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Abstract

Hearing aids have been tremendouslgcessful at restoring some hearing abilities for people
with hearing i mpairments. However, even witd.l
patients still have an abnormal degree of difficultyderstanding speedh the presence of

competing talkers. Hearing scientists believe that listening in complex acoustic environments
such as thisnay require the use of details in the acoustic waveform that might otherwise be
unimportant. Some research suggests tha¢ adaptation rateat which hearing aidactively

amplify soundsmay determine the amount of acoustic information that gets passed to the
auditory nerve. Researchalso suggests that the best adaptation rate for a given patient may
depend on the underlying phetogy of that particular patient. This paper evaluates the
importance of thidine structureinformation in terms othe underlying physiologyhearing aid
amplification strategiesand the resulting neural responseBy combining ideas from the

behaviagal and neurophysiological studies presented Hgseypose a study to identify how the

amplification speed may be chosen to improve the encodirigefstructureinformation for

patients based on their individual physiological impairments.




1 Introducti on

The World Health Organization estimates that 278 million people have a disabling heaffhg loss
These impairments can severely limit communication, and have been shown to reduce quality of
life °©. However,experts suggeshat regular use of a prescribed hearing aid can significantly
reduce depression in addition to improving communication, cognitive function, and social and

emotional welbeing®”.

In a normally functioning cochleg@as shown inFigure 1), several rows of outer hair cells
actively amplify the Mbration of the basilar membranand a single row of inner hair cells
transducs this vibration to electrical signals for the brai@ne common type of hearing loss is

the result of impaired hair cells (often due to noise exposure or aging) and is referred to as
sensorineural hearing loss (SNHL)The typical model of SNHL assumes that most of the
impairment is due tdamageduter hair cells which normally amplify low intensity sounds but

apply less gain to sounds that are already high intetisity.

OHC IHC AN
FIGURE 1. ANATOMY OF THE COCHLEA, INDICATING INNER HAIR CELLS (IHC), OUTER HAIR

CELLS(OHC), AND AUDITORY NERVE (AN) FIBERS [ADAPTED FROM KIANG 19847




A hearing aid often attempts to restore this damplification) compressing the dynamic range
to make soft sounds audibiéhile keeping loud sounds relatively comfortabklthough hearing
aids have been tremendously successful in many situations, patients still have an abnormal

degreeof difficulty in acousticallycomplex environmentS.

Normal hearing people have tmemarkable ability,commonly known as the 'cocktail party
effect?, of understanthg a single person in a room full of other people speaking
simultaneously. Hearing impaired listeners often complain of an inability to pertmtmtasks,
even when all the sounds are individually audiiiriquesnol/ pointed out that people may in
fact 'listen in the dips of the of the backgroundhoiseto extract information about important
sounds from a complex mixtureNormal hearing listeners seem to be able to use the small
amount of auditory information in short, relatively quiet intervals, but hearing impaired listeners
have trouble hearinip this situationsLorenziand colleague8 suggested thahe temporal fine
structure TFS) of the acoustic waveforrms important for understandingpeechin complex
acoustic environments and showed that the ability to listen in the presence of ntbdaisteis
strongly correlated withthe ability to utilize TFS. Figure 2 shows an example of a signal

decomposed inta slowly varying envelopeE] andrapidly fluctuating temporal fine structure

(TFS).

FIGURE2. ENVELOPE(SOLID LINE) AND TEMPORAL FINE STRUCTUREDASHED LINE)




Moored s r e s e’3hasrdtenttysuggested that hearing aids with fasting gain control
may help restore some of this ability. They propose thatiiae constantgas will be defined in
chapter threemay be necessary to preserVES and applying such a strategy may in fact

improve speech perception in cocktail party scenarios.

