

AUDI 563, September 22, 2026
INST SLADEN: Okay. Before we start I want to let you know that couple of guest presenters wanted to change schedules so I'm up dating the syllabus and I will post it when finished and I'm continuing to move around the lab assignments a bit because of CAA.
One thing I need to know, who going to be here that week. Who is not going to CAA?
Don't tell me --STUDENT: I won't be here.
INST SLADEN: I'm trying to remember your first name. STUDENT: Katelyn.
INST SLADEN: I was going to get there, I promise. Who else?
Katelyn.


STUDENT: Ill be here. INST SLADEN: Catherine.
Anyone else?
Everyone else is going to CAA? Okay.
Thank you, thank you. All right.
We will pick up where we left off about speech processing strategies. Before that, I want to check
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in what we covered so far. Any thoughts or areas where you want to pause and take a beat?
On any ideas or concepts?
If things get muddy, slow me down and we will take a pause.
All right.
So I want to talk about the way that a processer, sound processer, pulls in the sound.
And frame it in the idea that again these processors were designed to help people understand speech.
That was the central aim was what do we know about speech that is important to pull out and give to the implant listeners. That is the central aim.
The first speech processing strategy -- sorry.
Let me make sure -- that was working as it should.
Off and on. Hope it comes up.
Sometimes as I talk, it starts to show up.
Let's try that.
So the first sound processing strategies were called these feature extraction strategies. Meant to pull out the important features of speech, so they are feature extraction.
The next set of strategies were these called N of M. Number of maxima.



And examples of number of maxima are found mostly with the cochlea America's device.
And finally, we have kind of most current and modern form of -- shouldn't say that, we have the probably the most popular sound processing strategy which is called envelope detection and that's called continuous interleaved sampling or CIS.
These examples HDCIS, [reading], are iterations of CIS. CIS was the original version and then these followed as future iterations.
Still no captions, hey?
Using subtitles. I saw it pop up that time. Hope it comes in again.
All right.
So in the first iteration of feature extraction, the processer was set to pull out sounds between one to four thousand Hertz.
So it only pulled out the high frequency regions of the speech signal with the intent that the majority of speech energy falls within that frequency range.
So if you are trying to capture and preserve speech sound that's a pretty important frequency range to gather. And then the electrodes were stimulate at rate equal to the fundamental frequency. And the symbol FO represents fundamental frequency.



In that version, the intent was to pull out the fundamental and second form FO and F2.
In the second iteration, in addition to FO and F2, the intent was pull out the F1 as well.
So have the fundamental, first and second formants and by adding the first formant adding to the speech information available and so improving the clarity of the signal.
And then finally, the third version of this was called M peak, where in in addition to FO, F1, F2, three more bands add above 4 thousand Hertz.
Expanding the frequency range to capture even more high frequency sounds.
And in research looking at the performance of those strategies, we see that when we go from FO, F2 strategy from around 1978 to F0, F one, F two and multipeak we see improvement in not just word performance but also sentence performance.
So adding more speech information leads to improved performance.
This led to a final iteration which is called
ace.
And is N of M type strategy. Those strategies
were built off of those original feature extraction type strategies.



In N of M type strategy the idea is still to preserve the speech signal, but do it by pulling out the bands that have the highest amplitude.
So in this schematic, imagine we have the band pass filters that go from low to high and in this cochlea America's device we have 22 of them. The strategy scans the input and scans those -- out put of the out put band pass filters and looks for the one with the highest amplitude. The ones the with the highest amplitude will be probably the first and second formant. Other speech band with a lot of speech energy in them.
The processer then says, okay, that's probably speech.
I'm going to keep those bands -- I will discard the rest. So whatever was in the other bands, is discarded. The only bands preserved are those with the highest amount of energy.
So on the inside, at the electrode side, the electrodes that correspond to these band filters will be stimulated. The other electrodes won't be stimulated.
So N of M type strategy, the only electrodes that get stimulated are the ones that have the highest amount of energy that come from the band pass



filtering.
That's -- this is the number of the maxima.
So this is the number of contacts that will be stimulate from the maxima. The maxima is 22. In this case the number is 8.
So it's 8 of 22.
The N of M is 8 of 22.
This actually works really well.
The ace strategy which is N of M type strategy is one that's used by cochlear America majority of the time and the performance outcomes are really good.
It's criticized because if you are in a noisy environment the noise may be the highest amplitude so your speech may be lost because the sound processer is looking for the highest amplitude and that can be noise.
Okay.
So N of M type strategy pulls out a specific number of bands from the overall maxima and stimulates only those contacts. It does that in what I refer to as a frame of stimulation.
So in one frame of sampling captured the highest amount amplitude in the incoming signal and said these electrodes need to be stimulated and the frame of stimulation, that's what happened, just these ones



gets stimulated and in the next frame it can be a different set of bands and the next frame a different set of bands. Remember these -- the number of frames that's happening is really fast. Like 900 times per second per electrode.
So it's really fast.
Talking about this in this very snap shot of time but it's happening really quickly. So the number of bands and which bands are firing is changing radically from one moment to the next.
I also want you to pay attention to the upper and lower end.
Each implant company has a lower frequency filter, and a higher frequency filter. The lowest frequency information is just discarded. In this case I shown you that the lowest frequency boundary is 200. Anything below 200 wouldn't be captured. The band pass filter doesn't pull that in. It's discarded.
There's a lot of good information in the lowest frequencies so it's too bad because they don't all go down very far.
You don't need to memorize this. It's just example. The lowest frequency boundary with advanced bionics is 250. Cochlea America is 180. And MED-EL is 70. MED-EL can go the lowest.



