010). Of the included

studies, 26% (n=21) found that the telemedicine systems used had a positive effect,

22.5% (n=18) said that they were promising but could not show anything different;

51% (n=41) of the studies found that there was insufficient data to draw a conclu-

2315 out of 16
24For example: direct message to 999 or notification to specific team at hospital
25Clark et al. (2007), Klersy et al. (2009), Inglis (2010), Clarke et al. (2011)
26Chaudhry et al. (2010), Koehler et al. (2011)
27asthma, chronic obstructive pulmonary disease, diabetes, heart failure and hypertension
2831 studies (22%) had a neutral outcome and 108 (76.6%) had a positive outcome
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sion. Between all the included studies, none of the telemedicine systems used were

shown to have a negative impact. The findings by Ekeland et al. (2010) are backed

up by Wootton (2012) who investigated telemedicine systems for: asthma, chronic ob-

structive pulmonary disease, diabetes, heart failure and hypertension. 37, 695 patients

from 141 RCTs were included in the analysis. Of these studies, 108 (76.6%) concluded

that telemedicine systems had a positive impact; 2 (1.4%) reported a negative out-

come and 31 (22%) had an unclear outcome. A myriad of other studies have shown

that when telemedicine systems were used, they either provided a measurable improve-

ment, no measurable improvement or there was not enough data to draw a conclusion

(Clark et al. 2007, Koehler et al. 2011, Klersy et al. 2009). While a few studies29 have

shown telemedicine systems to have a negative outcome, the overwhelming majority

of studies have shown neutral or positive outcomes. Furthermore, all these studies

were conducted before COVID-19 therefore, in a time when face to face appointments

are more problematic; the inference can be made that both patients and hospital staff

would be more willing to try telemedicine systems.

The financial implications of utilising telemedicine systems have been investigated by

a multitude of studies and while some evidence does support the hypothesis that they

have financial benefits (Marietta 2001, Bynum et al. 2003, Luryi et al. 2020). Marietta

(2001) investigated the cost-effectiveness of telemedicine on patients diagnosed with

pre-term labour compared to a control group.30 and found an average saving of £14,459

per patient. Bynum et al. (2003) investigated potential cost savings to patients of

using telemedicine systems and found that 92% of patients saved > $32 in fuel costs,

84% saved > $100 in lost wages31 and 74% saved > $75 in family expenses32. The

study (Bynum et al. 2003) was done in Rural Arkansas which limits the real world

applicability for the United Kingdom as Arkansas has a significantly lower population

density of 56 people per square mile compared to 25533. However, a presentation by

Helen Cullington shows a map of the patients University of Southampton Auditory

implant service34 stating that “a lot of them (patients) are travelling for more than two

hours” to get to appointments. In contrast, multiple systematic reviews have concluded

that telemedicine does not improve cost efficiency and further research is needed (Roine

et al. 2001, Whitten et al. 2002, Mistry 2012, De La Torre-Dı́ez et al. 2015).

29Two of the included 80 studies from Ekeland et al. (2010)
30treatment n=60, control n=40
31as they didn’t need to have a day off work to come to an appointment
32babysitters, childminders etc.
33http://worldpopulationreview.com
344:20 of https://www.youtube.com/watch?v=kzvocpWUcCY
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2.7 The digital divide

The digital divide is defined as “The gulf between those who have ready access to com-

puters and the internet and those who do not”35. To phrase it a different way, there is

a social divide between those who have good technical skills and access to the internet

and those who do not. When designing any system in the future for people who use

CI efforts should be taken to make it as simple to use as possible.

As CIs themselves are technical devices, the inference can be made that people who

use CIs have a certain level of technical competence but this cannot be guaranteed.

This means that any future system should be designed so it can be operated by the less

digitally literate people who use CIs. A survey of people who use CIs showed that 60%

(94 out of 158) had access to a computer and used the internet (Thorén et al. 2013). In

the event that a CI microphone test system starts the people that are more technically

literate are more likely to be the first ones to volunteer to trial a microphone test

system. This study does show how any future system is going to need to be designed

so it is inclusive of people who are less digitally literate.

35from: https://www.lexico.com/en/definition/digital_divide
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Methodology

Rather than looking at the methodology for a single experiment, this chapter will

provide an overview as to how the multiple smaller experiments that make up this

project work together to meet the overall research objectives. It would not have been

possible to do one experiment to meet all the research objectives in Section 1.2.

A number of the experiments described in this chapter required a way of measuring the

acoustic performance of a Cochlear Implants (CIs) T-Mic. Section 3.1 describes the

various measurement methodologies that were considered, each of their advantages and

disadvantages along with why one method was used for the majority of the experiments.

The rest of this chapter provides an overview of the multiple experiments that make

up this project. Figure 3.3 is a spider diagram showing each of the experiments and

what chapter they are in. The experiments are in blue boxes and the chapters are in

orange boxes.

A significant number of the experiments focus on testing Advanced Bionics T-Mics,

this was done for practical reasons. The advanced Bionics Listening Check facilitates

a direct audio output for the CI microphone making it significantly easier to conduct

the experiments. Advanced Bionics processors are in common use at the University

of Southampton Auditory Implant Service (AIS) which can supply them for testing at

various points in the microphones life cycle. Furthermore, because they detach from

the CI processor it is both financially and practically easier to stockpile reportedly

broken T-Mics for testing, due to the value of CI processors, it would not be possible

to repeatedly test such numbers of processors. Using the T-Mic means there was only

two processors needed1 and all the microphones could be attached to these processors.

1a number of the experiments were repeated with both processors to ensure the processor was not
affecting the results.
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3.1 Measuring T-Mic performance

A number of experiments require accurate frequency responses to be taken of CI mi-

crophones and there are three main ways this could be accomplished: anechoic, using

a small custom enclosure for the T-Mic or directly connecting to an Advanced Bionics

T-Mic. Each of the three options were tried, each with advantages and disadvantages.

The three methodologies are described in detail below.

Each person who uses a CI will have a plethora of settings on their CI processor that are

specific to them. While it is known that the programme specific microphone setting will

affect the listening checks audio output, it was not known which of the other settings

would affect the output. Subsequently, for all of these methodologies, when a CI was

required it was put into test settings with all the advanced features that could affect

the results disabled. For more information about which of the advanced features affect

the audio output see Section 6.2.

3.1.1 Anechoic testing

Anechoic testing works by placing a CI processor in an anechoic chamber then con-

necting it to an Advanced Bionics Listening Check that provides a 3.5mm headphone

output. This output was then connected to a computer that plays sound though a

speaker2. Just after testing, a reference microphone was put in the same location as

the CI microphone and another frequency response was recorded. These two frequency

responses3 are then deducted from each other. The CI microphone frequency response

will be a combination of a number of factors including: the microphone’s frequency

response, the response of the speaker and the room acoustics. Deducting the frequency

responses from each other should produce a frequency response that is just the T-Mic’s

performance.

This method of deducting the T-Mic’s frequency response from a second frequency

response recorded with a reference microphone can be summarized in an equation.

A is the other factors that could affect the recording including rooms acoustics and

speakers frequency response. B is the frequency response of the microphone that is

being measured. So when a frequency response of the test microphone is recorded (B)

the other factors are also being recorded (A), this is denoted in Equation 3.1 as (A+B).

When a subsequent frequency response is recorded using a reference microphone that

has a known flat frequency response, this just records the other factors (A). Therefore,

2speaker in anechoic chamber, 1m from T-Mic
3Frequency response of the T-Mic and the reference microphone frequency response
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deducting the frequency responses from each other results in just the microphones

frequency response.

(A + B) − (A) = B (3.1)

Testing microphones in anechoic chambers is exceedingly common in acoustics. How-

ever, testing in an anechoic chamber has limited relevance to CI clinicians as in a clinic

they would be testing with a significantly more space efficient set-up. Furthermore,

specialist equipment is required for anechoic testing making testing more problematic.

Also, if the reference microphone is not placed in the exact location where the T-Mic

was then this can cause results to become less accurate. This problem could grow if

comparing each microphone to a reference frequency response recorded just after each

microphone, but could be mitigated by having one reference microphone recording that

all are compared to. Differences between different reference frequency responses could

reduce the accuracy of the test and differences are more likely in the probable event

that the equipment was needed to be packed down between uses4.

3.1.2 Custom enclosure

This approach has similarities with the previous method as they both use the output

from the Advanced Bionics Listening Check to provide a 3.5mm headphone output.

However, this method does the recordings in a 3D printed custom enclosure that was

designed to have a headphone attached in one end5 and a T-Mic inserted in the other

end. Figure 3.1 shows a picture of the enclosure and plans are shown in Figure 3.2.

This approach builds on the work by Erson et al. (2020) that built a custom enclosure

that could house a small speaker, the Advanced Bionics Listening Check and a CI

processor. This then connected using a 4-pole jack to a computer that measured the

frequency response of CI microphones. While some frequency responses were recorded,

the project lacked repeatability. In order for a test box to be successful it needs to be

able to record frequency responses repeatability because you cannot record reductions

in CI microphone performance if the results are not consistent. This project did discuss

if they should have built a stand alone test box that did not require a computer,

this does have significant advantages but it would have significantly complicated the

design. The research by Erson et al. (2020) has a number of similarities with this

project including the integrated Advanced Bionics Listening Check and conducting

testing through a computer. It has emphasised the need for proving a test set-up’s

4Because anechoic chamber needed by someone else, it is not practical to leave set up for this
specific experiment all the time

5the headphone was glued in place to increase repeatability.
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Figure 3.1: Picture showing a cochlear implant connected to a Listening Check and
the custom enclosure

consistency.

The Advanced Bionics Q70 and Q90 technical specifications specify a frequency range

of 150Hz to 10,000Hz (Advanced Bionics 2013, 2015b). In Equation 3.2, c is speed of

sound (in m/s), f is the lowest frequency that the enclosure should affect and L is the

length of the enclose in meters. With the maximum distance between the T-mic and

the end of the speaker being 30mm6, equation 3.2 shows that lowest standing wave

should be at 5717Hz. This was lower than anticipated but should result in a small

increase in level at that frequency.

c

2L
= f

343

2 × 0.03
= 5717Hz (3.2)

To form a point of comparison, frequency responses from a number of known working

CI microphones were recorded. The frequency specific average was then calculated so

providing an accurate reference frequency response. Similar to the anechoic method-

ology, each microphone tested had the reference frequency response deducted from it

showing each microphones’ deviation from the reference frequency response.

6as shown by Figure 3.2
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Using a significantly smaller enclosure than the anechoic chamber did increase the risk

of the test environment interfering with the results. However, deducting the reference

frequency response7 should cancel this out. But, using a custom enclosure had the

advantage where the speaker producing the frequency response stimuli and the micro-

phone being tested were in the same place each time. This was because the custom

enclosure was designed to precisely fit an Advanced Bionics T-Mic and hold them in

place for the duration of each test. The consistent positioning of the speaker and the

T-Mic should increase the test-retest repeatability.

The anechoic methodology has limited relevance to CI clinicians or people who use CIs

as it would not be practicable for either group to have dedicated anechoic chambers for

microphone testing. In contrast, the custom enclosure methodology would be feasible

for a CI clinician or person with a CI to conduct to use. The methodology has numerous

similarities with hearing aid test boxes that are widely used in audiology clinics. Both

use small enclosures with a small speaker to measure microphone frequency responses.

3.1.3 T-Mic direct

Rather than using the output from the Advanced Bionics Listening Check, this last

methodology connected directly to the T-Mic. While the T-Mic is a specialist piece of

equipment, at its core it is a microphone. This methodology required knowledge of the

electronics required to get the microphone working and the physical connection. Both

are explained below.

The first problem was getting something that a T-Mic could be plugged into other

than a CI processor. This was done by getting accurate measurements of both the

T-Mic connector and what it attached into on the CI processor. From the accurate

measurements, a 3D model was made and printed with a supplementary connector. A

few iterations were required to get a secure connection. On the CI processor there were

two small pins that the T-Mic used; implementing these correctly into the design took

a few more iterations but the right measurements and substitute material was found.

Next the T-Mic electrical requirements needed to be determined as in order for the

microphone to operate it required the right amount of power supplied in the right way.

Furthermore, the system needed to be able to interpret the signals produced by the

microphone. This was worked out by connecting a test microphone to a CI processor

through the newly 3D printed adaptor, enabling multimeter readings to be taken.