By comparing the neural coding of normal ears with impaired (and amplif) earé* ’2 one
should be able toidentify the compression time constantthat bestrestore this coding to
normal. More specifically if precisetemporal coding is indeed important for speech perception
in a complex acoustic environmedgsign modifications thanhancdeemporal coding maglso

significantly improvespeectperception in noisy environments

Hearing aid gain strategies afiest discussed in terms of both behavioral gid/siological
responses. Auditory coding is then discussed, againth respect toboth the behavioral
relevance andeur@hysiological evidence. Finally, some novel experiments are proposed,
which aim to identify improwments to currentamplification algorithms for some patient

populations.

2 Methods of Literature Review

A vast amount ofiterature was evaluated for inclusion in this paper. Topics were generally
classified as neurophysiological studies, behavioral (psychoacoustic) studies, or review papers
(which often try to compare physiology with behavior). As the goal of the propesedrch is

to utilize physiological metrics to improve behavioral performance, a good balance of these
topics was a primary goal when analyzing the literature. However, because the focus is on
peripheral neurophysiology (i.e. auditory nerve), studiesised on more central auditory

processes were generally excluded. Behavioral studies were limited to those that specifically




address the importance of stimulus envelope and temporal fine structure. Other studies were

only included for support and to pro context.

Searches for literatuigenerallypegan with journal articles that were discussed in classes and lab
meetings. To find related papers, the reference listoftas used as a source. In some cases,
correspondence with the authors resultednore sources. Citeseer and Google Scholar were
used to find other (and possibly more recent) articles that cited ones previously found.
Occasionally, searches began without any previous material. These literature searches usually
began with a Google Wetr Google Scholar seardar a specific topic If useful information

was found on a website, a more extensive search was performed to find the source of the
information. Only information from technical books and pestewed journals was included in

this paper. A thorough patent search was also conducted, using the USPTO website and Google
Patents. Only patents that addressed both temporal processing and physiological modeling were

considered for inclusion.

The Purdue Library search engine was usdaeénsively for finding the text of these papers,
usually using the databases included in tedicine + Health and Engineering + Tech
category searches (such as PubMed, MedLine, Compendex, Inspec, Science Citation Index, etc).
Articles that were not &ely available through Purdue were ofteand on the authors' websites

or obtainedhrough personal correspondence




3 Amplification Strategies

3.1 Automatic Gain Control

The basic function of a hearing aid is to amplify sound. Whether the goal iy $omestore
loudness or to improve speech intelligibility, the gain of most modern hearing aids is n8nlinear
Just as a normal (nonlinear) cochlea wouldearing aid can apply substantial gain to low
intensity sounds and less gain to sounds that are already of high intensity. As skayune8,

the slope of the ing/output function of a nonlinear hearing aigdhy definition,less than one.

The gain in this example is decreased as the input level increases, thus compressing the dynamic
range of the sound presented to the ear. Because hearing impaired listenenave linear

loudness growth angerceive loud sounds normally (known as loudness recruitment), the
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compressive gain of a hearing aid is designeastore nonlinearity by amplifyingoft sounds

but minimally affecing more intensesounds.

To automatically control the gain electronically, the incoming sound level is detected and the
gain changedccordingly®. As shown irFigure4, a hearing aid typically splits the signal into at
least two frequency bands, detects the incoming level, and applies the appropriate amount of

gain.

input output
N\
Detect
Level
Detect
Level

FIGURE 4. SIMPLIFIED HEARING AID BLOCK DIAGRAM i THE INPUT IS FILTERED INTO 2 OR MORE
FREQUENCY BANDS, THEINPUT LEVEL IS DETERVINED, AND THE GAIN FOR EACH FREQUENCY
BAND IS ADJUSTED
However, this gain adjustment does not occur instantaneously. Because a singlelsampt
accurately represent the intensity of the signal, the level must be detected over some time
interval Additionally, the gain is often controlled to clge somewhatslowly over timeand
thus minimize distortiofi’. (Fast amplitude modulation can result in spectral components that

may not otherwise exist.) Typically, the change in amplitude is described by the exponential

t . .
function,y = y,e =, wherey is the amplitude with initial conditiongyt is time, andUis a time

constant that is chosen by the desigfierFigure 5 shows some examples of fast and slow

compession.