Please.
STUDENT: I just have a question. Make sure I'm understanding. For this strategy, if the number of maxima is 8 out of 22, means for every frame of stimulation it's just taking the top 8 all the time?
INST SLADEN: Yeah and you have control over this in the programming. If you want to say, well, I feel like too many electrodes are being stimulated. I want to use 6 or 4 you can do that. But the previous research shows that 8 is probably the right number for most people. Some recent research I will show you, if you increase this to ten or 12 you may boost performance in some listeners. I will explain why.
But the default now is 8.
Because that's like the majority wins.
I think there was a slide in here, I took it out because didn't think it add anything, and last week, you were talking at number of slides, I thought about that like don't over load slides.
Pulling slides out that I don't think added anything.
I'm mindful, when you is study there's 60 slides -- I think 60 in this deck. So I took out a slide because I didn't think it added anything.
Wave form representation or envelope detection



those are synonymous. Pulling out the envelope. Wave form representation is trying to represent the wave form as it's come in. Those are used synonymously.
In this type of strategy, on the input side, we have again band pass filters going from 200 to 10 thousand Hertz and the incoming signal is broken down into those chunks.
And again, each band corresponds to electrode in the cochlea but in this philosophy, every band pass filter is going to stimulate its corresponding electrode no matter how much energy is there. Even if no energy. If you are in a sound booth and played 2 thousand Hertz tone which activate this band or contact only. You see there's a minimal amount of current from each electrode with the majority coming out of the one responsible for 2 thousand Hertz. The philosophy is give the listener all the sound. Let them work out what is speech and what is noise. Don't discard things or make that decision for them. Give them all the sound and expect and understand they will be able to figure it out.
There's no right or wrong answer between this philosophy of pulling out the speech and this philosophy of give them everything. When you look across studies we don't see performance differences



between those two strategies.
Both work.
But it's a good example of how every company has their own philosophy about how to do this. There's a lot of ways to come at this end result of coding sound.
Whether it's N of M or CIS or something else we will look at and they all work.
STUDENT: Mic?
Thank you.
Is there noticeable difference in how it sounds to the person between the strategies. One report as more natural?
INST SLADEN: No. Good question.
The idea of sound quality is embarrassingly new to the cochlear implant research world and people have not look at sound quality ratings long.
Sound quality is driven more by which neurons are being stimulated. If you have a deeper seeded electrode versus electrode that's more shallow that will impact the sound quality. More mini mouse... quality ratings from a shallow compared to deeper electrode. But for CIS versus M of N, no. Sorry about the captions.
STUDENT: Just to follow up, when you say deeper seeded



closer to the cochlea wall or talking about -- when it's fed in, sitting in the center or at the wall.
INST SLADEN: Does the deeply seeded phrase mean closer to MEDIALIS or the wall? Closer to the apex...and reason that those have different sound quality ratings is because you get to stimulate lower frequency neurons the closer to apex you get. Side bar, I worked with audiologist at Vanderbilt...implanted and she got cochlea Americas and both sides extruded. Meaning the array extruded from the cochlea.
And both sides were explanted and reimplanted.
And again, both sides extruded so she was implanted a third teem with MED-EL device. She said the sound quality to her was really powerful. The first examples with cochlea Americas were high pitched and MED-EL had a more natural sound quality to her.
Probably because getting to the lower pitches.
The doctors speculate may be she was allergic to material in the cochlear device and her body rejected the arrays. The MED-EL devices stayed in place and that's unusual occurrence but interesting way to come about this question of sound quality. One person had opportunity to listen to both. Some people implanted get cochlear America on one side and bionics in the other. Let's say lost faith in one and went to a



different manufacturer, they can also make quality rating judgements because had two different device. Doesn't happen often. Usually people stick with one manufacturer because wanted one set of equipment and batteries and stuff. This is wave form representation and also called envelope detection. It's more popular form is continuous interleave sampling. CIS and then we have a family of strategies called TFS.
Temporal fine structure.
And those are FSP [reading].
It will happen on four contacts.
And FS4P so it will happen on four contacts and they will be paired together.
Now, the way that -- are you okay with the light
on?
So you can see the -- or may be you can see this
without light.
The way this temporal fine structure works, is that MED-EL has this philosophy that they want to get really far into the cochlea, they want to got into the apex as much as they can because they believe stimulating the low frequency neurons adds to sound quality and will be a more natural type of sound.
Also believe if you can provide more of the temporal cues you can add to the perception and overall



success.
We talked about temporal cues. Envelope cues and periodicity cues and temporal fine structure.
MED-EL's attempt to capture the temporal fine structure is by saying on these four most apical electrodes, stimulate the electrodes for every 0 crossing.
When I say 0 crossing, I mean every time the signal moves past the 0 line.
So you have condensation and refraction and positive and negative faces in sound. Every time the sound crosses 0, emit a by phasic pulse. Out of low frequency channel.
And by that way, it's capturing and preserving using quotations, the temporal fine structure. You can hit the light.
So I'm using quotations because this is an attempt. Attempt to capture the temporal fine structure and preserve it and give it to the implant listener.
But implant listeners are not able to use the temporal fine structure like we are. And it doesn't provide them the same gains that temporal fine structure give to us. Improved access to voice pitch and speech and noise. We don't see the same benefits