Using these measurements a small circuit was designed that both supplied sufficient

7combination of knowing working microphones

Page 29



Chapter 3

power and produced a headphone output. The exact specifications of the circuit used

are not formally documented here due to copyright concerns, as reverse engineering of

CI processor components was required.

It is not practicable for either a CI centre or someone who uses a CI to have an anechoic

chamber for microphone testing. The custom enclosure described in Section 3.1.2 was

used to measure microphone performance as this set-up would be practicable to use

in either a CI clinic or for a telemedicine system. If this was to be used in either

environment significant modification would be required to the user interface but it is

still significantly more practicable than an anechoic chamber.

A consistent problem with the other methodologies is that the processors are required

to be in test settings with the programme using the right microphone in the right ratio8.

This is problematic as it is not common for people who use CIs to have a dedicated test

programme on their processor, making this approach outside of laboratory conditions

problematic. As this methodology bypasses the processor entirely, the results are not

affected by the processor settings, which are different for every person who uses a CI.

This is an experimental set-up consisting of a 3D printed adaptor using custom elec-

tronics and is not manufacturer approved. This could cause significant problems if

the manufacturer stops repairing microphones that have been used in this piece of

equipment. For this reason the researcher was hesitant to use this device to test a

microphone that is currently being used in a CI in case doing so voids the warranty on

either the CI processor or the microphone.

3.1.4 Summary of measurement methods

Of the three methodologies examined here, the anechoic methodology was used for two

of the experiments to obtain accurate metrics of microphone performance (Sections 6.1

and 6.2). For the remaining experiments, when a frequency response was required the

custom enclosure was used for its superior real world relevance and similarity to current

hearing aid test box measures. Table 3.1 summarises the advantages and disadvantages

of the three different methodologies.

Using an anechoic chamber ensures significant isolation from background noise which

is not present in the other two methodologies; but so long as the background noise is of

reasonable levels then this should not be a problem when using the custom enclosure

methodology. Furthermore, background sound levels were measured during testing and

8so not processor microphone 50% and T-Mic 50%
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were below 50dB SPL for all testing.

The remainder of this chapter describes the experiments that were conducted and

which methodology they used for gathering T-Mic data if required.

3.2 The problem with current testing

The first research objective laid out in Section 1.2 states “How accurate and repeatable

are subjective CI microphone checks”. Chapter 4 uses three experiments to investigate.

All the experiments conducted are shown in Figure 3.3.

A survey was sent to clinicians from the University of Southampton AIS. This asked

a variety of questions about how often they test microphones, which methods they use

for testing CI microphone performance, how often they replace microphones and more.

This was to attain information about the current status of testing in CI clinics.

If a CI microphone is suspected of not fully working then it is reported as broken.

Section 4.2 is an experiment entitled “Testing reportedly broken microphones” that uses

microphones from the University of Southampton AIS that were reported as broken.

The custom enclosure methodology9 was used to determine how many of the reportedly

broken microphones were, in fact, broken and how many are were false positives. This

determined how accurate and repeatable current methods for determining microphones

as broken are.

Different CI manufacturers offer different solutions for helping people determine if a

CI microphone is working. One option is to use a special adaptor that allows a CI

clinician to plug in a pair of headphones10 and listen to the microphones output. The

experiment entitled “Accuracy and repeatability of current tests” in Section 4.3 inves-

tigated how accurate and repeatable these subjective CI microphone checks were. Ten

microphones were placed in front of participants: four fully working, three broken and

four that were part working11. Participants sorted the microphones into three cate-

gories: fully working, part working and not working. This was done with ten normal

hearing participants and ten CIs clinicians to see if there was a difference between the

groups. The ten normal hearing participants12 simulated a normal hearing parent or

significant other of a person who uses a CIs. The CI clinicians performed subjective

microphone checks as they would if they were performing it in their clinic. This ex-

9Described in Section 3.1.2
10using a standard 3.5mm mono headphone jack
11reduced performance at different areas of the frequency spectrum
12had a hearing screening with the Digit Triplet Test (DTT)
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periment shows the accuracy and repeatability of this specific method of checking CI

microphone performance.

3.3 Implications of failure

Chapter 5 addresses the second research objective that is “What impact do partially

failed CI microphones have on speech perception?” This chapter looks at both the

outcomes of false positives and false negatives.

False positives are the microphones that were reported as broken but did not have any

detectable defect. Not replacing these microphones unnecessarily presents a significant

potential saving to NHS cochlear implant departments. In a private environment where

people who use the CI may be expected to pay for each replacement microphone it could

be a significant financial expenditure.

False negatives are microphones that do not work but are thought to be fully working.

The experiment entitled “Affect of simulated reductions in microphone performance on

people who use CI” (Section 5.2.1) applied filters simulating the part working micro-

phones to a speech in noise test. This was then used to determine how using different

part working microphones would affect speech perception.

3.4 Reference testing

While multiple companies offer devices that can be used to subjectively check the

functionality of a CI microphone, the Advanced Bionics Listening Check is designed

so a pair of headphones can be plugged in and listen to the microphone output, thus

enabling subjective microphone checks. Research objective three is “What processor

settings affect the audio output of the Listening Check?”. Chapter 6 performs various

experiments to answer this research objective.

The first experiment (Section 6.1) used the anechoic methodology (Section 3.1.1) to

objectively measure the performance of known working CI microphones. This was done

to obtain an accurate information on the baseline functionally of a CI microphones.

The next experiment, in Section 6.2, built on the prior experiments results. The

anechoic methodology was used to measure the T-Mics output with various advanced

features and with the CI processor settings changed to determine which affected the

listening checks output. This was important because everyone who uses a CI has

different settings and if these settings affect the output then results will not be directly
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comparable between CI processors belonging to different people. This will significantly

affect how results can be compared in the future.

Nothing with technology happens instantaneously, everything takes a finite amount of

time to go through the required computers and processing before getting an output,

whether it is moving a mouse on a computer or a device processing audio. The third

experiment (Section 6.3) used the custom enclosure methodology to investigate how

long it takes audio to go from the T-Mic, through the CI processor and to the Listening

Check output. This was done so it could be taken into account for any subsequent tests

to improve experimental accuracy. This will affect what stimulus should be used when

measuring the Listening Check.

The custom enclosure methodology is used for a number of experiments in this project,

so this experiment (Section 6.4) investigates how repeatable this methodology is. As

this methodology was comparing a known working microphone to another microphone,

absolute accuracy was not needed so long as the set-up was providing repeatable re-

sults. This was because a drop in performance of a microphone can be assessed by the

difference from a known working microphone. Repeatability is measured by taking a

multitude frequency responses over a period of time and comparing them to see what

the variation between them was.
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The problem with current testing

As Cochlear Implant (CI) microphones are worn on the head they get exposed to a

considerable amount of dust, moisture and airborne debris. This, in addition to general

wear and tear, causes CI microphones to break. Reductions in microphone performance

can be picked up one of two ways; by Auditory Implant Service (AIS) clinicians or by

a person who uses a CI.

When people with CIs have check-up appointments at their implant centre1 they will

undergo a series of tests which include a sound field2 speech in noise test. People with

CIs will have a baseline test on record and if the results from the test are significantly

lower, then the clinician will do various trouble shooting methods including replacing

the microphone. This method for testing has significant limitations; firstly it requires

an appointment which can be infrequent3 and hard to attend for people with CIs.

Secondly, this test methodology does not test the CI microphones in isolation but

rather a the complete system, from microphone all the way to the speech processing

in the brain. Therefore, this test offers no chance for localising a problem and in the

occasions of a sub-standard test the microphone is replaced as a precautionary measure

leading to significant numbers of false positives.

Currently when a CI microphone is reported as broken to the AIS4, if it is less than a

year old it is sent back to the manufacturer to be replaced, if older it is discarded; this

is shown in Figure 4.5. Of the microphones that get reported as broken, it is not known

how many of these actually have a fault as a considerable number of them are thrown

away. Section 4.2 provides information on an experiment that measures microphones

that would have been binned, to see the prevalence of different types of reduction in

1the exact duration between check ups will vary depending on a variety of factors including how
long they have had their CI for.

2Using speakers rather than headphones
3sometimes years between
4either by a clinician or someone else

36



Chapter 4

microphone performance.

People who use CIs might notice a reductions in microphone performance during their

normal day, such as not being able to hear someone speak in a acoustic environment

they normally can. This Listening Check device can also be used to do subjective

microphone checks by the family, friends or significant other of someone who uses a

CIs. Relying on subjective checks either by the person who uses a CI or someone

else is not ideal especially when no previous study has investigated the accuracy and

repeatability of these subjective microphone checks. This is explored in Section 4.3.

4.1 Clinician survey

When a person who has a CI is seen in a CI clinic there are a lot of things that

need to be done in the appointment. The aim of this survey was to find out baseline

information about what CI microphones checks are done in a clinic and what affects

those decision.

4.1.1 Methodology

The survey was built using Microsoft Forms in compliance with University of Southamp-

ton questionnaire guidance and ethics department5. The survey was then distributed

by email to the University of Southampton AIS clinical staff. The questions were care-

fully chosen to investigate areas that were suspected to be of importance. Below is

the complete list of questions and depending on answers to prior questions not every

person saw every question, this is shown in Figure 4.1.

1. I agree that my responses to the survey can be used in this study and I understand

that due to this survey being anonymous it is not possible to withdraw my results

at a later date.

� I agree

� I do not agree

2. When you see a patient, do you check their CI microphone?

� Yes

� No

� Occasionally

3. Only if I suspect a problem at a specific appointment (state which) other

5ERGO number: 59833
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Figure 4.1: Flowchart showing the survey questions and how they linked together
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4. Does your answer differ between adults and child patients

� Yes

� No

5. If yes, please tell us more

6. How you do tell whether a patient’s CI microphone is working? (Tick all that

apply)

� Patient’s report

� Visual inspection

� Sound field audiogram

� Speech perception testing

� Listening Check

� Other

7. If other, please tell us more

8. Do you ever replace a microphone/sound processor just in case the microphone

is not working (without doing any testing)? (we mean the actual microphone or

the sound processor – not the microphone cover)

� Yes

� No

9. If yes, what made you choose to replace the microphone/sound processor and

how often does it happen? (Please put one tick in each row.)

� Patient report

� Visual inspection

� Sound field audiogram

� Speech perception testing

� Unable to verify microphone is working

� Coming to end of warranty period

� At a specific appt (state at which appt in the text box below)

� Annually or at other interval (please specify in the text box below)

� Other (if other please specify in the text box below)

10. If other, please tell us more
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11. Approximately how often does this happen?

� Multiple times a week

� Once a week

� Once every 2 weeks

� Once a month

� A few times a year

� Never/ Less than once a year

12. Have you ever replaced a microphone even though you felt it was probably work-

ing properly?

� Yes (please specify)

� No

13. If yes, please tell us more

14. Does your answer differ between adult and child patents?

� Yes (please specify)

� No

15. If yes, please tell us more

16. Does your answer differ for different cochlear implant devices?

� Yes (please specify)

� No

17. If yes, please tell us more

4.1.2 Survey question justification and results

Rather than justifying the questions then later going over the results, each question

is justified and then the results are explained. A total of ten clinicians responded to

the survey with an average time taken to complete of 6 mins and 22 seconds6. The

first question is required for the survey to pass the University of Southampton Ethics

process.

Question two asked if clinicians check CI microphones, this was to see how often CI

microphones are checked at appointments. Of the ten participants four answered no

6Minimum 1:56, Maximum of 18:01
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and six answered occasionally. This means that none of the clinicians check the mi-

crophones for every patient. Those that answered occasionally to question two were

prompted for more information in question three. Responses to question three showed

that the clinicians who answered occasionally would ascertain from the interview if it

was necessary to check the microphone.

Question four asks if the answer to question two differs between children and adults.

This was important to determine how often different groups of people who use CIs

have their microphones checked. Seven of the clinicians said their answer did not differ

between adults and children but three said it did. When asked for more information

in question five, they said that due to children not being able to conduct some clinical

tests7 and they are unable to report problems themselves.

Figure 4.2: Survey results for the question 6: “How you do tell whether a patient’s CI
microphone is working?”

Question six asks how clinicians tell if a microphone is working, there were six options

presented (including ”other”) and they could could tick as many options as applied.

Figure 4.2 shows how many votes each of the answers got. This showed that all of

the clinicians take the patients report into account and the majority (9 out of 10) also

take into account the results from speech perception testing and sound field audiogram.