When the signal level rises above the threshold, the gain is reduced as a function of time. For
fast timeconstants, the gain is reduceder a short period of time. As implemented in many

hearing aids, this time constant is often a few nadlands, which corresponds to the

Original

Slow Compression
______ Threshold ____ S

amplitude,

time

FIGURES5. DYNAMIC GAIN CURVESiT SOUNDS ABOVE THE THRESHOLD ARE COMPRESSE OVER
TIME. FAST COMPRES8N RESULTS IN FASTRR GAIN ADJUSTMENTS THAN DOES SLOW

COMPRESSION

approximatelength of asyllable. For slow time consits, the gain is changed slowly, taking
many seconds in some desigh€ne advantage of a fast compression system is that short, quiet
syllables will be boosted to levels near those of nearby syllables. However, iraddithe
desired signal, noise mlsoboosted, often resulting in an ebjionablepumpingor breathing
sound®. Slow compression systems do Boffer from noise pumping, but any quiet soutigs
follow a period of intense sounds may not returnedto audible level$? It has also been

pointed out that relatively slow time constants may be desired to preserve the slowly varying

10




envelope of thesignal® However , an O6optimal déd time constan

proper envelope and TFS encoding.

3.2 Noise Control

In a 'cocktail party' situationin which many people are speaking at once, hearing impaired
listeners often have trouble segregating the voice of the pdismtly in front of them from all

the other voices. Unfortunately, this is a very difficult problem to soltgearing aid
manufaturers have tried to minimize background sounds with directional microphones, adaptive
digital noise reduction, and use of binaural hearing aids to improve locali2akitamy of these
techniques are used in modern digital hearing,dids$, unfortunately, only about 50% of
patients are satisfied with the performance of their hearing aids in noisy sitdati®eshaps

one reason for thislissatisfactionis that computational algorithms are not currently able to
decide what information is important to preserve and what is background noise. Interestingly,
one of the most successful technologsethe use of two hearing aids which are connected (often
wirelessly) to provide botlstereo compression and microphdmeamforming for improved
directionality*® This technology simply helps the patient localize the various sounds and leaves

the job offiltering to theear andorain.

One reason for thdifficulty with noise reductions the fact that the physiological mechanisms

of hearing impairment and subseguemplification are not well understoodlthough a vast
amount of research has gone into the behavioral results of hearing aid design and fitting
strategie? °> 8 8 |ittle is known about the underlying physiology of hearing aid use.
Knowledge of such physiology may be beneficial and may offer new insights into the design of

auditory prostheses.
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3.3 Gain Control in Normal Physiology

Theeatbr ain system normally provides its own gai

there are three primary sources of active cochlear gain adjustment, as stfeiguré@®6. The
outer hair cellfOHC) provide the first stage of gain control, reacting to the acosstiulus by

changing lengththus amplifying the vibration dhe organ ofcorti.> *°

(In fact, the mechanical
motion of the outer hair cells creates additional acoustic energy, known as otoacoustic emissions,
that can be detected with a microphone in the ear ¢4i81.As Rhodé&® showed in his seminal

work, the gain of the cochlear amplifier is compressive. The gain provided by the outer hair
cells is also frequency dependéntt may be as high as 60dB at the base of the cochlea (in
response to lovievel high frequency stiuli), with litle to no gain at the apéX. Recioand
colleague¥’ showed that compression could be seen in as little as 100ps. Compression this fast

would normally introduce severe distortion bbecause the gain is applied to only a very

localized region, any distortids bandlimited and wouldmost likelybeimperceptible.