for people using this kind of listening when using temporal fine structure. If you look across studies you will see there are times when temporal fine structure seems to help some patients, not all.
It doesn't do harm. Haven't seen studies performance went down but no studies saying oh wow it's a game changer. Really changes performance.
Rather the benefits we see tend to be task specific and inconsistent cross studies.
So for example, we did a study of temporal fine structure processing compared to...in older adults.
Could older adults make use of this faster sound processing, we found no difference between CIS and temporal fine structure except voicing. It gave better voicing cues we found.
But when asked the adults to choose which one they prefer, their judgment of sound quality, most of them chose temporal fine structure and some chose CIS.
And you will see this across cochlear implant research in that the nature of electrical stimulation is people are hearing or getting these electric pulses delivered in a fluid filled system. Moving around.
Makes it messy. To find something that really changes performance is pretty tough.
Because it's such a messy kind of way of



delivering sound.
Okay.
So input side, you have the way that sound is being captured. The sound window. Input to dynamic range and you have the rules the processer applied. Only pick out the loudest ones or pick out everything. That's the input side. Let's go to the out put side. I want to look at the wave form. Pulse tile versus analog. I want to talk about electric coupling and degree of SIMULTAITY.
Okay so I made this point before that the processer breaks sound into frequency bands and each bands corresponds to electrode so low frequency bands go to the apex and high frequency bands go to base.
We hope, hope, that each contact, on this side, imagine these are the contacts, we hope each contact puts out the electrical information and does it in a discreet and narrow enough way that only those neurons get stimulated. Only those neurons are driven to fire.
We hope they don't overlap because that would cause distortion. We want them to only stimulate the nearest neurons.
Now, we need to think about again this problem that we are working in a fluid filled system.



And how that impacts our decisions about what kind of waive form we can use. Some early strategies used this kind of analog signal where sound was just constantly being delivered.
And in those systems, let's say this is a lower frequency one and this is higher frequency one and even higher frequency and may be even lower frequency, in those systems the analog signal was coming through all at the same time.
All going in and because all of that current was coming into the cochlea, that was just way too much.
And people just heard a lot of fuzzy distortion because all this information was coming into a fluid filled system and moving around.
So the more popular type of waveform was the biphasic pulse.
And we have learned that we have amplitude and width in the biphasic pulse.
Told you already that I think the amplitude is micro volts and the width is micro seconds.
And the amount of electrical charge in here within that square is called nanokulon.
Acronym I wrote.
You will never need to know that except when I tell you at this very moment. Called a nanokulom.



That's the amount of charge.
The biphasic pulse is a really helpful signal to use because we can change the amplitude or the width and maintain the same amount of charge with varying those two parameters. That's sounded confusing. I will show you what I mean. In psychoacoustics you may have learned the sound duration is inversely relate to sound amplitude. If you have a signal that has a specific width, then that's inversely related to the sound's amplitude for perception.
In the same is true in electrical hearing that if we are taking this biphasic pulse up we get to a point where the person says it's not changing in loudness, we can make it wider which will drop the percept and give us more room to increase it.
So the width and amplitude are inversely related. And the reason is that you can maintain the same amount of charged density or nanokuloms by adjusting these things.
Let me give you a better example. Say I have this biphasic pulse and my pulse width is 25 micro seconds.
And let's say that we have 18 micro volts.
And I took it up to this spot here and when I was presenting this pulse, the person's face started



to twitch because the electrical current drifted from the cochlea to the facial nerve. Not uncommon.
Facial stimulation is sometimes by product of using a cochlear implants. I want the person to be able to hear it at a same loudness but I want to decrease the current.
My strategy is to widen the pulse width. Say I have this amount of charge in there. If I widen the pulse width to 50 micro seconds, I have doubled it.
That will decrease the amount of voltage I need. Say I took it to 10.
But I have got the same charge density here as I do here.
I have just spread it out.
But by elongating the signal I can maintain the same perception of loudness but with fewer volts.
Meaning less current.
Less current meaning less opportunity to stimulate non-auditory structures like the facial nerve.
So pulse width is inversely related to the pulse amplitude. And you can increase your pulse width which will decrease your pulse amplitude but still maintain the amount of charge density that's happening in that pulse.