Question seven was a chance for people to write any information they want but some

of the answers to question three are also relevant. Between questions three and five,

five of the clinicians stated they would check the microphone only if there was a decline

in other test results. This is because the sound field testing8 will test all the CI system

from the microphone picking up the signal all the way to the brain interpreting the

sound. Therefore, if the results for a sound field test drop then this indicates there is

a problem somewhere in the system. In this situation, checking the CI microphone is

done to determine if the CI microphone is the cause of the reduction in performance.

7specifically Sound field audiogram
8Both speech perception testing and sound field audiogram and speech perception testing can be

done in a sound field
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Question eight asks if the clinicians replace microphones “just in case”. Six of the

clinicians said they had replaced a microphone “just in case”. An exact binomial

confidence interval shows there is a 95% chance the true population mean lies between

26.2% and 87.8%. Question nine asked those those six people that answered yes to

question eight what made them replace the microphone. As with question six, as many

options as applied could be chosen with and Figure 4.3 shows the results. The results

for this question are very similar to those of question six showing how high values placed

on patient reports and sound field testing. Question ten was a chance for clinicians to

provide more information and there were two responses, both stated if the microphone

had not been replaced in the last three months.

Figure 4.3: Survey results for question nine: “If yes, what made you choose to replace
the microphone/sound processor and how often does it happen?”

Question 11 was answered by the six people who answered yes to question eight and

asked how often this happened. There were six options ranging from “Multiple times

a week” to “Never/ Less than once a year” and the results are shown in Figure 4.4

shows the results. While one clinician did put “Multiple times a week”. The other five

clinicians put less frequent options indicating that on average, clinicians at the AIS are

replacing microphones “just in case”. The reason for the one answer “Multiple times

a week” is not known but could be due to the number and type of patients that they

see.

Question 12 asks all the clinicians if they have replaced a microphone that they thought

to be working and nine out of ten clinicians said they had. An exact binomial confidence

interval shows there is a 95% chance the true population mean lies between 55.5% and

99.7%. Thus more than half of clinicians have replaced a microphone they thought

was working. When asked for more information in Question 13 and two responses were

because the clinicians were erring on the side of caution, the other seven responses were

variations on ruling out other problems.
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Figure 4.4: Survey results for question eleven: “Approximately how often does this
happen?”

Question 14 asks if the results differ between adults and children, two clinicians an-

swered yes. When asked for more information in Question 15, one of the clinicians

said they were more likely to replace with children as they cannot self report problems

themselves as well.

Question 16 asks if the answer differs for different CI manufacturers, five answered

yes and five answered no. When asked for more information in next question four of

the five that said yes to Question 16 said they were more prone to replace Advanced

Bionics T-Mics with one. The remaining clinician9 said that the CP810 and CP910

microphone covers were more prone to getting blocked.

4.1.3 Summary

Six out of ten clinicians replace microphones “just in case” every one or two months

and nine out of ten clinicians replace microphones they thought could be fully working.

These results show a lack of confidence by clinicians in CI microphone performance.

The clinicians cannot be sure if the microphone is fully working and they do not want a

broken microphone to negatively impact the auditory life of a person who uses CIs. The

number of microphones replaced “just in case” likely results in a significant number

of microphones that have been reported as broken yet are fully working, the next

experiment investigates this (Section 4.2).

Sending this survey out to a larger number of CI centres would have been preferred

but when the experiment was started there was not sufficient time to go through the

National Health Service ethics process that would have been required.

9Of the five that answered yes to Question 16, with the other four saying Advanced Bionics.
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4.2 Testing reportedly broken microphones

The previous experiment showed a significant number of microphones are replaced in

the CI centre as a precautionary measure. In this experiment Advanced Bionics T-Mics

that were reported as broken at the University of Southampton AIS were tested. Their

performance was objectively measured to see how many are false positives.

4.2.1 Methodology

As stated at the start of Section 3, this experiment focuses on T-Mics for practical

reasons. This experiment took the microphones that were reported as broken and more

than a year old, which would have been discarded, as shown by Figure 4.5. Frequency

responses for the microphones were collected using the Listening Check device then

comparing the frequency response to known working microphones.

Microphone
reported
as broken

is micro-
phone > 1
year old

Sent to man-
ufacturer

Binned

yesno

Figure 4.5: Flow chart showing the Auditory Implant Service protocol for broken T-
mic

While it is known that the current programme on a CI processor will affect what micro-

phone is being heard from the Listening Check device, it is not currently known what

affect changing the processor settings would have on the audio output10. Therefore,

the CI processors that were used for testing were locked to the T-Mic and has many

settings and advanced features disabled.

Measurements for this experiment were done using the custom enclosure methodology

as described in Section 3.1.2. White noise was used as an auditory stimulus as this

enabled the entire frequency range to be tested simultaneously while not being affected

10But this is investigated in Section 6.2
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by the time delay that the Listening Check introduces11. This meant that white noise

could be played and microphone data could be recorded the entire frequency spectrum

multiple times a second increasing the number of measurements points. Frequency

responses were recorded every 50ms for 30 seconds, then the average frequency response

was taken for each microphone.

Originally JavaScript was used to measure the frequency responses as this is a com-

monly used programming language on the internet. This would likely have made rolling

out a test to people with CIs easier and quicker. However, the JavaScript audio inter-

face system is complex with additional stages of digital signal processing that cannot

be bypassed making testing less accurate and repeatable. Subsequently, python code

was written that both played white noise and recorded the audio output.

The reference frequency response that this experiment compared other experiments to,

was an average of the 53 frequency responses from the repeatability testing in Section

6.4, in addition to four further frequency responses from new working T-Mics. Fre-

quency responses of the reportedly broken microphones were compared to the reference

frequency response and the results are shown as a frequency differential graph.

4.2.2 Results

Objective frequency responses were recorded for 30 microphones using the methodology

described in Section 3.1.2, the frequency responses were then compared to four brand

new known to be working microphones to determine functionality. 2 (7%) of the

microphones were broken in two so clearly would not have an output. 6 (20%) of

the microphones had no detectable output so were completely not working. 2 (7%)

microphones only worked some of the time so behaved intermittently. 17 (57%) of the

microphones had frequency responses within ±3dB of the reference frequency responses

so were fully working. The final 3 microphones (10%) did have an audible output

but the frequency response was at least 3dB below the reference frequency responses.

These results are summarised in Table 4.1 and the maximum, minimum and average

deviation12 from reference values for each of each microphone is in Table 4.2.

It has not been shown how accurate this set-up is with respect to absolute dB levels but

it can repeatability measure microphone performance13, which is important. As Section

6.4 found the test set-up had an approximate deviation from reference of under ±2dB.

It is therefore highly likely that any microphone getting within ±3dB of reference is

11See Section 6.3
12Measurements between 100Hz and 10kHz, mean averages
13as shown in Section 6.4
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Table 4.1: Objective performance of reportedly broken microphones

Type Number (%) Description

Working 17 (57%) All values within ±3dB of reference
Partially working 3 (10%) Some values at least 3dB below target

Intermittent 2 (7%) Worked some of the time
Not working 6 (20%) No measurable output

Broken in two 2 (7%) Not measured. Clearly would not have output

Table 4.2: Microphone difference from reference response

ID Average Min Max ID Average Min Max

1 -0.21 -2.43 1.66 17 -30.77 -25.67 -39.67
2 -0.26 -2.44 2.27 18 -0.25 -2.27 1.8
3 -0.02 -2.66 1.95 19 -56.36 -69.02 -28.06
4 -0.22 -2.32 1.63 20 -0.06 -1.83 1.82
5 -0.32 -2.94 2.1 21 -30.77 -25.67 -39.67
6 -0.32 -2.34 1.72 22 -0.28 -2.64 1.82
7 -56.37 -69.05 -28.01 23 -0.16 -2.2 1.96
8 -0.28 -2.98 1.69 24 -55.66 -69.71 -27.62
9 -0.26 -3.03 2.39 25 -3.95 -18.16 0.94
10 -0.14 -2.09 1.37 26 -0.16 -2.32 1.6
11 -39.37 -66.57 -28.23 27 -56.37 -69.14 -28.03
12 -0.03 -2.26 1.83 28 -0.48 -3.52 2.06
13 -55.64 -69.13 -27.62 29 -0.06 -2.15 1.51
14 -0.09 -2 1.93 30 -24.21 -60.61 -14.69
15 0.02 -2.05 1.8
16 -0.03 -1.89 1.7

still fully working. Approximately 60% of the microphones tested were within ±3dB

(peak) of the reference responses and ±0.5dB (average). These were all microphones

that were fully working and no reason could be found why they could not be used

clinically.

4.2.3 Summary

With 57% of the microphones performing within 3dB of reference values, the current

method used clinically for identifying the microphones that need replacing sends a sig-

nificant number of working microphones to be replaced. The exact confidence interval

is 39% to 74% showing that of the microphones that the AIS sent for replacement,

between 39% and 74% were working. This was lower than anticipated as clinicians

often said the microphones were replaced “just in case”, especially in paediatrics.

Of the two microphone that were identified by subjective tests as being intermittent,
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one tested fully working, which shows that objective tests have their limitations but an

intermittent microphone fault is likely to be noticed by the person who uses the CI. If

a person who uses a CI says there is a microphone problem it would still be advisable

to replace the microphone, regardless of the objective test outcome, until an objective

test can be shown to identify intermittent microphones consistently.

The impact of false positives cannot be ignored though, with each microphone costing

more than £140, departments stand to save significant amounts of money if the number

of false positives can be reduced. There is also the impact on the people who use

CIs to consider, replacing microphones unnecessarily will cause significant effort for

some people who use CI, especially if they are unable to change their own microphone

necessitating a need to make a trip to their implant centre that could be hours drive

away.

This experiment only tested microphones that had been reported as broken and were

more than a year old, as shown in Figure 4.5; microphones that were less than a year

old were sent back to the manufacture under warranty. While an exact number of

microphones that were sent for replacement was not available; between June 2019 and

June 2020 the AIS ordered 267 new microphones and this does not include the T-Mics

that are included with new CI processors. If 57% of the 30 microphones tested were

fully working, it would seem reasonable that a higher percentage of microphones would

be working for the microphones that are less than a year old.

4.3 Accuracy and repeatability of current tests

This experiment was conducted aiming to measure the accuracy and repeatability of

getting untrained, normal hearing people to subjectively measure how well CI processor

microphones were working. This was necessary because it is one of the few ways of

measuring CI microphone performance.

4.3.1 Methodology

Each participant did the Digit Triplet Test (DTT) before starting the study, to check

that each participant had normal hearing. In clinic partners or family members do

not have any listening checks done before doing any microphone checks. Pure Tone

Audiometry (PTA) was a viable alternative screening test but DTT was chosen for

practical and time concerns. The DTT is a viable screening test with multiple stud-

ies proving the tests accuracy both in clinics and when using a plethora of different

hardware (Ozimek et al. 2009, Cullington & Aidi 2017).
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Figure 4.6: Picture of the ten labelled microphones.

Figure 4.7: Ten labelled microphones as presented to participants with the labelled
pieces of paper

Ethics approval was obtained from The University of Southampton (ERGO: 49657)

and participants were recruited from around the University of Southampton because

this is an abundant source of normal hearing test participants.

Each study participant was then presented with T-Mics which were labelled ”A” to

”J”. Three pieces of paper were placed before each participant labelled ”fully working”,

”completely broken” and ”part working”. Each of CI microphones had a randomly

assigned letter ensuring there was no obvious patten14 with the labelled microphones

shown in Figure 4.6. Figure 4.7 shows the microphones next to the pieces of paper as

they were presented to each participant. The microphones were assigned their letters by

a third party who did not conduct the test, therefore eliminating any subconscious hints

that the researcher could have accidentally given participants. The ten microphones

were divided into three categories which are listed below:

� Fully working: A microphone that sounds normal at all frequencies

14such as the working microphones being D, E and F
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� Part working: A microphone that may only be working at some frequencies (eg

weaker low frequencies or weaker high frequencies) or might only work some of

the time.

� Not working: A microphone with either no output at any frequency or where

only electrical noise is heard (such as humming).

In real world situations clinicians or the significant others of people who use CIs will, if

subjectively checking the functionality of a microphone, usually only listen to it for a

few seconds before judging if the microphone is fully working, partially working or not

working. For this reason test participants took longer than 20 minutes to categorize

the ten microphones, they would be asked to stop. While two minutes is longer than

someone would likely spend testing an individual microphone, rushing test participants

may negativity impact results. 20 minutes was a compromise between giving people a

realistic time frame to categorise the microphones while not allowing participants so

much time as to reduce the real world applicability of the experiment.