The second source of cochlear gain control is the Medial @onchlear (MOC) system(see
Figure 6). Cellsnear the medial superior oliva the brainstenproject axons back into the
cochlea and innervate the outer hair cellBhe strength of this flex appears to be equally
controlled by both eaf5and is known to have two distinct time courses. The fast effect has a
time constant of 360ms, while the slow effect has a time constant closer #60%8c-* This
moderately fast gain control mechanism appears to be, in part, a protective methamem
some scientists hawaiggeste that the MOC system may serve to increase the sigimadise

ratio in noisy conditiond’ Unfortunately, the strength of tHdOC reflex (as measured with
otoacoustic emissions) appears to vary substantially from person to pgreanamong those

with normal hearing.

12




MOC:
Fast: t ~30-60ms

Braii | Cochiea Slow: T ~ 10-50sec
Higher Brain .
Centers
|
?.’ P
o || Mol OHC:
. I AN Fibers
N L (Type Il) T~ 100ps
ol
A7 e |—< ; :
Cochlear _,X‘ .. “~JCochlear ./ N Elbera
Nucleus f----="" S==eecaa==d Nucleus (Type I) e—| IHC |~ OHCs
Opposite
Side
—
Cochlea " e— Sound In
Apex Base Middle Ear—DOAE Oiit

FIGURE6. PHYSIOLOGICAL GAIN STRUCTURE AND TIMECONSTANTSi THREE PRIMARY GAIN
CONTROL MECHANISMS (LOCi LATERAL OLIVOCOCHLEAR EFFERENTSMOC i MEDIAL
OLIVOCOCHLEAR EFFEREBNTS, OHCi OUTER HAIR CELLY ARE SHOWN ALONG WITH THEIR
RESPECTIVE TIME CONSANTS

[ADAPTED FROM GUINAN 20063}
A third and slower gain control system, the Lateral Oftaxchlear (LOC) system, uses a set of
efferent fibers that come from the lateral superior olive. These cells receives $ignaboth
ears and innervate the auditory nerve fibers irsime hemisphereLOC efferents appear to be
useful for slowly J~10min) balancing the output of the two ears, based on interaural level

differences™ * There may also be some efferent control from higéneel brain structuréd

but little is known about such pathways

A hearing aid should be designed to replace any impaired gain control mechanism. If OHCs are
damaged, it would make sense to partially replace both theadasg gain of the OHCs
themselveshut also the slower acting gain of the MOC efferents. If IHCs are damaged, it would

make sense to use a primarily slow gain control system in a hearing aid. A mixture of both IHC
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and OHC damage will likely require a moderate time constant that is tan#kefprecise ratio

of IHC/OHC damage.

3.4 Physiology -Based Hearing Aid Design

Biondi® suggested thaby comparing normal anithpairedraided neural codes, a hearing aid
might be designed that minimizes this difference. Several scientists have used computational
models of auditoryphysiologyto implement such a systetnt™ ** 8 For example, Bondy **
attempted to minimize the difference between normal and impaired coding. However, the
authorsconsidered only theateplaceencoding of the auditory signals and did not calculate any
measure of phase lockingPhase locking refers to the fact that auditory neurons tend to fire in
sync witha particular phase dhe stimulus waveform.More recently, Bruceclaims to have
calculated neural information based on both average discharge rate and spike timing. However,
the only difference between these two measures wakerigéh of tke averaging window; the
authorsused a very short window size to determine timirRruceaveraged spike counts using a
Hamming window length of 256, which has the effect @fttenuatingfluctuations faster than
approximately BkHz. This metric mighttherefore measure timing (e.g. phase locking) in
response to low frequencies, but it may not be suffidie@ause synchronous timing can be
measured up to at least 5kHz in the auditory férvBecause precise timing may be important

for hearing in complex situations, future physiologicdibsed designs should consider metrics

that include bothong-termrate andorecisetemporal coding.

Goldsteiri®®® has proposed a physiolopased hearing aid design that provides both
instantaneous gain (similar to outer hair cells) and a slow adjasinthat gain (to mimic MOC

efferent control). This is a promising systentut it is unclear how well it performar how

14



individual differences would affect the resultsA comparison of neural coding the

impaired+aided system with a normal systeould shed some light on these questions.