So you have the same number of nanokulom here as you do here, it's just that they are spread out.
This proves really helpful in electrical stimulation and I will show you some examples of why in a bit.
Sorry.
Micro volts but it's micro amp.
The stimulation rate is another parameter that happens on the out put side.
And the stimulation rate is how many times the pulse is going to occur per second.
And it's often referred to as the pulse's per second per channel.
So it's on each electrode how many times is that going to fire in one second.
Early on, the stimulation rate was tide to the fundamental frequency because it was a way of conveying the fundamental frequency through the processer.
But from several research studies, it was shown as you increase the stimulation rate the sound percept improves.
And people scored better with higher stimulation
rates.
It's important to note also that as you increase



the rate of stimulation, it increases the loudness percept and it increases the pitch percept.
So more pulses per second equals to -- goes to higher pitch and leads to higher loudness percepts. If I stimulate a patient with 25 micro second pulse width, and I went at -- I got to this amount of current, and I couldn't go any further, but they said it wasn't loud enough, I could increase my rate. Say I go from 900 to 1200 pulses per second. I can live it where it is but give them more loudness by just making it go faster. If I do programming and hit the limits with how much current I can put out and want it louder, I can increase the rate or -- increase the pulse width which will bring it down and give more room for increasing the volume.
So when look across studies generally more pulses per second is good for hearing percepts and speech understanding but it tends to be a lot of variability. Some people do best with a lower rate of stimulation. Some do better with higher rate of stimulation but on average people do well with around 900 pulses per second. That's the default in the cochlea America's device. 900 pulses per second.
How many times you can stimulate a pulse depends on how long is it, if you have a longer pulse width



take longer to get through it...how many contacts you have, the more contacts you have to stimulate you will have a cap on how many times it can fire per second.
And then also the processing strategy.
If you have N of M strategy, you might be able to go faster because only have 8 contacts to get through but if CIS strategy you have to get through 16 contacts.
So it will take longer.
I referenced this already in a couple of spots but I want to illustrate it again.
Because we are putting electrical stimulation into a fluid filled system, if do it all at once, putting the current in and it will float around.
Expect if you have a simultaneous stimulation strategy the person will hear a lot of distortion. They are always getting electrical pulses. It's continuous.
So these kind of analog fully simultaneous strategies have fallen by the way side. I can't think of any example used present day. Non-simultaneous is default for each company, and in a non-simultaneous only one contact will fire at a time. This one doesn't show like an actual representation. I think I said doesn't go one two three four but one four two five, five eight so they are scattered along the array.



But it's done so quickly the person hears it happening all at the same time.
And then there's this in between one, which is partially simultaneous. Two contacts can fire at the same time and if you have them spatially separated you expect there will be minimal overlap between the two electrical fields.
This sounds like a good idea because you can double the stimulation rate.
So if you do two at a time instead of having --if you have 900 pulses per second and doubled it, you get 1800 pulses per second, you can double the simulation rate by having two go at a time. Sound like it may be good for capturing more sound and at a faster rate.
You can only do this if you have multiple out put circuits from the internal device.
Advanced bionics and MED-EL both have independent out put circuits for each contact. So they can stimulate more than one contact at a time. They can stimulate them all at the same time if you want but they can stimulate two at a time. Pair them. That's okay. They have multiple out put source.
Cochlea America's only has one input source and means that means you can only stimulate the one contact at a



time. So it has to be sequential. Not simultaneous with cochlea Americas. AB MED-EL can be non --simultaneous or paired or partial simultaneous.
All right.
Let's talk a bit about electrical circuits and you know likely that for every electrical circuit you need a power source and battery and active electrode. It has to go to a electrode that will be the resistive component. Come out of that contact.
And you have to have a grounding electrode. It has to be grounded. Otherwise electrical current just goes everywhere.
So it has to be grounded.
Of interest, cochlear implants all have built in capacitors to off set any electrical charge. No risk of person getting a big zap. All are built with a capacitor to help off set the charge.
Across implant types there are different ways of grounding the electrical current. Examples are monopolar where the active electrode is coupled to a common extra cochlear ground. Outside the cochlea.
Bipolar is grounded to a neighbouring intercochlea electrode.
Tripolar where the active electrode is grounded to its two neighbouring electrodes.



And common ground where the active electrode is grounded to all the other electrode that are also inside the cochlea.
So let's look at what that looks like. All right.
So this is example of monopolar. Those are the contacts along in these squares.
And this is the external -- sorry internal receiver stimulater. The part that houses the mechanics. This is the active electrode and that is grounded to these extra cochlear contacts that are outside the cochlea.
So that means that the current spread or the current field is between the active and the ground.
So the majority of stimulation is going to come out of this active electrode.
But the electrical field is created by the distance between the active and the ground. That creates the electrical field.
All right. That's monopolar.
Bipolar means that the active electrode is coupled to a neighbouring electrode.
So the active and the ground electrode are right next to each other.
Meaning that the electrical field is very



narrow. Just between the active and the grounding electrode.
So they are right beside each other. The electrical field is really narrow.
In tripolar, the active is here and the ground electrodes are on either side.
So tripolar is grounded to these electrodes on either side. The electrical field is also really narrow so it's just between those active and those ground electrodes.
And then in common ground, the active is coupled to every other electrode on the array.
So here the electrical field is pretty broad.
Because it's moving between the active and all those other contacts.
I bring up the electrical field because the broader the electrical field, the more neurons that are going to be stimulated.
The narrower the electrical field, the more discreet the neurons are that will be stimulated.
So ideally, you might think, if I want to stimulate a discreet population of neurons, I want to use the bipolar or tripolar. Creates a narrow electrical field and I will only stimulate that population.