Figure 4.8: Graph showing the frequency responses for the ten microphones that were
presented to test participants

The working and partially working microphones were both sourced from the supply of

reportedly broken microphones provided by the University of Southampton AIS. Each

microphone sourced this way was thoroughly checked for visual defects that could

provide a visual indication on the functionality of a microphone15.

Figure 4.8 shows the frequency responses for all the microphones that were used for

testing. Four of the microphones were new and known to be working. The intermit-

tent microphone had a normal response at times, but at other times would not work

at all. The ‘Partially working’ microphones had varying frequency responses that were

15such as a partially or completely broken cable
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chosen to represent a broad range of frequency responses. ”Resp 1” have a frequency

response close to reference between 1.5kHz and 7kHz. ”Resp 2” having reduced perfor-

mance above 1.5kHz and negligible performance below 1.5kHz. ”Resp 3” had a similar

response to ”Resp 2” only a bit more severe.

Table 4.3: Frequency response deviation from reference recorded prior to testing.

Microphone ID Average deviation be-
tween frequency responses
recorded before and after
testing (in dB)

Working 1 1.7
Working 2 1.2
Working 3 1.3
Working 4 2.1
Partially 1 1.9
Partially 2 0.9
Partially 3 1.4

Intermittent 30
Not Working 1 1.8
Not Working 2 1.6

Frequency responses for all the microphones were recorded before and after testing. Ta-

ble 4.3 shows the maximum deviation in frequency response between the measurements

for each of the tested microphones. For example, a value of 1.7dB indicates that the

maximum deviation from frequency response recorded prior to testing between 100Hz

and 10Hz was 1.7dB.

4.3.2 Results

Ten participants were recruited from around the University of Southampton campus

and all passed a DTT screening test. Once testing had finished, the ten microphones

were retested upon the completion of testing and the results were within ± 1.7dB of

their previous results16 except for the intermittent microphone. This microphone broke

completely at some point in during the testing process, therefore, due to it’s changing

performance it has been excluded from all data analysis. There was also little between

subject variability (P=0.9616)17.

Of the two “Not working” microphones presented to the participants, all ten partici-

pants identified these microphones correctly with 100% accuracy. This is not surprising

16At all measured points between 100Hz and 10kHz
17Logistic regression
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because all they needed to do was determine if they could hear anything or nothing.

For the three “Partially working” microphones, the average accuracy for all ten partic-

ipants was 40% but Table 4.4 is an error plot showing the total number of microphones

in each category presented to the participants. In brackets are the percentage of the

presented microphones that were put into each response category. The error plot shows

participants were twice as likely to categorise a “Partially working” as “Not working”

than as “Working”.

Table 4.4: Subjective microphone check error plot.

Response

Working
Partially
working

Not
working

Presented

Working
30
(75%)

8
(20%)

2
(5%)

Partially
working

5
(15%)

12
(38%)

13
(46%)

Not
working

0
(0%)

0
(0%)

20
(100%)

The “Working” T-Mics were identified correctly 75% of the time (P< 0.0001)18. The

fully working category is made up of two different microphones, three new and one

good as new. The good as new microphone had a frequency response within 0.5dB

of the new microphones yet Table 4.5 shows it was marked as fully working only

once out of ten times. The difference between the “Good as new” and “Partially

working” microphones was not statistically significant (P=0.6724)19. “Estimated odds

ratio for” “Good as new” vs “Partially working” = 0.333 meaning the “Good as new”

microphones less likely to be classed as working, i.e. the wrong way around); 95%

confidence interval (0.005, 3.814). The T-Mics come out of the factory white but after

being used they tend to get slightly discoloured. This slight visual difference between

the “Working” and “Good as new” could have effected the results. If participants

noticed this visual difference either consciously or subconsciously then they might have

assumed the microphones that had no discolouration were the “Working” microphones.

However, this cannot be determined without further testing.

18Exact logistic regression, including participant and microphone type as factors.
19Exact logistic regression, including participant and microphone type as factors.
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Table 4.5: Subjective microphone check error plot with separate good as new

Response

Working
Partially
working

Not
working

Presented

Working
29
(97%)

1
(3%)

0
(0%)

Good as
new

1
(10%)

7
(70%)

2
(20%)

Partially
working

5
(15%)

12
(38%)

13
(46%)

Not
working

0
(0%)

0
(0%)

20
(100%)

4.3.2.1 Results from clinicians

Once the results from the 10 participants had been analysed, some changes were made

to the microphones that were presented and then CI clinicians did the same experi-

ment using the updated 10 microphones. The changes to the presented microphones

are outlined in Table 4.6. The number of “Good as new” microphones included was

increased from one to two as this would enable more accurate comparison between

the “Working” and “Good as new” microphones. There was four “Partially working”

microphones tested but due to the intermittent microphone failing this was decreased

to three included microphones. The number of not working microphones remained

unchanged from the previous testing.

Table 4.6: Table showing the ten microphones that were presented to cochlear implant
clinicians who participated in the study

Category Sub-Category Quantity Notes

Working
New 3 Same as previous

Good as new 2 1 more than previous
Partially
working

n/a 3 Was previously 4 but inter-
mittent microphone was ex-
cluded

Not
working

n/a 2 Unchanged

The plan was to test ten CI clinicians from the University of Southampton AIS; how-

ever, the COVID-19 lockdown resulted in testing being halted after only four clinicians

has completed the test. But for the participants tested there was little between par-
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ticipant variability (P=0.6103)20.

Table 4.7 shows the error plot of the four clinicians that completed the experiment.

As with the previous ten participants “Not working” microphones were identified with

100% accuracy. CI clinicians were more accurate at correctly categorising “Partially

working” microphones with an accuracy or 67% compared to 38% for the other partic-

ipants. The CI clinicians had a lower accuracy than the other participants and were

more likely to mark a “Working” microphone as “Partially working”21.

Table 4.7: Subjective microphone check error plot for cochlear implant clinicians

Response

Working
Partially
working

Not
working

Presented

Working
12
(60%)

7
(35%)

1
(5%)

Partially
working

2
(17%)

8
(67%)

2
(17%)

Not
working

0
(0%)

0
(0%)

8
(100%)

How likely a clinician is to replace a microphone that is fully working can be calcu-

lated from these results by dividing the total number of times a “Working” microphone

was categorised incorrectly by the total number of times that type of microphone was

presented. This results in a 40% chance of a “Working” microphone being replaced un-

necessarily. Also the results show that there is a 16.7% chance of a “Partially working”

microphone being marked as fully working. The difference between the “Working” and

“partially working” was statistically significant (P=0.0363)22. The difference between

“Good as new” and “Partially working” was not statistically significant (P=0.2069)23.

4.3.3 Summary

Chronologically this was the most recent experiment and the COVID-19 lock-down

caused testing to be suspended, because of this only four of the ten planned CI profes-

sionals were tested. While testing only part of the participants was not ideal from an

experimental prospective but unavoidable.

For this experiment, using new or good as new microphones is a compromise and using

20Logistic regression, including participant and microphone type as factors.
2138% compared to 20%
22Exact logistic regression, including participant and microphone type as factors.
23Exact logistic regression, including participant and microphone type as factors.
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both has advantages and disadvantages. Good as new microphones are extensively

tested and values compared to new known working microphones. There is no way

of being 100% certain that these microphones are fully working as they could have

reduced performance in a way that a frequency response does not detect. Therefore,

having a few new microphones tested alongside good as new microphones ensures that

fully functional microphones are categorised. They will also have the same slight dis-

colouration that the other microphones have. However, having some new microphones

among those being categorized increases the validity of the experiment.

In many areas CIs are cutting edge technology but the experiments in this section

outline this specific area where CIs are significantly behind Hearing Aids (HAs). In

audiology clinics there is common to have devices that can objectify measure the func-

tionality of HA microphones. However, CIs clinics lack this functionality and the

experiments in this section has shown the inaccuracy of current tests for determining

how well CIs microphones are working.

4.4 Chapter summary

The experiments in this chapter were designed to answer the first research question

from Section 1.2 that is “How accurate and repeatable are the current methods for

identifying CI microphone failures?”

The first experiment in Section 4.1 conducted a survey on CI clinician survey from

the University of Southampton AIS. This showed that while CI clinicians have a

cautious approach to replacing microphones with 60% of clinicians reported replacing

a microphone that they thought was working. If they cannot be sure that a microphone

is working then they replace it just in case. Would microphones be replaced so often

with such a precautionary attitude if the person who uses the CI needed to pay for the

microphone? Due to the majority of the AIS patients being from the National Health

Service there is no cost to them. However, if they were in a situation where the people

who use CIs had to pay for each replacement would the same precautionary approach

be taken?

The next experiment in Section 4.2 objectively measured the performance of micro-

phones that had been reported as broken. 59% of the microphones were found to be

within ± 3dB of known working microphones. This supports the findings of the first

experiments that a significant number of microphones are replaced just in case.

How accurate subjective listening checks are at categorising CI microphones is evalu-
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ated in Section 4.3. Both the control group and the CI clinicians were able to correctly

identify the “Not working” with near 100% accuracy but the ability to differentiate be-

tween the “Partially working” and “Working” microphones was not so clear cut. During

testing, CI clinicians marked the “Working” microphones as “Partially working” 35%

of time which is significantly higher than the 20% that the other ten participants did.

This supports the findings of the other experiments in the chapter, that clinicians

take a cautious approach to replacing microphones; if they cannot be certain that the

microphone is fully working then they replace it.

Section 4.3 showed that the four clinicians tested had a 40% chance of categorising a

“Working” microphone as either “Partially working” or “Not working”. This is lower

than the 59% of microphones from the AIS that were reported as broken yet found

to be fully working. However, this difference is likely a result of clinicians taking a

precautionary approach to microphone replacement. If there is any sign of a microphone

not working when talking with a person who uses a CI then they will likely replace the

CIs microphone just in case.

Section 4.3 also showed that if a clinician is subjectivity evaluating microphone perfor-

mance then there is a 16.7% of the microphones being categorised as “Working”. As

shown in Figure 4.8 the “Partially working” microphones had extreme reductions in

performance of more than 15dB; the value of 16.7% is likely higher when less extreme

frequency losses are considered. What are the implications to people who use CIs of

using a partially working microphone?

Page 55



Chapter 5

Implications of failure

As the previous chapter has shown, the methods currently being used in Cochlear

Implant (CI) clinics to assess how well CI microphones are functioning are not perfect

and can result in microphones that are fully working being marked as not working or

microphones that are partially being distributed to people who use CIs. This chapter

looks at the implications of both outcomes on the CI centres and those people that use

CIs.

5.1 Rejected working microphones (False positives)

These were the microphones that were fully working yet had been reported as broken.

The previous chapter has shown that this happens a significant percentage of the time.

As the T-mics that were used for the experiments each cost over £140 to replace, and

with 60% of the reportedly broken microphones being fully working1, there is significant

expenditure to the CI department that could potentially be avoided.

False positives likely cause significant hassle for people who use CIs and/or their par-

ents/carers. If a microphone is suspected to not be working, then people may need to

take time off work to travel to their implant centre to get the microphone replaced. If

they have the dexterity to replace their own T-mic they would need to contact their

implant centre and get a replacement posted to them, as well as posting their current

microphone back. While being less hassle than a dedicated trip to the implant centre,

it still takes time for the post, along with the effort and inconvenience and cost of the

process. There is also the option of just the processor being posted to the CI centre

where they can replace the microphone and post it back. However, this leaves the CI

user without a CI processor for a few days, which is not ideal.

1Section 4.2
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5.2 Unidentified defect (False negatives)

The false negatives were the microphones that were thought to be working but were

not and therefore continued to be used by a person who uses a CI. The severity of

the impact on a person who uses a CI will depend on the specific frequencies that

are reduced by what amount. For example, a microphone that has no response at

any frequency will have significantly more impact than a microphone that only has a

minimal reduction in performance above 8kHz.