Unfortunately, no previous study has thoroughly characterized neural coding in response to
hearing aid gain. Of particular interest is the effect of time constants on neural coding, because
this may have a signifamt impact on speech intelligibility in complex listening conditions.
Stoné&® evaluated various compression speeds in a competing talker scenario and argued that fast
compression speeds may degrade speech intelligibility in these conditions. However,
Gatehous® **and Mooré” point out that some patients may benefit from different compression
speeds than others They argue that individual differences in physiolofg.g. different
combinations of inner and outer hair cell damaga)y necessitate different time constants.

this is indeed the case,thorough physiological study of auditory coding in responseatious

hearing aid time constants would be beneficalich a study has not yet been published.

4 Auditory Coding

There are two primary ways in which sounds are encoded in the auditory nerve. The first
method, often referred to as rgtlace encodingassumes that the cochlea acts as a spectral
analyzer, resulting in neural firing rates that vary with the level at various frequencies. While
this is accurate, the timing of the action potentao appears to be importantFor various
stimulus fregiencies (especially frequencies below abcebkHz), the neural spikes are phase
locked to the stimulu¥ This second methoof encodings often simply referred to as temporal
codng. In fact, the auditory system appears to use both timing and rate as a function of place

along the basilar membrah®.

15



Neural coding of speech, in terms of both rate and tempodahgois an important area of
research.Sachs and Younfyst characterizetoth rate codig and temporal coding of vowels in

t he | at’®® Si@aceta tme, here has been much researchtba topic of speech
coding but oneparticularly interesting debate in the field now is the relative roles of the

envelope and temporal fine structure in both neural coding and speech percerttith

4.1 Envelope and Temporal Fine Structure

Rosefi® categorizedthe temporal feature®f speech into three primargroupsi envelope,

periodicity, and finestructure He defined the envagbe as the temporal variations between 2 and

50 Hz, which primarily correspond to thelative amplitude and duration cues that translate to
manner of articulation, voicing, vowel identity, and prosody of speech. Rosen defined
periodicity as temporal dictuations between 50 and 582 which containinformation about

whether the signal is primarily periodic or aperiodiRBo s en ds t hiempdral inet egor y
structure consists of the small variations that occur between periods of a periodic signal or
within short time intervals of an aperiodic sound. These fast fluctuations, between
approximately 600Hz and 10kHz, contain informatieseful for sound identification Vowel
formantswould fall into the category demporal finestructure One methoddr calculating the

envelope of a signal is to simpigctify and lowpass filterthe signal according to the frequency

selection criteria described abovd.o we v e r Rosenb6s classification

dependent on the specific stimuli tiee used.

Another common method for differentiating betwesvelope and finstructure is to use the

Hilbert Transform. The Hilbert Transform of a signal u(t) is defined as

Hy(9=-1lim, o [ 742 240D g

€ T
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The envelope can then be calculated asrthgnitude of the analytic signa), (t), such that

E = lug(0) = [u() + - Hu(O] = [u2(0) + H2(0).

Note that this calculation of envelope (E) corresponds to batrelopeand periodicity as
defined by Rosen. The temporal fine structure (TFS) is then defnddcosine of the phase of

the analytic signal, such that

75 cnnty <ol (55)

Note that the signal may then be reconstructed from E and TFS, suaitthat £ x TFS.2

Unfortunately this distinction is notso clear in the literature since E and TFS are not
independent and it may not be possibledmpletelyseparate the two in experimental desighs.
" In fact, any attempt to modify one of these will inherently modify the otb&ithough much

of the research discussed in the next section did not consider this fact.)