The problem is, when you go to change the amplitude of the pulse that's coming out of each contact, because it's such a narrow population of neurons, it takes a long time to get enough current in there that the person says, yeah, I can hear it, it's loud enough.
And the more electrical current you put in, the more risk of it overlapping with other electrodes.
So the coupling interacts with how much current will go through the system.
At present, the default across manufacturers is monopolar.
Because it's a fairly nice compromise of having decent discreet stimulation with electrical fields that's big enough that it keeps the stimulation rates at low enough level.
STUDENT: Repeat.
INST SLADEN: Yeah. Now the default is coupling arrangement is monopolar because allows discreet enough stimulation while maintaining low stimulation levels.
If we use something more narrow, our stimulation levels go way up and if we use something this broad, we may get a lot of distortion because across so many different populations.



And again, I want to emphasize when we have this arrangement the majority of electrical stimulation is coming through contact...the electrical field is going to stimulate other neurons.
So other neurons will be firing at that same

time.



Okay.
So I think this states what I have mentioned. So [reading].
May be high levels of current. Monopolar

provides broad excitation [reading].
And if we look across bipolar and monopolar we see the same kind of phenomenon which is that it depends on the patient.
The majority of patients prefer monopolar so that's the default but some would do better with bipolar.
You likely learned about critical bands.
In your psychoacoustics class. And thinking about critical band is psychoacoustic thing that we have -- 32 critical bands? I think.
That are distinct bands of perception.
And if we look at critical band for acoustic listener and a critical band for different forms of coupling, we see that tripolar and bipolar give us



fairly discreet stimulation.
But monopolar gives us this wide stimulation.
So our critical band is fairly wide with monopolar compared to tripolar or bipolar.
I bring this up because it's another example that in electrical hearing, we don't have this same degree of discreet perceptions.
So in acoustic hearing, you have -- we have, people with typical hearing have ability to perceive very small steps in sound changes.
But in electrical hearing, the bands of hearing are so broad that we lose a lot of that discreet nature of sound perceiving or sound perception.
Okay.
I will get through this idea of channels and then we will take a break.
We have talked about the number of electrodes that we have, and the current manufacturers advertise their systems as multichannel cochlear implant systems because they have multiple electrodes.
I would argue that it's accurate to refer to the devices as multielectrodes systems but to talk about them as multichannel requires us to have deeper understanding of what a channel. I think of channel as a spot that offers me novel information and the



information is different from the other channels that are in that system.
And the example I use often is one of your TV at home. If you are changing channels on the TV and you get GILLIGAN's island on every channel. Only one stream of information. Multiple sites to visit but only one channel. Same with cochlear implant. You may have multiple electrodes, but if you hear the same thing on every electrode, that's one channel of information.
And I kind of laid this ground work that the electrical information from one contact can interact with the electrical information from another contact and they can stimulate similar population of neurons...one and two may be so close together in the fluid filled system that they are really stimulating the same population of neurons so they may be really the same channel. Across the two contacts you only have one channel of information.
And to really get at how many channels of information a person has in their implant requires some high sophisticated psychoacoustic tests. You need to do measures of forward masking and back ward masking to figure out at what point does this channel independently stimulate compared to the adjacent



channels. That's not feasible in clinical settings. We only know about channels of information by manipulating how many electrodes can fire or doing other psychoacoustic tests. But you read this -- from the Shannon paper. You read already that we know from studies of people with implants and people listening to simulation you need at least four channels of information to understand speech and you need more channels for complex listening like listening in noise or music perception. Implant listeners performance tends to increase as you move from one channel to two to three to four channels but then the performance tends to plateau around five to 8. Going beyond 8 channels doesn't improve performance. So whether you have 22 contacts or 16 or 12 doesn't matter.
Performance will be the same across the three manufacturers.
Because people plateau at 8. Having multiple contacts may make a difference if you have a turn some off, like say for example, a surgeon went to put array in the ear. Partially ossified. Only half way in.
Now I have 11 contacts instead of 22. I should still do okay because I'm telling you you need five to 8 to plateau. Having multiple contacts is advantageous only if you have to turn off some electrodes, you have



more to choose from. If the surgeon put a MED-EL device in the ear and only 12 contacts and only got half in, only have 6 now. Having multiple electrodes is only advantageous if you can not use all the contacts and need some turned off. Otherwise it doesn't make a difference for performance.
Okay.
Let's pause here and I will show you some examples of what I mean by channels after.
10:27 so 10:37.
[Break]. INST SLADEN: Okay.
So I want to drive home this idea of channels.
And in this early study, from fishman, they wanted to delve into how many channels are need to understand speech and they did it by manipulating the number of active contacts on the array.
So here we have the number of contacts.
20 on this one.
And here we have the frequency bands up here.
And so when all the frequency bands correspond to one electrode, we have this 20 electrode system.
And when you double the band going to one contact, you cut that in half. Now only have 7 bands or contacts that are active and you can make that even



more extreme. You can have all these bands going to one contact. And have a four channel system.
This -- it's important to note, when you do these study you need to space out contacts on the array. This is a convenient way of doing it, having all these frequency bands feed into one contact.
So each contact is getting a really wide range of frequencies.
Here we have the number of electrodes that are active and percent corrects on a speech recognize task and this is consonants. As you go from one channel to two, to five, to 8 and 10, you have a significant jump in percent correct but it plateaus after 8.
And the difference between having 10 contacts and 20 contacts is nil.
So that was work in people who had cochlear implants.
Another way of studying this question is to use simulations.
Simulations are nice because you can avoid the things that are happening with the person with a cochlear implant. So the person with a cochlear implant brings with them their long history of hearing loss and their use of hear aid or not, the etiology of the hearing loss, meningitis or congenital, whatever