Figure 5.1: Diagram showing the frequency and loudness of a variety of speech sounds
and environmental sounds, also known as the Speech banana

(from: ndassistive.org)

Different frequencies are known to have different levels of importance to understanding

speech and a common diagram used for this in Audiology is the speech banana which

is shown in Figure 5.1. This diagram shows where a variety of sounds such as “b”,

“sh” and “th” are in relation to both intensity (vertical axis2) and frequency (hori-

zontal axis). The yellow shaded area on the diagram encompasses the area required

for understanding speech. Several examples of environmental sounds such as birds,

watch ticking and dogs barking are also shown on the digram. The speech banana lies

2With normal hearing biting at the top of the graph
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between 130Hz and 5kHz. However, it is possible to understand speech with a nar-

rower frequency range as evidenced by the fact that telephones still frequently transmit

exclusively from 300Hz and 3.4kHz (Bauer et al. 2013).

5.2.1 Effect of simulated reductions in microphone perfor-

mance on people who use cochlear implants

To determine the effect that different microphone failures have on people who use CIs,

an experiment was conducted where degradations in microphone performance were

simulated and the effect on perceived speech was identified.

5.2.1.1 Methodology

During this experiment two different speech tests were used. At the start of each

experiment each participant had their hearing screened using the Digit Triplet Test

(DTT) to ensure that all of the participants hearing was within normal limits. The

DTT is well documented and has been shown to work all around the world including

Australia (Myles 2017), New Zealand (Greville 1984, Purdy et al. 2000), South Africa

(Wilson et al. 1998) and the UK (Westhorp 2009).

To work out the affect of reductions in microphone performance the Arthor Boothroyd

speech test was used next which works by presenting lists of ten words in Background

Noise (BGN), each word having three phonemes. For each phoneme a participant could

repeat correctly they scored a point, meaning that each list of ten words was scored

out of 30 points total. For example if the word was “cat” and the participant said the

word “Mat”, as the “a” and “t” was correct they would have scored two points for that

word. Ten word lists were used for this experiment these are listed below.

List one: ship, rug, fan, cheek, haze, dice, both, well, jot, move.

List two: fish, duck, path, cheese, rice, hive, bone, wedge, log, tomb.

List three: thug, witch, teak, wrap, vice, jail, gen, shows, food, bomb.

List four: fun, will, vat, shape, wreath, hide, guess, comb, choose, job.

List five: fib, thatch, sum, heel, wide, rake, goes, shop, vet, june.

List six: fill, catch, thumb, heap, wise, rave, got, shown, bed, juice.

List seven: badge, hutch, kill, thighs, wave, reap, roam, goose, not, shed.

List eight: bath, hub, dig, five, wave, reach, joke, noose, put, shell.

List nine: hush, gas, thin, fake, chime, weave, jet, rob, dope, loose.

List ten: jug, latch, wick, faith, sign, beep, herm, rod, vote, shoes.

Five different reductions in microphone were simulated which are shown in Table 5.1.
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The first filter serves as a reference setting with the words’ frequency response limited

to the same frequency response that a T-mic has (Section 6.1). The second filter’s

frequency response was limited to 100Hz to 3.4kHz to simulate the reduced frequency

range of telephones. The third filter removed frequencies below 1kHz as a number of

the reportedly broken CI microphones from Section 4.2 presented frequency responses

like this. Figure 5.2 is a graph that shows visual representations of the 5 filters; the

graph shows some difference between the filters at 0dB however, this variation was

added to the graph to better visually differentiate between the filters. A number of

the microphones from the experiment in Section 4.2 had deteriorating high frequency

performance so filters four and five remove frequencies above 5 and 8kHz respectively.

Table 5.1: Acoustic filter settings for phoneme recognition testing

Number
Signal to Noise Ratio
(SNR)

High pass
filter (Hz)

Low pass filter (kHz)

1
-6

100 9.8
-12

2
-6

1k 9.8
-12

3
-6

100 3.4
-12

4
-6

100 5
-12

5
-6

100 8
-12

A background noise was played at the same time as the words and testing was done

at two different SNRs in order to ensure the results were able to show the differences

in performance that the simulated microphone failures could induce. If a SNR was

used that produced a baseline response3 of 15% for example, this would show increases

in performance, but it would not show if any of the filters decreased performance.

Testing at two SNRs mitigates this issue as a more difficult SNR with a lower baseline

has a considerable range to show increases in performance and an easier SNR can

be used to show reductions in performance. These exact SNRs were worked out by

reviewing previous research and some initial trials of just the reference lists at both

SNRs (Boothroyd & Nittrouer 1988). Another option would be to do a test before

that varies each participants SNR to find a level where they get approximately 50%

correct; however, this would increase test duration and mean testing each participant

at different SNRs.

3from filter one
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Upon hearing a word each participant was given the option to either say the word out

loud so the tester would enter the word into the computer, or the participant typed

the word in themselves. All of the participants chose to type the words themselves.

The complete list of data that was recorded is listed below with examples in brackets.

The system did not automatically mark how many phonemes were correct but after

the testing the presented word and response word were compared and marked.

� Overall order that the words were presented in. (23)

� The word list that was being presented. (List 7)

� Which filter was applied to the word list. (Reference)

� SNR. (-6)

� The word that was being presented. (Cat)

� The stimulus word position in word list. (3)

� Participants response. (Mat)

� points (2) [This was done manually after testing]

Testing was done from a laptop using Audio-Technica® ATH-M40x headphones which

had been calibrated to output the speech stimuli at 60dBA SPL4 with the background

noise playing between -6 and -12 dB5 depending on the SNR that was being tested. A

python script randomised the order that the word lists were presented in addition to

hiding this order from both the tester and the participant, making this a double blind.

Initial trials were run with a limited number of participants to check that the reference

settings for both SNRs was resulting in a phoneme accuracy between 10% and 90% so

the filters changes could be detected. These initial trials showed that the SNRs had

the required baseline accuracy. Also during these trials the other filter settings were

tested as well, which gave some strange results. They found no different at all between

all of the filters: research showed that the filters were not being applied accurately or

to the extent that was desired. In order to mitigate this issue, each of the filter settings

were applied directly to the word list, resulting in consistent and highly accurate filters.

While this did mean that during this experiment each filter was only tested on one list

of words, half way through the testing which filter was applied to which word list was

re-randomised to minimize any issue this may have had on the results.

4Peak
5Meaning that the background noise was either 6 or 12 dB louder than the words
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The number of participants required was calculated before the experiment by assuming

a mean difference of 8 and a standard deviation of 10. A paired t-test with alpha=0.05

and 95% power would require a sample size6 of 20. Ethics approval was obtained from

The University of Southampton Ethics and Research Governance (ERGO 46903).

5.2.1.2 Results

Figure 5.3 shows the phoneme accuracy ± 1 standard error for each of the five filters

at both of the testing SNRs. The Y axis is the phoneme accuracy for the word list

and the X axis being the different filters. The two tested SNRs are represented by

different shades. The reference filter (1) had an average accuracy of 56% and 25%

for SNR -6 and -12 respectively. The second filter only presented sounds above 1kHz

and with average accuracies of 60% and 27% for SNR -6 and -12 respectively, this is

no significant change from the reference filter. As Figure 5.1 shows, about half of the

speech sounds are above 1kHz and it is possible that the brain is managing to work

out the sounds it cannot hear by guessing based on context.

The third filter simulates the same frequency response that phones have used for

decades 100Hz to 3.4kHz. With average accuracies of 66% and 35% for SNR -6 and -12

respectively, this is better than the reference filter but not by a statistically significant

margin. This filter not worsening phoneme recognition is not surprising as the fact that

people have been understanding speech on phone calls for years is evidence that the

brain can understand speech even with the narrower presented frequency range (Jax

& Vary 2000). As the background noise was put through the same filter it is probable

that the slightly increased phoneme accuracy can be attributed to the frequencies above

3.4kHz having little speech information in them but abundance of background noise

in them. Furthermore, as the change in average phoneme accuracy is not statistically

significant it is possible that the difference is caused by the test re-test variability.

Filters four and five presented sounds below 5kHz and 8kHz and, as with the third

filter, there was some deviation from the reference results but none of these deviations

were statistically significant. As shown in Figure 5.1, there are negligible speech sounds

above 5kHz, so in hindsight, these two filters not having a statistically significant effect

on the average phoneme recognition is not surprising.

6Sample calculator used (Kane 2019)
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5.3 Discussion

An alternative type of speech test that could have been used is a sentence based speech

test. Speech tests such as the Bamford-Kowal-Bench (BKB) speech test (Bench et al.

1979) or the Hearing in Noise Test (HINT) (Nilsson et al. 1994) are similar to the word

test but instead of presenting individual words, they use entire sentences as stimuli.

It has been shown that having context for speech stimuli can affect the results, as the

sentence structure can be used to work out hard to hear words (Duffy & Giolas 1974,

Giolas et al. 1970, Kalikow et al. 1977). Using a word based speech test removes these

contextual clues that can affect the results (Boothroyd 1968, Boothroyd & Nittrouer

1988).

5.4 Summary

Research question two states: “What impact do partially failed CI microphones have

on speech perception?”. This was investigated through an experiment that presented a

speech stimulus in BGN that had been run through different filters. These filters were

chosen to test the effect that reductions in CI microphone performance in different

frequency ranges would have on speech recognition. This experiment showed that a

reduction in microphone performance in certain frequency ranges does not always lead

to reduced speech recognition. The results might have been different if a CI simulator

was used on each of the participants, but the participants would not have been used

to listening to speech through a CI simulator so this could have affected the results in

unpredictable ways. This experiment also only looked at speech sounds and, as shown

in Figure 5.1, there are a plethora of other environmental sounds that could affect the

quality of lives of people who use CIs.

Page 64



Chapter 6

Reference testing

This chapter takes a detailed look at the Advanced Bionics listening check by doing

a series of objective acoustic tests, firstly keeping the Cochlear Implant (CI) proces-

sor in test settings while frequency responses were recorded in an anechoic chamber.

Next, remaining in the anechoic chamber, a series of settings on the CI processors were

changed to see which affected the listening checks audio output. Then the repeatability

of frequency response recorded though the Advanced Bionics listening check was as-

sessed. Finally the delay between putting an input into the CI processor and getting an

output from the listening check was measured. These experiments were done to attain

baseline information on the acoustic performance of the CI microphones that would

inform other experiments and to answer the third research question: “What processor

settings affect the audio output of the Listening Check?”

6.1 Anechoic chamber testing

Baseline acoustic performance of Advanced Bionics Náıda Q70 CI processor when con-

nected to a listening check was ascertained. This was to identify the acoustic charac-

teristics which will be useful to know for future experiments. CI microphones do have

a limited frequency response and knowing these accurately will also help enable future

experiments to focus on the relevant frequency range.

6.1.1 Methodology

Advanced Bionics Náıda Q70 processors were used for testing in conjunction with

an Advanced Bionics Listening Check which provides a mono 3.5mm audio output.

Three distinct settings of the CI processors were tested, which are shown in Table

6.1: test settings consisted of all advanced features off1 and linear dynamic processing.

1clear voice, wind block, sound reflex and echo block all off
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Programmes two and three used these test settings with the only exception that pro-

gramme two had clear voice set of medium, which is Advanced Bionics noise reduction

system.

Table 6.1: CI programme list used for anechoic testing.

Programme
number

Microphone Notes

1 T-mic Test settings
2 T-mic Clear voice on
3 Processor microphone Test settings

The anechoic methodology was used as described in Section 3.1.1. A pure tone sweep

was played using a reference speaker from 20Hz to 20kHz2 with the response first

being recorded using a reference microphone in an anechoic chamber. The reference

microphone was then replaced by the first CI processor recording frequency responses

in all three programmes.

The reference frequency response (B) was deducted from the frequency response for

each programme (A) and converted to a dB scale using Equation 6.1. This is because

the reference microphone will record the stimulus that had been affected by the speaker

and computers audio interface; taking this response from the CI processor response

negated these effects.

(A−B) − 20 log10(20 × 10−6) (6.1)

6.1.2 Results

Figure 6.1 shows the frequency responses for the three CI processor programmes. Below

50Hz and above 9.5kHz the microphone failed to get any response, which is approxi-

mately the stated input frequency range of a CI, and therefore not surprising3. The

three tested programmes had similar responses below 2kHz but above this frequency

there were differences of up to 11dB between the frequency responses.

6.1.3 Summary

Testing using a reference microphone was an efficient way of measuring an accurate fre-

quency response but the accuracy of this measurement system is dependent on getting

the microphones of the CI precisely where the reference microphones diaphragm is. Us-

ing a simultaneous referencing system where the CI processor and reference microphone

296 frequencies per octave at 48,000 per second
3Advanced Bionics Náıda Q70 Technical specifications
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are placed as close as possible during testing, recording both response simultaneously,

might have marginally increased test accuracy.