4.2 Behavioral Relevance of TFS

Shannof® demonstrated that envelope cuadsne were sufficient for speech intelligibility in
quiet. Smithand colleagudd suggestedome years latahat, while avelope is important for
speech recognition, firstructure is primarily important for pitch perception and localization.
(As Bregmafi points out, pitch and localization are particularly important cues for segregating a
mixture of sounds into individl streams, which often correspond to separate solrces.
Shannof? laterfoundthat the number adnalysis frequencandsneeded forgeech recognition

was dependent on the difficulty of the listening situatidimis implies that, although frequency

17



resolution is not very criticdor speech intelligibilityin quiet conditions, it becomes necessary

as the listening condition becomes mdifficult.

Lorenzb s graueg that the inability of heariimpaired listeners to utilize TFS may be
one reason that they have such difficulty listening in noisy environments. The altbarsd

that, with training, normal hearing listeners could correctly identify approximately 90% of their
TFS speech stimuli. Howevdrothyoung and elderlyrearing impaired listeners performed very
poorly at the same task, even with training. They also shavaghificant correlation between

the speech identification scores and the amount of masking release in a separate experiment with
the same subjects(Masking release measures the ability of a listener to hear soft sounds
immediately after more intensewsuls.) This suggests a relationship betwddtt andistening

in the dipsof the acoustic mixtureFor example, a listener might identify some sounds during a
brief dip in the overall level as belonging to the background. This background soulud
potentially then form a separate perceptusiream making it easier to segregate foreground
sounds from backgroundWwithout the ability tolisten in the dipsa listener would hear a o

modulated foreground and background, possibly making segregatiodiifeult.

Hopkins® measured speech reception threshaligeywords in a sentence when there was a
competing téder present.(In other words,he authors measured the lowssnalto-noise ratio

at which the target speech was intelligibl&he authors split the spectrum into 32 bands and
systematically noiseocoded(i.e. removed TFS fromg number of the upper frequency bands in

an effort to determine the cutoff frequency at which listeners with impairments could no longer
utilize TFS. Theyshowed that, although normal hearing listeners were able to improve
performance as TFS was introddca higher frequencies, hearing impaired listeners showed no

such improvement. This suggests it inability to use TFS may not be as simple as a loss of
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phase locking. However, the authors pointed out that there was a rather large variability among
their subject s, with one subject p er liearingni n g
thresholds were very similar to the other hearing impaired subjectike the Lorenzr® study,
which separately evaluated 7 young listeners (age352hnd 7 elddy listeners (ages 632),

Hopkins® did not separately test young and eld@dyients

There are, in fact, twonportantfactors to consider when working with elderly subjeege and
cognitive ability. Gatehousé® showed thatlisteners withower cognitive abilitiesare generally

less able to benefit from temporal information, suggesting that more central neural processes
may become the limiting factor in such cas@#though cognitive ability is generally assumed to
deteriorate with age, Gatehoused colleagué? 2°did not include age in their analysi§Their
subjects ranged in age from 54 to 8%5gparate consideration of cognitive abilitgd ages
particularly important because aggated hearing loss (presbyacusis) may cause unique
physiological changes that could potentially affect peripheral encddifig Any study with

elderly hearingmpaired subjects shoultherefore be interpreted carefully.

In summary it appears that envelope cues are often sufficient in quiet, but temporal fine
structure is important for listening in complex, noisy conditiotishearing impaired patients
could somehow regain the ability to u3é&S, perception could potentially be drastically
improved. A thorough analysis of E and TFS encoding at the levehefauditory nerve may

reveal new insights into possible therapies.

4.3 Quantitative Analysis of Neural Coding

Characterization of the temporal properties of neural responses has historically been based on

simple periodic stimuli such as pure tonesotirer periodic stimuli Although metrics such as

19



vector strengtf? or synchronization indéX provide wseful information, they do not apply to
complex stimuli such as speechA. metric based on autocorrelation of actual nerve spikes, such
as theinterspike interval histograiis likely more physiologically realistic and may be used

across a variety of auditory stimuli.