it is. That brings its own set of confounds and if you study simulations in typical hearing people you can avoid all of that. What happens in someone with a typical hearing if given one or four channels. Do we see the same patterns of performance as in cochlear implant listeners. Another way of understanding what is the effect of channels.
When people create simulations of cochlear implants, you can do it two ways. You can use a noise vocoder or a sign vocoder. A noise vocoder takes a broad noise, like a gazion and puts it through a band pass filter and -- band pass filtering and breaks it into the varies frequency components and extracts the envelope so you end up with a simulation where a broad noise was a source as opposed to speech.
A sign vo coder takes speech and does band pass filters and creates a sign wave at the frequent...of the band pass filter and sums them back together to create the simulation.
I would say across studies, I think noise vo coded simulations are more popular than sign vo coded simulations but the experiment may have one reason for using one or the other. Let's listen to a couple of examples.
You can listen to these on your own. Google



cochlear implant simulations and it will take you to a website from louso(?)researcher from Dallas who passed away but I've been teaching this for more than a decade and this web site stayed the same. Homage to him kind of.
Let's listen to one channel of a noise vo coded simulation.
Why is it saying no access to --Let's see what happens.
[Audio playing].
Doesn't like being online, does it? I will try

this.



again.



[Audio playing].
It's not going to be perfect but let's listen


[Audio playing].
And probably all anyone can hear is -- a noisy

staticy sound.
But what you can hear is the on set and off set.
You can hear speech going up and down.
Right?
So giving you a tempo and periodicity...and the original sound was -- [audio playing].
The boy did a hand stand. Okay.



Let's listen to two channels. [Audio playing].
Again. [Audio playing].
I can hear again a really noisy signal.
I think I hear a bit more high frequency content here than I did before but I don't hear words. Anyone hear any words?
The original sentence was, [audio playing]. No, I didn't get that.
All right. This is four channels, remember research tells us at four channels, that's where people usually start to hear speech.
So you may or may not hear something until four
here.
[Audio playing].
If you thought you heard a word, raise your
hand. I will play it again. [Audio playing].
Two hands. Three hands. Four.
Six.
Okay. Six hands.
Now for those who raised your hands, were you
right?
[Audio playing].



Yeah? No? So no?
May be one person heard is accurately out of 12. Four channels. Let's try six.
[Audio playing].
Few nods. Let's do it again. [Audio playing].
Yes? Okay.
Then think -- keep that in your mind and tell me if you were correct. [Audio playing].
Yeah.
So six, looks like majority of people could hear

it.



I'm going to try something here. Did those captions ever come up? No?
Okay.
This is the version that's down loaded on the

computer so I think it will play better here.
Okay.
So that example was speech suggests that people start to hear speech at four, majority of people can hear it with six channels of information and let's do the same -- similar example but use a sign VO coded



example and this is going to use music instead of speech.
Now, music is obviously tougher because there's no content, no redundancy for us to tap into. With speech you can latch on to what I'm saying and follow my train of thought as I say my words.
So your knowledge about language can predict what I'm going to say so you can fill in gaps. It's pretty clean signal. Music is tougher if doesn't have lyrics because it's unpredictable and don't know where it's going to go. This is one channel from a popular piece of music.
This doesn't like me at all.


STUDENT: Captions.
INST SLADEN: The captions are there.
I should give up on trying to play videos.


STUDENT: Never give up.


INST SLADEN: Thank you for the encouragement. [Audio playing].
Very up set. One more try.
[Audio playing].



All right.
Well, I won't belabour the point.
What I was hoping to show you was that as we move through one to three channels, you can't hear the music and by six, some people usually do.
And then in second example, we play the original segment first so you hear what piece of music it was and everybody can hear it at six and three and usually not one but illustration helps to drive the understanding, two things happening with the sound processing. One is that we need minimum number of channels to hear it. You need a minimum number of channels to access your memory of this music and identify it.
But in the second example, when you know it, you are able to use that information to fill in the gaps and you can recognize it even with only three channels of stimulation.
So there's this important interactive relationship between your sensory processing, how much information you get, and your top down application of that knowledge. What you bring to the situation.
Your knowledge of language, knowledge about music, whatever it is, you are able to apply to that experience and fill in any missing gaps.



And I like that it the example because it drives home this idea that implant are successful for people post linguistically deafened who know what language is, or given early in life to infants without experience to sound but are in the critical development period...top down processes.
Should I even try this video?
I'm going to because it's a YouTube video, not a waveform.
All right. So see if it plays. [Audio playing].
All right.
I will send you the link and you can watch on your own.
But talking about sound quality ratings earlier and the expansive cochlear implant candidacy to single sided deafness opened now research area, someone with typical hearing on one side and cochlear implant on one side, listen to the implant and then listen to the simulations and tell us how close are we. For the first time we can have someone tells us if the implant -- how the implant sounds and make adjustments to a simulated sound so it comes close to what the implant sounds like.
The first cochlear implant that I worked with,



the patient with single sided deafness, I told the surgeon that it was a really bad idea because the person was going to be listening through cochlear implant comparing to the typical hearing ear and think, oh, that sound really cruddy compared to what I'm used to, I don't like it, I won't wear it and we will have gone through all the risk of surgery and cost just for the person to become a non-user. Well that person was a social worker from Minnesota and she was very assertive with her health care. Said to me, you do this with people with bilateral hearing loss.
Why not do it with me. I told her, trying to lock out for her and not do a surgery that won't result in continued use of the device. And she was persistent and we ultimately did do it with her. I played for her these noise vo coded simulations before surgery hoping it would talk her out of it. It didn't. After implantation, after six months of implant use, during a programming session she said don't ever play the simulations for anyone ever again because they are nothing like what I hear. What I hear is way better than those noisy simulations that you played for me early on before getting implant.
And this study from doctor dorman's lab confirms that. And so this -- why --