All the measurements were taken from a single CI processor which is a single factor

that could affect all the results. Ideally all the experiments would have been repeated

on a second processor which would have both tested repeatability and eliminated any

effect that a single CI processor could have on the results. Subsequent experiments will

be repeated on at least one other CI processor which should increase the comparability

of CI processors that are commonly used.

The Advanced Bionics listening check adaptor is affected by the current programmes

microphone selection; this is known and stated in the product documentation. However,

it can be concluded from the testing done that the Advanced Bionics listening check

adaptor is also affected by some of the CIs advanced feature settings. How much these

affect frequency responses measured through the Listening Check would require further

investigation.

6.2 Effect of cochlear implant settings on listening

check output

The listening check is a device that provides a headphone output to an Advanced

Bionic CI. However, each person who uses a CI has settings that are specific to them,

and it is not known what effect these settings have on the listening checks output.

This is important to ascertain as it will significantly affect the future usability and real

world use cases of the listening check. If none of the settings affect the listening checks

output then results should be more consistent between people who use CIs. Meaning

that regardless of what settings a person says on their CI processor the Listening Check

output will be consistent. On the other hand, if various settings affect the listening

checks output then this will limit the real world usability of the device for objective

testing. Settings affecting the output of the Listening Check would mean that there

will be limited comparability between CI processors with differing settings4.

With each of the CI processors having multiple microphones (Shown in Figure 1.2)

it is known that the Listening Check will use the current CI processors programmes

microphone ratio. In other words, if a CI has two programmes; one with 100% T-mic

and two with 100% processor microphone, then if the CI processor is on programme

two through a Listening Check you will hear only the processor microphone.

4Including a CI processor on different programmes.
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There are a variety of settings that change for each individual person who uses each

CI. The following paragraphs will explain each of these filters before explaining an

experiment that will determine which of these settings affect the Listening Checks

headphone output.

6.2.1 Map Levels

The first of these settings is the map5 which defines the dynamic range, which is

significantly lower than that of someone with normal hearing (Waltzman et al. 2000,

pg. 50). To compensate for this multiple dynamic processors (such as compressors) are

used to reduce the dynamic range of the signal. The settings of the dynamic processors

will be affected by the map as the map forms the required dynamic range for the output.

6.2.2 Adaptive noise reduction

Hearing speech in Background Noise (BGN) is a problem for the hearing impaired

and there are various adaptive systems for reducing BGN. Modulation detection and

synchrony detection are two of the methods and these are briefly explained: however,

each CI company keep the exact methods used confidential.

Modulation detection works on the assumption that the BGN has a lower dynamic

range than the speech stimulus. Therefore, the microphones signal is split into a num-

ber of discrete frequency bins, with a lower dynamic range being reduced in amplitude

(Dillon 2008). An alternative is synchrony detection which identifies specific frequency

ranges where there is speech present, which can help focus and inform other noise reduc-

tion systems. Synchrony detection relies on the fact that natural speech formants have

an inherent amount of discrete frequency modulation in them6 which is not present in

background noise; this modulation is normally synchronous between multiple speech

formants (Dillon 2008); these frequencies are then emphasised. A study by Pittman

(2011) involving 80 children7 found that digital noise reduction systems had no sig-

nificant impact on the children’s ability to participate in auditory tasks. However,

Nordrum et al. (2006) found that 50% of participants8 had improved performance in

speech in noise tests. Zakis et al. (2009)9 also found that while no clinically significant

difference was found between having noise reduction on or off, 90% of the participants

preferred having the noise reduction on. Of these studies only Nordrum et al. (2006)

5AKA. M-levels
6usually between 3 and 6Hz
7between 8 and 12 years old, 50 normal hearing and 30 with a hearing loss
816 experienced hearing aid users
910 hearing impaired participants
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found a benefit to participants and when compared to the studies by Zakis et al. (2009)

and Pittman (2011) they have 5.6 times as many participants involved.

Advanced bionics noise reduction system is called Clear VoiceTM with their website10

saying “70% improvement in speech understanding in noise (Buechner 2013). Stud-

ies have shown up to 6.5dB SNR benefit when the Phonak UltraZoom feature is used

together with the Clear Voice by unilateral recipients.” Research did not reveal a con-

ference recording or journal article, but a paper by Hehrmann et al. (2012) investigated

the effect of noise reduction algorithms on 12 unilateral people with CIs and speech

ineligibility in noise. They found that the people with CIs speech reception threshold

was improved by Advanced Bionics microphone adaptive directionality system (adap-

tive beam former) by 5.2dB and Clear Voice improved it by a further 0.9dB; providing

a total improvement of 6.2dB compared to adaptive beam former and clear voice off.

Hehrmann et al. (2012) does account for the majority of the quoted 6.5dB improvement

and without the original conference paper it is not possible to know where the extra

0.4dB improvement comes from. How the 6.5dB reduction in speech reception thresh-

old equates to a 70% improvement in speech understanding in noise is unknown. There

is conflicting evidence with Dingemanse & Goedegebure (2015) finding that Clear Voice

had no significant impact on speech intelligibility for people who use CIs. This was fol-

lowed up by a further study investigating if altering m-levels altered the effectiveness of

Clear Voice (Dingemanse & Goedegebure 2018). Clear Voice was found to give minimal

(but statistically significant) improvement to intelligibility and increasing the m-levels

did further increase the benefit of Clear Voice. Needing to increase the m-levels to get

full benefit from clear voice was not surprising as it will be turning down portions of

the frequency spectrum; increasing the m-levels would compensate for Clear Voice low-

ering some frequency bands. Considering studies have only found a slight improvement

from Clear Voice, it is possible that the studies that did not find benefit lacked the

required accuracy to pick up the improvement. While exact information about noise

reduction methodologies are proprietary information, the inference can be made that

adaptive noise reduction systems would be less likely to filter out a multi talker babble

than a white noise stimuli. Verifying this would be complex but the experiments could

be designed to use a multi talker babble as a background noise reducing the risk of

adaptive noise reduction systems influencing the results. When tested, Clear Voice was

set to its highest setting on the principle that if this was shown to have a significant

effect than more detailed experiments could be done at a later date to see the affect of

lower Clear Voice settings.

10https://advancedbionics.com/com/en/home/products/sound-processing/clearvoice.

html as of Thursday 4th October, 2018
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6.2.3 Other advanced features

Manufacturers have various advanced features, which in the case of the Advanced

Bionics Náıda series are: Echo Block, Wind block and Sound Relax. These are all

configurable on a programme by programme basis. Information on these advanced

features is limited but what is known will be outlined here.

Echo Block is designed to remove early reflections from reverberant sound signals like

speech in places of worship. It is unclear what effect this will have when aiming to test

microphone functionality, because if using a broadband stimulus that averages over

time (like white noise) then any changes this makes should be averaged out: however,

other stimuli like pure tone sweeps may more be susceptible. When wind blows into a

CI processors microphone it can be loud broadband noise and Wind Block is a feature

that is designed to remove this sound. Broadband stimuli will likely be susceptible to

the effects of this advanced feature. The Náıda CI Q70 User Guide (Advanced Bionics

2015a) states that “Sound relax is designed to soften sudden loud sounds, such as slam-

ming doors or clanking dishes.” Considering documentation on this feature is limited,

the description sounds like a dynamic processing unit, likely made up of compressors

and a limiter. When trying to get a consistent level output from a microphone, as

would be required for assessing microphone functionality, having dynamic processors

affecting the output level in unpredictable ways may be problematic.

6.2.4 Methodology

Table 6.2: Cochlear implant programme list
for testing map levels

Programme Map level

1 Low

2 Medium

3 High

The anechoic methodology11 was used

for this experiment using the same pure

tone sweep as used for the prior experi-

ment. The first frequency responses were

recorded with the CI processor in test set-

tings with all advanced features disabled.

Each subsequent frequency response only

had one advanced feature enabled.

6.2.5 Results

6.2.5.1 Map Levels

Three different maps were tested (shown in Table 6.2), all set to minimum, all set to

maximum and a half way setting. For each of the settings tested, white noise was

11Anechoic methodology described in Section 3.1.1
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played for 10 minutes recording frequency responses every 50ms and averaging the

results together. All this was done in a room with BGN less than 40dBA during the

test. The map levels are a 0 to 500 scale but their specific relationship to the output

levels of the CIs electrode array is not made clear by the manufacturer. Like the other

systems being analysed, the exact effect of the tested system on the output will be

treated as a black box where the effect of the box is being measured rather than trying

to determine the exact functionality of the box.

Table 6.3: Map deviation from the reference response in dB

Map level Average Peak
Low -0.44 -2.12

Medium 0.46 2.13
High 0.29 1.6

The frequency responses gathered were compared to the average response from the

repeatability testing (Section 6.4); differences between each of the programmes and

the reference frequency response is shown in Figure 6.2. The average and maximum

variations from the average for each of the map levels are shown in Table 6.3. While

there are peaks above the ±2dB tolerance, these are only slightly over at 2.12dB and

2.13dB. Considering the average deviation from the reference responses are all within

0.5dB of the reference response, it can be concluded that the map levels do not affect

the audio output of the listening check.

6.2.5.2 Adaptive noise reduction

Table 6.4: Cochlear implant programme list
for testing adaptive nose reduction

Programme Features

1 None

2 Clear Voice only

In order to test the effect of active

noise reduction, two programmes were

used which were identical except one pro-

gramme had no advanced features with

the second only having clear voice on;

both programmes used exclusively the T-

Mic. These programmes are shown in

Table 6.4. A white noise stimulus was

played for a total of 10 minutes taking averages every 50ms, with the volume set to

16% as with the previous tests.

Figure 6.3 shows the difference between the reference response, a programme in test

settings and an identical programme but with Clear Voice enabled. Having a maxi-

mum deviation from the average of 1.59dB and an average deviation of 0.03dB is not
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statistically significant.
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6.2.5.3 Other advanced features

Table 6.5: Cochlear implant programme list
for testing advanced features

Programme Features

1 Sound relax

2 Echo block

3 Wind block

There were three different advanced fea-

tures that needed to be evaluated, which

were evaluated by comparing the output

of the three distinct programmes shown

in Table 6.5. All the programmes have

the same settings with the only exception

being which advanced features are turned

on.

The difference between the three pro-

grammes and the reference response are shown in Figure 6.4 in which a significant

dip at 8kHz is visible. Due to the dip the results were repeated a total of four times,

twice on each processor and the “Repeatability” column in Table 6.6 shows the average

difference between the repeats across the frequency spectrum. The repeatability values

being below 0.1dB show that the dip is consistent between processors and microphones.

Table 6.6: Advanced feature deviation from the reference response in dB

Advanced feature Average Peak Repeatability

Sound relax -1.58 -7.14 0.09
Echo block -1.86 -7.48 -0.02
Wind block -1.61 -7.28 0.09

6.2.6 Summary of effect of processor settings

In summary, the settings on each CI processor that are specific to each person who

uses a CI, map levels, active noise reduction, sound relax, echo block and wind block,

were all shown to have no statistically significant effect on the listening checks output,

which is encouraging for future implementations into remote care systems. However,

the microphone choice and balance still affects the output so this will need to be taken

into account.
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6.3 Time delay

Audio systems have an inherent delay in them and when an Advanced Bionics CI

processor is plugged into a Listening check device it is unknown what time delay this

system has. Any time delay is important to know as this will affect how soon any

device can start taking measurements. For example, if there is a 500ms delay for

a sound signal to get through the CI processor and the listening check device, then

results, could not be taken till after this time has expired.

6.3.1 Methodology

For this experiment the custom enclosure methodology was used12; a series of 55 pure

tones were played from lowest to highest frequencies, with the complete list of fre-

quencies in Appendix A. These frequencies were chosen to be distributed between the

known frequency range of the CI processor T-mics as shown in Section 6.1. Each of the

55 pure tones were played for 500ms with frequency responses recorded every 25ms,

then averaged over the stimulus duration.

Each frequency response was then analysed and put into one of three categories: previ-

ous, none and correct. Previous was when an auditory stimulus was being presented

but the previous stimulus is still being outputted by the CI listening check13. None

was when there was no clear peak in the frequency response. Correct was when a

stimulus was being presented and the same stimulus was being detected. For example,

if it took 300ms for a sound signal to make it through the CI processor and listen-

ing check, then frequency responses recorded 250ms into a 1207Hz stimulus will be

detecting a 1090Hz stimuli14.