Jorigt 43

recently extended theneural analysiswvork of Perkel* by applyinga fAshuf f | ed
autocorrelation(SAC) function to differentiate between E and TFSthe auditory systemThe

SAC is calculated by summing upet number of spikes (in each of many small temporal
windows) across several repetitions of a stimulus, but with a single spike within one of the
repetitionsused as a referenceUnlike the often usedall-order interspike interval histogram

which simply measures timing between spik@s shown inFigure 7, A-B), the SACis not

limited by therefractory periof the individual neural respons@sgure?, C-D).

Jorig”® applied the SAC to a strategic set of signals in order to determine what part of the
temporal code was responding to the envelope and which part was due to the temporal fine
structure. Hepresented a stimulus, A+, recorded the resulting neural pattern, and calculated the
SAC (Figure 7,E1). He then presented an inverted version of the same stimuluagain
recorded the spikes, and calculated the SRiGure 7,E2) which matches the first SAC (except

for some scaling due to adaptation). By analyzing the spikesAran reference to A+, a cross
stimulus autocorrelation (XAC) is then calculatédg(re 7,E3). The envelope of the signal is

the same for both A+ and-Aand anyting that is common between the SAC and X&@&G
measure of the envelopeThesum of the SAC and XAC (labeled SUMCOR kigure 7.E.4)
thereforerepresents the amouot temporal coding in response to the envelope. The difference

(DIFCOR) represents the amount of temporal coding in response to the temporal fine structure
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(Figure7.E.5). The peak of the SUMCOR and DIFCOR functions can then be used to represent

the amount of envelope and fisgucture temporal encoding.
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FIGURE7. A) METHOD FOR CALCULATING AN ALL -ORDER INTERVAL HISTOGRAM(B); C-D)
SHUFFLED AUTOCORRELOGRAM (SAC)ACROSS SEVERAL STIMWUS REPETITIONS; E)SAC OF 2
DIFFERENT STIMULUS @NDITIONS (1-2), FOLLOWED BY THECROSSSTIMULUS
AUTOCORRELATION (XAC, 3), THEN THE SUM 4) AND DIFFERENCE (3 OF THE A+ AND A-
CONDITIONS [GRAPHSA,C,E FROM JORS*}; GRAPHS B&D FROM IOUAGE®!]
Unfortunately because these metricgasure responses to the stimwaagpresentetb the outer
ear(not as sensed in the inner ear), they may not accurately quantify coding in respirese to
acousticE and TFS. As Ghitz& pointed out, the narrodand filtering of the cochlea can
change the relative amount of E and TFS available to the auditory nerve. The narrow filters of

the cochlea are in fact abl e t ocadbgre finestruatiree a i

(asdepictedn Figure8).
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FIGURE8. THEORETICAL FRAMBNORK FOR IMPROVED QWANTIFICATION OF NEURAL ENVELOPE
AND TEMPORAL FINE STRUCTURE (WAVEFORMS ILLUSTRATE A SIGNAL BEFORE AND AFTER

COCHLEAR FILTERING)

Our lab has therefore extended these mefrios yet publishedby calculating the correlation
between two separate measurements of SUMCOR or DIFCQRafd] s respectively). These
metrics, as calculatiebelow, can be used to evaluate the extent of envelope recovery and thus
give a better approximation of actual TFS and E encodipgand} ¢ are defined as:

difcor(AB)
Jdifcor(A) x difcor(B)

Ptrs =

and

> 0z [CSD(AB) — CSDyp(AB)]

penv
(ZE0lPSDCA) = PSDyr (AY] X T [PSD(B) = PSDur (B)

whereCSD is the crosspectral densitpf the SUMCOR PSD is the power spectral dengity
the SUMCOR and CSRr & PSDyr are the CSD and PSD values at the noser ftespectively.
(See any signal processing textbtoR® for definitions of CSD and PSD.Note that} en, as
defined here, only consideispectral content between HP and some frequency.. This
frequency selectiors usedto avoid any residual TFS informati@amd may be adjusted to match

the E/TFS boundaries specified by RdSen
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