Any way, the patient that they are working with has an insert on one side and they are playing simulations and an implant on the other. She can adjust the simulation so matches the implant. And you are able to hear with what the simulation sounds like and the sound quality is way better than what we know from the experiments...
Okay.
So hopefully I have convinced you that you have all the sound going in, and implant listeners are able to make use of the information up to about 5 to 8 channels and no change in performance after. Several reasons why the case. One is may be a frequency mismatch. The most apical contact on the electrode probably has a center frequency of 250 or 300 Hertz but sitting in a spot that is probably best suited toward 900 Hertz. There's a frequency misalignment between the sound delivered and the spot where it's sitting in the cochlea.
The misalignment is greatest in the lowest frequencies because array doesn't go that deep into the cochlea. There's some misalignment in the higher but not as great. Higher frequency are better represented in implant than lower frequencies.
One of the things that you took away from the



Shannon article was that when you have this kind of misalignment, you are able -- you're ear and brain are able to make sense of that to a degree but if it's grossly misaligned your brain can't reconcile that, even after training.
So sounds that are grossly mismatched will never be perceived well through an implant.
I introduce you to the idea of green wood frequency mapping along the cochlea showing specific spots in the cochlea sensitive to specific frequencies and you can then look at where an array is sitting in the cochlea uses CT scan. Make an estimate, is it delivering sound to the right spot of the cochlea.
And the answer is generally yes for higher frequencies and no for lower frequency. This is example from
MED-EL. They have 12 contacts along array. And the location of the array is shown here in the insertion depth angle. This is going 720 degrees into the cochlea.
720 raidal degrees into the cochlea.
And I think I told you that the lowest frequency boundary for that contact is 70 Hertz and it's being delivered to 150 Hertz. That's not so bad but this one goes really deep. Most don't go over 360 to 400. That case will be delivered to 800...more pronounced



in the lowest frequencies.
This is early scan from Ketten from Harvard and she used the clarion device and that device was ranged in pairs of contacts.
So this is the most apical pair.
And you can see it's going in more than 360 degrees.
But nowhere near the apex of the cochlea.
A second reason that we may not be able to take advantage of the all the sound coming through the implant is may be spots with no neurons. The pulse may be delivered to an area where there are no neurons to fire.
We would know that in our programming because we would take our pulse way up and they would never respond.
So we would know if there was a region with no neurons.
And this schematic shows example of what a cochlea looks like with healthy population of ganglion spiral cells and with not. This happens with some etiologies, like meningitis tends to result in a very low number of spiral ganglion cells. Ototoxicity tends to target spiral ganglion cells and chemo therapy hits those cells too.



So we have frequency mismatch, holes in spectrum. The third and most popular theory about why we are not able to take advantage of all those different frequency bands is there's channel interaction. Where the electrical information is spreading around inside the cochlea and overlapping with other frequency bands or other electrodes.
And that causes distortion.
If you are hearing the sound from electrode one, from the space of electrode two, that's going to distort the signal and we will have a loss of clarity.
There's ways of minimizing that.
And the most popular ways include making a electrode array that is going to minimize channel interaction by getting the array closer to the spiral ganglion cells. The closer you are the less current you need to put out for the neurons to respond. If you can get closer and hug the MEDIALIS less channel interaction...
Other ways include the electrical coupling. You get more discreet stimulation...and we can think about using...instead of fully simultaneous stimulation.
Those are alternatives but by far the one getting the most attention is electrode design and positioning.
Getting the electrode array closer to the



MEDIALS and closer to the spiral ganglion cells. I showed you example of what the ideal situation is, where we have a very narrow electrical field. This would what would look like if the electrodes sitting further from the spiral gang cells, they have to put out more current do get those neurons to fire and as a inadvertently are stimulating adjacent neurons so overlaps in current -- in electrical stimulation that causes that loss of distortion.
Again this is the scenario we like to have. Okay.
So I spent a lot of time telling you there's a limit to how many channels of information you can get into in a cochlear implant because of the nature of electrical stimulation and I want to share with you up dates on that hole idea.
For couple of decades, this was the prevailing thought was that the you couldn't get more than 8 channels.
Those studies were done with early cochlear implants systems with the arrays that are very large and they tended to bend and kink and destroy intra cochlea structure as they went in. So bares some investigation to do studies that use more current electrode arrays. Ones that hug MEDIALIS may be



more...if not having to use the current...we also have varying types of electrodes now.
We have electrodes arrays, thin and sleek and go in around the outside wall and don't damage the structures. And we have ones that are precurved they hug MEDIALIS to try to get to the spiral gang cells.
And Katy berg and Gifford at VANDER built did studies. Can we get more channels of information using modern day cochlear implant systems. They used a similar arrangement as fishman article. Took cochlea America's device and they had all the electrodes going and had ones where they had a fewer number of electrodes going.
And this one had 16 active bands.
This one had 12 bands. 8 and 4 bands. All the frequency information is being preserved. It's just being funneled into a smaller number of electrodes.
This is frequencies 180 through one thousand. This is a thousand through 2 thousand. Two thousand through four and four through 8 thousand. Preserving the breadth of the frequency information but funnel it into a smaller number of channels.
This is what they found. Here we have performance.
And I will pause here for a moment and



explain -- I don't think I have explained RAU before.
Right?