CI processors have various advanced features in them that are designed to perform

various functions, such as reducing background noise and dynamically altering the

microphones directionality. Precisely how each of these advanced features work are

industrial secrets so it is unknown how they interact with different auditory stimulus.

A pure tone stimulus that was used in this test is not a sound that people who use CIs

will encounter on a regular basis, so the advanced features may interact with this type

of artificial test stimulus in unexpected ways. This would have also been a factor in

the anechoic testing done in Section 6.1 but those used a continuous pure tone sweep

rather than the discrete frequency system used here. As many of the advanced features

as possible were disabled during this test but some cannot be disabled.

12described in Section 3.1.2
13Such as 1207Hz being played and 1090Hz being outputted
14Which is the previous stimulus frequency as listed in Appendix ??
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6.3.2 Results and Summary

Figure 6.5 shows each of the 25ms increments for the duration that each stimulus

was presented. Each increment is colour coded depending on what frequency is most

prominent. If a 1kHz tone was being played and a 1kHz tone was easily discernible

in the frequency response, then the colour would be grey. If there is no discernible

single frequency peak then it is colour coded orange. Finally, if a tone is being played

but the previous tone is still present on the frequency response and louder than the

stimulus frequency, then this is coloured blue. Figure 6.5 shows the average from all 55

pure tone stimuli frequencies. This graph shows that it takes approximately 250ms for

a stimulus to go through the CI processor and make it to the listening check output.

Generally when people are using their CI a signal will take significantly less time to

stimulate the CIs electrode array; however it taking this long for the listening check

is not surprising as there is no urgent need to have such an immediate stimulation as

speech requires.

An example frequency response is shown in Table 6.6 which is taken 400ms into 3054Hz

stimulus frequency. On this the peak from the stimulus frequency is clearly visible but

there is some pure tone artefacts around this frequency. There could be any number of

possibilities for this but they are likely an artefact caused by part of the CI processors

digital signal processing.

6.4 Repeatability testing

The custom enclosure methodology is used for a number of experiments in this project.

This chapter investigates the repeatability of this methodology by preforming a number

of frequency responses over approximately two months. A white noise stimulus was

used with frequency responses taken every 50ms; the frequency responses were then

averaged over a 30 second stimulus duration. Four different new known to be working

T-Mics were used for this experiment. Between each recorded frequency response the

equipment was packed down and set up again; a variety of different rooms were also

used. This was done to get real world relevant results because if such a system was

being used by people who used CIs, it would most likely be packed away between uses.
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6.4.1 Results

At every tested frequency, the average of all 53 recordings was taken and Figure 6.7

shows the maximum positive and negative deviation from the average for all of the

recordings. The difference between the highest deviation at any frequency deducted

from the lowest deviation provides a maximum deviation of 3.13dB15. The highest

and lowest value from each of the responses was deducted from each other providing

a frequency specific range; the average was 1.6dB providing a range of ±0.8dB. A

number of the frequency responses deviated from the average at 6.3kHz but this was

consistent between tests and only up to 1.7dB from the average. In future tests the

average between the responses could be used with a range of ±2dB which is sufficiently

above the maximum measured range.

Section 3.1.2 explains the standing waves of the custom enclosure that was used for

this experiment. The calculations were done using the maximum distance the T-Mic

could be from the speaker, if the distance in the formula is reduced from 30mm to

27mm (the approximate centre of the T-Mic) this then gives a fundamental of 6351Hz

which corresponds to a peak in levels on Figure 6.7.

6.5 Summary

While some CI settings were shown to produce minor fluctuations in the Advanced

Bionics Listening Check output, these were not bigger than the fluctuation shown in

the repeatability testing (Figure 6.7). While there is less importance in regulating

CI processor settings for experiments, the programme specific microphone choice still

remains a factor and needs to be taken into account when testing. This does increase

the ease of conducting checks on Advanced Bionics CI processors using the listening

check device, as the specific map levels and advanced features will not affect the results

significantly. It should be possible to compensate for individual specific microphone

programme settings the majority of the time: however, there are specific use cases where

problems could arise, such as if someone has only one programme that is 50/50 split

between the T-Mic and the processor microphone. Hopefully, if someone is wanting to

assess the functionality of a T-Mic they will have a programme on their CI processor

that uses just that microphone16.

The experiment into the time taken to get sound through the Advanced Bionics listen-

ing check reveals a number of important factors that should be taken into account for

15Range of ±1.56dB
16without either the processor or coil microphone
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subsequent testing (experiment in Section 6.3). Sweeping pure tone stimuli are best

to be avoided when testing a processor, as compensating for this delay to the listening

check output would be difficult to compensate for as it would be hard to know if you

were measuring the frequency being presented or the frequency that was presented

0.25 to 0.45 seconds ago. Also, future experiments should allow a short duration of

at least 300ms to allow the stimulus to reach the output of the listening check before

commencing any measurements or recordings. This is to allow the signal to get to the

output so avoiding measuring the BGN before the stimulus was presented rather than

the stimulus itself.

Outside of a clinic environment, people do not need to measure microphone perfor-

mance with any accuracy as long as it is consistent. This is because a system could

be rolled out that compares the current state of a microphone to a recording of when

it was known to be working, such as during an appointment. Therefore consistency is

required and not accuracy, and this is why the results from the repeatability testing in

Section 6.4 are so encouraging. Frequency responses used a white noise stimulus av-

eraged over 30 seconds17 repeated using a laptop connected to a 3D printed enclosure

that had a headphone earpiece glued in one end and a slot for a T-Mic to be inserted in

the other, shown in Figure 3.2. This set-up was then assembled, recorded a frequency

response and then packed up again 56 times over a month in various different rooms

and environments to simulate the kind of conditions that it could be used in. This

resulted in a maximum deviation of ± 2dB and an average deviation of ± 0.8dB18.

With further research and development of the enclosure and testing process, it should

be possible to significantly reduce this variability. Even with the current variability,

this is sufficient to notice the majority of the reductions in performance that occur, as

shown in Section 4.2.

17as per Section 6.3, there was 0.5 second gap after the white noise started playing before frequency
responses started to be recorded.

18Averaged between 100Hz and 10kHz
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Discussion

This chapter discusses a variety of topics that are related to this project including:

how Cochlear Implant (CI) manufacture and microphone type affects someone’s mi-

crophone replacement options; how having direct support from a CI manufacture would

have impacted this project and different ways that microphone performance could be

measured in future projects.

7.1 Impact of manufacture and microphone type

Advanced Bionics T-Mics have been used extensively during this project but these

only represent a fraction of CI microphones that are used. As shown in Section 4.1,

there is a perception by some clinicians that the Advanced Bionics T-Mics are less

durable. Considering these are connected with a small cable to the main processor

body it is understandable how this could be susceptible to damage by wear and tear.

The processor microphone is integrated into the processor body which theoretically

makes it more durable, but also significantly more expensive to repair or replace if

something goes wrong with the microphones.

How comparable are the results for Advanced Bionics T-Mics to other CI microphones?

As discussed above, there are potential differences in reliability between a T-Mic and a

processor microphone. Despite this, T-Mics are much easier to replace as they do not

need reprogramming. Furthermore, there is a significant financial difference between

replacing a T-Mic for more than £140 and replacing a microphone with an integrated

processor for significantly more. In a perfect world the cost would not impact the care

of people who use CIs, but are CI centres less likely to replace a microphones if it

costs so much more? The research in this project still gives a valuable insight into CI

microphone performance but the potential difference between T-Mics and processor

microphones should be considered.
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7.2 Support from manufacturers

This project extensively used Advanced Bionics T-Mics and support from the man-

ufacturer would have made elements of this project easier. The Advanced Bionics

Listening Check was the main method used for testing the T-Mics performance but

this has disadvantages. As investigated in Section 6.2, CI settings do have an effect

on the Listening Checks audio output. Additionally, the Listening Checks output is

affected by the CI processors programmes choice of microphone.

It would have been helpful if work could have been done with one of the manufactur-

ers to make a device that bypasses all settings on the CI and provides simultaneous

audio outputs for all the microphones. Being able to bypass the CI settings and set

simultaneous signals for the microphones would have been preferred. This would have

enabled a device to be built that CI clinicians could have put a CI processor into,

similar to a Hearing Aid (HA) test box. The test box would bypass the settings that

could interfere with the results, play a stimulus and then test all the CIs microphones

at once. Such a device would enable clinicians to quickly and accurately find out if

the CIs microphones are working. However, building such a device without help from

manufacturers would be problematic.

7.3 Physical device

One option that could be used is to build a physical device to test the CIs microphones.

Whether the physical device is intended for clinicians or people who use CI will affect

the design. There are a multitude of test boxes available for HAs and the different HA

manufacturers make adaptors that enable their HAs to be connected to HA test boxes.

CIs companies could make adaptors similar to the Advanced Bionics Listening Check

but that bypasses processor settings and maybe use a switch on the adaptor to swap

between the different CI microphones.

If a test device is wanting to be used for home testing then the device will need to be

made portable, cheaper and have a way of reporting the results simply while ideally

sending full data back to the CI centre to be reviewed. This would be significantly

easier to do with support from a CI manufacture but not impossible without.

7.3.1 Portable CI test box

While testing using the Advanced Bionics Listening Check has provided a wealth of

data thus far during this project, this methodology does have disadvantages. Despite
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experiments showing that the majority of user specific settings do not affect the Lis-

tening Checks output, the current programmes microphone selection still affects the

output.

As a continuation of the custom enclosure methodology described in Section 3.1.2, a

mount and circuit was designed that allowed a T-Mic to be directly connected bypassing

the CI processor and Listening Check; this enabled greater control of the microphones

digital signal processing. Greater control of the signal chain should result in more

accurate and consistent tests, while functioning independently of any user specific CI

settings. Figure 7.1 shows the device with a T-Mic fitted and the integrated speaker

directly below the T-Mic mount. The system was designed with a 4 pole 3.5mm audio

connector that could be used to play stimuli from the integrated speaker and record the

output from the T-Mic. However, it would be feasible to embed the required compo-

nents for the test box to test microphones without a connected computer. The details

of how the circuit works are not included here as it involved the reverse engineering

of proprietary systems and publishing the findings from these investigations could risk

legal repercussions.

Figure 7.1: Picture showing the prototype portable cochlear implant test box

This project was discontinued as there were doubts that there would be sufficient will-

ingness to use the system in a clinic environment. This is also a reverse engineered

device that is not validated by the manufacturer therefore, the effect on the manufac-
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tures warranty could not be determined. Furthermore, the clinician survey (Section

4.1) showed that microphones were being replaced because the clinician could not be

confident that they were working, as they were replacing microphones ”just in case”.

This means that even if this device did get used extensively in clinic, clinicians are

unlikely to be confident in its results and replace any tested microphones ”just in

case”.

This device, or a device similar to this, would be significantly easier with the direct

support of a manufacturer. This prototype required the T-Mic to be removed from the

CI processor and the test device was only capable of testing this specific microphone.

It would provide a significantly better user experience if the test device could connect

directly to the CI processor in much the same way the Listening Check does. The device

could even then connect via bluetooth to an application1 that would send results to

a CI centre. Such a device and method for measuring CI microphone performance

would save CI centres time, effort and money. There would be a myriad of benefits for

people who use CI as well, including reduced number to trips to CI centres to check

microphones, reducing the numbers of microphones with unidentified defects being

used and helping empower them to manage their own CI. However, such a device is

not possible without extensive co-orporation from CI manufacturers.

7.4 Passively monitoring microphone input levels

One potential method for detecting microphone problems would be to passively monitor

the input level to the CIs microphones. This would work by the CI itself taking

measurements of the sound level into the different microphones at sporadic intervals

and monitoring them. While the sounds that everyone is exposed to will vary depending

on their environment, there is the potential that an AI might be able to notice gradual

reductions in microphone performance2 or sudden changes3. These patterns would be

hard to spot (hence the need for AI) but it might be possible.

If this approach was to be researched then it would require extensive co-operation from

a CI manufacture. This approach is not really possible to research as such a system

would need to be integrated into the CI itself. Ease of implementation would depend

on the systems currently used in a CI. Some devices may already log the data as part of

the data logging process, therefore only the data analysis part of the process would need

1or integrated into an existing application
2due to a microphone becoming blocked
3due to a microphone breaking

Page 88



Chapter 7

to be developed. CI devices are designed to be as small as possible so they might not

have the excess processing capacity to do the analysis, although a significant number of

CI now have Bluetooth capabilities. This means that if needed the processing could be

offloaded onto a phone running an application. The artificial intelligence would likely

find it easier if there was also location data as well.