STUDENT: I think you did. INST SLADEN: Did I?
To the entire class? Good. Okay.
If you are okay with it, do you recall RAU?
Rationalized arcsine units?
STUDENT: During our meeting.
INST SLADEN: May be during a lab meeting. STUDENT: My bad. Sorry.

INST SLADEN: When we have percent correct scores, we have a range of outcomes from 0 through 100 percent.
And in some studies, you find scores gravitate towards the bottom.
And some scores may be that gravitate towards the top. This is the ceiling of a test and this is the floor of the test. And in studies where you look at performance over time, let's just ignore this one here, let's say we are measuring performance over time, under different listening conditions but it's the same test, right?
When you do the same test, under different



conditions, and you are looking how performance changes.
This is called repeated measures design. Doing it a number of times under different conditions. When you do the analysis it looks at variance.
Well, because I'm in the ceiling of a test, my variance is compressed. May be people went above 100. I don't know. Ceiling of test. It's possible you miss the effect of condition because you are so far up on the performance scale.
One way to deal with that is manipulation on the data to convert this from percent correct to what is called a rationalize arc sign unit. Otherwise known as RAU.
What RAU does is it takes your data that's in the floor and in the ceiling, and it expands it.
So it just converts it so it goes above 100.
Goes to 123.
So expands it and allows you to see how the data really vary without being compressed.
Or in the ceiling of the test.
And that's what they did here. They did that because they had all these data points that were in the floor. And they might have missed some important significant deferences that were happening if they had



not converted it to RAU.
RAU -- converting does little to the data between 20 to 80 percent correct -- it's really the upper and lower ends.
Okay. So on this figure, we see performance for single words. CNC words. AzBio sentences in quiet [reading].
And what you can see is really impressive improvement of performance as you moved from four to
16 to all on.
Showing us that people that have current cochlear implant systems are able to take advantage of more channels.
Likely because we have implant systems that are preserving the intracochlea structures and able to provide more distinct stimulation...
This was 2019 study. And these were all cochlea America's participants. They repeated this work several times. And so in this 2020 study they had 18 device. 7 [reading].
Meaning that they were supposed to hug the a ray but translocated. Didn't stay where they were supposed to and 11 lateral wall. Found like early research, the performance plateaued at 8. Reenforcing the idea of historically we had a limit of 8 channels



because the arrays doing probably cochlea damage. When you take patients...get a similar outcome as earlier pieces of research. The MED-EL device only uses lateral wall arrays.
And they found that the optimal number of channels is 8 for speech recognize and 12 for sound quality. AB device, 15 people and found they plateaued at 10 channels for speech and also for sound quality.
And finally, in pediatric study, 10 children with precurved arrays, closer to the middle MEDIALIS and did CT scans to see where they were sitting. When you do a CT scan to see where sitting is called a scaler location. Four had confirmed scaler translocation.
Sorry.
Four had confirmed placement scale tympany. One in [reading] four that were between the scaler tympany and...and one without imaging. Across the patients, the number of electrodes activated are necessary for speech was four, 8, 12, 16 and 22.
We lock at their percent correct scores, from 4 to 16 and 16 of M we see increase in performance all the way up through having a 16S -- 16...[reading] sorry this one plateaued at 12.



This peeks at 16.
So from these data, we see that the number of channels you can get out of the cochlear implant system depends on how the implant is sitting in the inner ear.
If you have a device that is sitting really well, and a precurved array you can get the most benefit from all the all electrodes on. If you if you have one implant is going from one scaling to the next you may be limited to 8 channels of information.
Okay.
Let's pause there.
I have another slide deck to get through on impedence but we can postpone that to next week.
Do you have thoughts about channels of information or why we are not getting as many channels as we have electrodes?
That was a lot of information in a short amount of time.
Okay.
Well, think about it. If you have questions bring them next week and I promised to get the up dated syllabus up this week so you can see how I moved things around a bit. I want you to also know that on September 29 pediatric audiology class is at BC



Children's Hospital. In instead of a lab that day we will stay there and someone from the bone conduction program, implant program will give a lecture to this class starting at 1 o'clock. So we will have the pediatric audiology meeting from 9:30 to 12 and break for lunch. The we will stay there and Jordan will talk about bone conduction devices so not meeting here on campus for the implant class that day. There will be no lab that day. September 29th.
So just plan on bringing your lunch to B.C. children's or staying there and getting something from the cafeteria.
We will be there for the day.
If that causes a hard ship with anyone, in terms of travel or transportation, let me know please.
Okay.
We will see you next week.
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