Measuring the long term average microphone input level may prove a useful way of

passively measuring CI microphone performance without the need for AI, but there

would need to be a way of accounting for both periodic events and infrequent events.

Weekly or monthly events, or birthday parties might have significantly higher average

sound levels so this would need to be taken into account and compensated for when

analysing results. This could be compensated for by analysing longer term averages

such as weekly instead of daily.

It was outside the scope of this research to investigate this but it does negate the need

for either clinicians or people who use CI to specifically test the microphone (as would

be required if using a physical test device like in Section 7.3).

7.5 Power of the mind

Having a method enabling clinicians or people at home to test CI microphones would

be great but there needs to be confidence in the results. If the clinicians do not have

confidence that the results are accurate and the microphones are actually working,

then they are likely to replace them anyway. This is supported by the results from

the clinician survey in Section 4.1 where 90% of the clinicians said they had replaced

a microphone that they thought was properly working.

This means that even if a new system is developed that enables very accurate mea-

surements to be taken of CI microphones, effort will need to be put into checking that

the clinicians have confidence in the results. If the clinicians are ignoring the results

and replacing microphones anyway then nothing has been achieved.
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Conclusion

The first research question outlined in Section 1.2 was: “How accurate and repeatable

are the current methods for identifying Cochlear Implant (CI) microphone failures?”.

Chapter 4 investigated this research question with a number of experiments. This

chapter first found that of the clinicians surveyed, 90% had at some point replaced a

microphone they suspected was working. The next experiment tested CI microphones

that had been reported as broken from the Auditory Implant Service (AIS). This

found that 59% of the microphones that were reported as broken were found to be

within ±3dB of known working values. The last experiment in the chapter investigated

the accuracy and reliability of subjective microphone checks done by both a control

group and CI clinicians. These experiments showed while both groups were able to

correctly identify microphones that were not working, they were only able to accurately

categorise the working microphones 40% of the time. Together these experiments

show that the current methods used for measuring CI microphone performance are

not accurate enough, with 60% of the microphones that are being sent for replacement

by the AIS fully working and being unnecessarily replaced. Furthermore, testing also

showed that 16.7% of the partially working microphones that were presented to CI

clinicians were categorised as fully working.

Chapter 7 showed that with the current methods for testing CI microphones, it is pos-

sible for them to be tested by clinicians and thought to be fully working when they are

only partially working. Chapter 5 investigated the second research question of: “What

impact does partially failed CI microphones have on speech perception?” An experiment

was conducted that measured how accurately participants could repeat words1 with a

reference setting and various simulated reductions in microphone performance. This

experiment showed that reductions in microphone performance do not affect speech

recognition, but the effect of reductions on microphone performance on environmental

1specifically, phoneme accuracy was access
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sounds and quality of life are not yet known.

There are devices such as the Advanced Bionics Listening Check that provide a head-

phone output for a CI microphone. Chapter 6 investigated the third research question

which was: “What processor settings affect the audio output of the Listening Check?”

While the CIs microphone current selection does affect the listening checks output, the

other settings do not affect the output. This makes objective tests more practical. The

experiments in this chapter also showed that there is a delay between a sound and the

output of the listening check of approximately 300ms. This needs to be considered

when designing objective tests, especially when using stimulus that changes such as a

pure tone sweep. 56 frequency responses of CI microphones were recorded to measure

the consistency of the signal chain. The recordings had a maximum deviation of ± 2dB

and an average deviation of ± 0.8dB2. These experiments show that CI microphone

performance can be objectively measured using the Advanced Bionics Listening Check.

Face to face appointments have become more infrequent, especially with the increased

risks now associated with them due to COVID-19. The pressure for more remote

assessments may persist, especially when patients have to travel long distances. The

increased duration between appointments means there will be longer durations between

CI microphones being checked. This increases the need for a system to be implemented

that ensures that people who use CIs have working microphones.

Objective ways of measuring CI microphone performance would enable clinics to re-

duce waste, avoid partially working microphones being overlooked and increase patient

confidence in their equipment. These testing processes could also be embedded into

telemedicine systems enabling regular home testing of CI microphones by the patient.

8.1 Advantages and disadvantages of implementing

a remote care system

Implementing a system that enables CI clinicians and/ or people who use CIs to test if

CI microphones are working would be a complex job. There are a number of advantages

and disadvantages to implementing such a system; a summarised list of these is below.

Advantages

� Previous implementation of telemedicine systems has resulted in people who use

CIs feeling more empowered (Chapter 2.5). It is likely that enabling people to

2Averaged between 100Hz and 10kHz
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test how well their CIs microphones are working would further empower them.

� Chapter 4.2 showed that 59% of the microphones from the AIS that were marked

as broken were fully working. If a remote care system was implemented that

enabled people with CIs to measure microphone performance, there are a number

of potential benefits:

1. In the event that someone who uses a CI believes their microphone to be

broken they will need to arrange a replacement. If they are capable of

replacing the microphone themselves then a new microphone can be posted

from the CI centre. If they are not able to replace the microphone themselves

then this may well require a special trip to their CI centre. Reducing these

unnecessary trips to the CI centre would benefit both the CI centre in saved

staff time and the people who use the service in saved time and reduced

trips to the CI centre.

2. Reducing the false negatives does have significant cost saving potential for

the CI department.

Disadvantages

� Research, prototyping and trials would all be needed prior to implementing any

system and this would be expensive. There are possible methods of reducing

these costs such as implementing it into a pre-existing system such as CHOICE

from the auditory implant service3.

� It will take time to implement any system; having the full support of a CI manu-

facturer would reduce this time but it would still not be able to be instantaneously

rolled out.

� There are a great many people that would benefit from implementing such a

telemedicine system. However, in order to use the system a certain level of

technological ability would be required. This is discussed more in Section 2.7.

8.2 Publications and Contributions

The clinician survey (Section 4.1), objective testing of reportedly broken CI micro-

phones (Section 4.2) and repeatability of subjective microphone checks (Section 4.3)

were combined into a research paper that being submitted to a journal with the aim

of getting it published.

3https://ais.southampton.ac.uk/choice/
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This project showed that the current methods for identifying CI microphones that need

replacing are inaccurate and result in 57% of the microphones that are being sent for

replacement being within ±3dB of reference values. This identified and measured the

extent of a problem that prior research had not done.

8.3 Future research

Hearing Aid (HA) test boxes are common place in audiology clinics yet from personal

experience working in clinics as well as talking to numerous clinicians, they are seldom

used on HAs and cannot be used with CIs. While research into the usage of HA test

boxes is only tangentially related to CI microphone functionality, knowing how often

test boxes are used could give a valuable insight into how CI microphone test boxes

could be used in clinic. It would also be valuable to know why audiologists use or avoid

using the test boxes, as this will help inform the design of any similar system for CIs.

As previously mentioned in Section 7.4, it might be possible to build a system that

can detect problems with CI microphones. If input levels are taken at regular intervals

then analysed, long term patterns established, gradual reductions in performance might

be detectable. This theory is given credence by recent studies that have been able

to distinguish between Covid-19, Bronchitis and Pertussis by analysing the sound of

someone’s cough (Imran et al. 2020). However, the survey in Section 4.1 showed

that clinicians tend to replace microphones they cannot be certain are working, this

means that if this passive microphone monitor was to be used to reduce the number

of unnecessary CI microphone replacements, clinicians would need to have confidence

that it works. Otherwise they would replace the microphone ”just in case”.

The discontinued project outlined in Section 7.3.1 prototyping a portable CI test box

that objectively measures microphone performance also warrants further investigation,

but as stated would really require the direct cooperation of a CI manufacture.

8.4 Summary

The first research question asked: “How accurate and repeatable are the current meth-

ods for identifying CI microphone failures?” This was investigated in Chapter 4 which

through a number of discrete experiments showed that CI clinicians are primarily use

a combination of speech perception testing, sound field testing and patient reports to

identify reduction in microphone performance. Furthermore, nine out of ten clinicians

said they replaced microphones “just in case” with this happening at varying frequen-
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cies from multiple times a week to a few times a year. This section also showed that

of the microphones that were reported as broken at the University of Southampton

AIS, 57% were still fully working. The only way of testing CI microphones in isola-

tion is by doing subjective listening checks; while CI clinicians were able to identify

the microphones that were “Not working” with 100% accuracy, they were less than

70% accurate at differentiating between the “Partially Working” and “Working” mi-

crophones. Together these experiments show that the current methods for identifying

microphone performance are inaccurate and result in a plethora of microphones that

are still fully working being unnecessarily sent for replacement. This will negatively

affect the departments budget, produce unnecessary waste and cause unnecessary work

for both the CI clinicians and the people who use the CIs.

The second research question asked: “What impact do partially failed CI microphones

have on speech perception?” While none of the simulated reductions in microphone

performance tested in Chapter 5 had a statistically significant effect on phoneme recog-

nition, only a few different reductions in microphone performance were tested. It is

likely that some of these reductions in microphone performance would negatively affect

the quality of life of someone who uses a CI.

The third research question asked: “What processor settings affect the audio output of

the Listening Check?” This was investigated in Chapter 6 that performed a variety

of tests on CIs processors. Some of the CI processor settings did affect the output of

the Advanced Bionics Listening Check; these fluctuations were generally low frequency

and of comparable size to the rest re-test repeatability of the test set-up. However, the

programme specific microphone choice still affects the output of the Listening Check.

It would be possible to implement a test that objectively measures CI microphone

performance using the Advanced Bionics Listening Check: however, this would remain

problematic without manufacture support.
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implant systems: The new náıda ci q70’. Presented at the 11th European

Symposium on Cochlear Implants in Istanbul, Turkey.

Bynum, A. B., Irwin, C. A., Cranford, C. O. & Denny, G. S. (2003), ‘The impact of

telemedicine on patients’ cost savings: some preliminary findings’, Telemedicine

Journal and e-Health 9(4), 361–367.

Chaudhry, S. I., Mattera, J. A., Curtis, J. P., Spertus, J. A., Herrin, J., Lin, Z.,

Phillips, C. O., Hodshon, B. V., Cooper, L. S. & Krumholz, H. M. (2010),

‘Telemonitoring in patients with heart failure’, New England Journal of Medicine

363(24), 2301–2309.

Clark, R. A., Inglis, S. C., McAlister, F. A., Cleland, J. G. & Stewart, S. (2007),

‘Telemonitoring or structured telephone support programmes for patients with

chronic heart failure: systematic review and meta-analysis’, Bmj 334(7600), 942.

Clarke, M., Shah, A. & Sharma, U. (2011), ‘Systematic review of studies on

telemonitoring of patients with congestive heart failure: a meta-analysis’, Journal

of Telemedicine and Telecare 17(1), 7–14.

Corry, M., Sanders, M. & Searchfield, G. D. (2017), ‘The accuracy and reliability of

an app-based audiometer using consumer headphones: pure tone audiometry in a

normal hearing group’, International Journal of Audiology pp. 1–5.

Cullington, H. & Aidi, T. (2017), ‘Is the digit triplet test an effective and acceptable

way to assess speech recognition in adults using cochlear implants in a home

environment?’, Cochlear Implants International 18(2), 97–105.

Cullington, H., Kitterick, P., Weal, M. & Margol-Gromada, M. (2018), ‘Feasibility of

personalised remote long-term follow-up of people with cochlear implants: a

randomised controlled trial’, BMJ open 8(4).

Page 96



References
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Appendix A

Pure tone stimuli frequencies

� 105

� 199

� 293

� 410

� 527

� 715

� 902

� 1090

� 1207

� 1301

� 1418

� 1512

� 1605

� 1746

� 1863

� 2027

� 2168

� 2332

� 2496

� 2660

� 2707

� 2801

� 2918

� 2988

� 3105

� 3246

� 3316

� 2504

� 2398

� 3715

� 3855

� 3996

� 4254

� 4488

� 4676

� 4793

� 5004

� 5215

� 5449

� 5754

� 5988

� 6199

� 6480

� 6715

� 6996

� 7207

� 7488

� 7723

� 8004

� 8238

� 8730

� 8988

� 9223

� 9363

� 9504
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