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Abstract

Validating hearing-aid fittings in prelingual infants is challenging because typical measures (aided audiometry, etc.) are impos-
sible with infants. One objective alternative uses an aided auditory steady-state response (ASSR) measurement. To make an
appropriate measurement, the hearing aid’s signal-processing features must be activated (or deactivated) as if the ASSR
stimulus was real speech. Rather than manipulating the hearing-aid settings to achieve this, an ASSR stimulus with speech-like
properties was developed. This promotes clinical simplicity and face validity of the validation. The stimulus consists of
narrow-band CE-Chirps®, modified to mimic the International Speech Test Signal (ISTS). This study examines the cost of
introducing the speech-like features into the ASSR stimulus. Thus, 90 to 100 Hz ASSRs were recorded to the ISTS-modified
stimulus as well as an equivalent stimulus without the ISTS modification, presented through insert phones to |0 young
normal-hearing subjects. Noise-corrected ASSR magnitudes and clinically relevant detection times were estimated and
analyzed with mixed-model analyses of variance. As a supplement, the observed changes to the ASSR magnitudes were
compared with an objective characterization of the stimuli based on modulation power. The main findings were a reduction in
ASSR magnitude of 4 dB and an increase in detection time by a factor of 1.5 for the ISTS-modified stimulus compared with the
standard. Detection rates were unaffected given sufficient recording time. For clinical use of the hearing-aid validation
procedure, the key metric is the detection time. While this varied considerably across subjects, the observed 50% mean
increase corresponds to less than | min of additional recording time.
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Introduction

The success of newborn hearing screening leads to very
young infants being fitted with hearing aids, down to the
age of about 2 months (Wood, Sutton, & Davis, 2015).
Standard tools for validation of these fittings (aided
audiometry, questionnaires, etc.) are either not possible
or highly unreliable in these very young infants. At the
age of 8 to 9 months, visual reinforcement audiometry
(Bamford & McSporran, 1993; Day, Bamford, Parry,
Shepherd, & Quigley, 2000) is recommended, for exam-
ple, by the British Society of Audiology (2014). However,
given the critical importance of providing early access to
sound stimulation (Sharma, Dorman, & Spahr, 2002), a
hearing-aid validation method for the 2- to 9-month age-
group is needed. Therefore, objective validation methods

based on electrophysiology have been investigated (e.g.,
Punch, Van Dun, King, Carter, & Pearce, 2016). Here,
an approach using the auditory steady-state response
(ASSR) is considered (Picton et al., 1998).
Aided-ASSR measurements are associated with sev-
eral challenges, some of which are related to the intended
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sound field presentation of the stimulus, which is intro-
duced to bring the hearing aid into the stimulation path.
Furthermore, as the ASSR stimulus passes through the
hearing aid, it must be ensured that the correct gain is
applied and that the correct signal processing features
relevant for speech are activated. This can be achieved
by manipulating the settings of the hearing aid, for
example, by turning off helping systems such as noise
reduction or directionality (Billings, Tremblay, Souza,
& Binns, 2007; Carter, Dillon, Seymour, Seeto, & Van
Dun, 2013; Easwar, Purcell, Aiken, Parsa, & Scollie,
2015). This is necessary because any standard ASSR
stimulus, such as modulated tones or noise bands, will
be classified as noise by the hearing aid due to these
stimuli’s lack of speech-like features. For example, with
noise reduction activated in the hearing aid, the valid-
ation measurement will be misleading because of the gain
reductions imposed by the noise-reduction signal pro-
cessing. However, manipulating the settings of the hear-
ing aid weakens the ecological argument that the hearing
aid is in a normal mode of operation. An alternative
approach is to construct an ASSR stimulus with suffi-
ciently speech-like properties that the hearing aid auto-
matically classifies the ASSR stimulus as speech. The
benefit in terms of strengthening the counseling of the
infant’s parents suggests the latter approach because in
that case the hearing aid can be fitted to the infant and
tested in the exact same setting in which it will be used in
daily life. In addition, a speech-like stimulus will corrob-
orate the relevance of the measurement for both parents
and clinicians (Mehta et al., 2017). Finally, not having to
reprogram the hearing aid for the validation measure-
ments saves time and reduces inconvenience in the clinic.

For this purpose, narrow-band (NB) CE-Chirps®
(Elberling & Don, 2010) were modified to have speech-
like properties, and it was verified that this stimulus
indeed is classified as speech by the hearing aids tested
and by observation in the fitting software. However, as
the NB CE-Chirps® were designed for optimal efficiency,
it is expected that any change, such as adding speech-like
features to the chirps, will come at a cost of reduced
ASSR magnitudes and increased detection times. For
clinical purposes, the time taken to obtain detection of
the ASSR is particularly important. The changes to
ASSR magnitudes and detection times were investigated
in the experiment presented later. In addition, the
observed changes were compared with an objective char-
acterization of the speech modified versus the standard
chirps based on an auditory model-inspired analysis of
modulation power.

Materials and Method

The experiments were approved by the Science-Ethics
Committee for the Capital Region of Denmark.

All participants provided written informed consent and
received compensation for their participation in terms of
gift cards.

Participants

To isolate the effects of the stimulus modifications, the
experiment was carried out with young adult normal-
hearing test subjects (N=10, mean age 25 years)
who were tested on both ears. The hearing status of
the participants was examined by means of a question-
naire (ISO 389-9, 2009, Annex A), otoscopy, wide-band
tympanometry using the Interacoustics Titan, and air-
conduction audiometry at 250, 500, 1000, 2000, 4000,
and 8000 Hz using an Interacoustics AC40 audiometer
with ER-3A insert phones. All participants had hearing
threshold levels of 20 dB hearing level (HL) or better at
all tested frequencies and no other abnormalities that
would preclude testing.

Stimuli and Apparatus

The NB CE-Chirps® consist of 4 one-octave-wide
chirps centered at 500, 1000, 2000, and 4000 Hz, and
the speech modifications (patent pending) were derived
from the International Speech Test Signal (ISTS;
Holube, Fredelake, Vlaming, & Kollmeier, 2010), as
described later. First, the ISTS was filtered through
one-octave-wide band-pass filters with center frequencies
corresponding to the NB CE-Chirps. Second, the enve-
lope of each ISTS band was determined by taking the
absolute value and by convolution with a 16.6-ms
Hamming window (Payton & Braida, 1999). The indi-
vidual envelopes were then imposed on the respective
chirp trains. Finally, the root-mean-square levels of
the individual ISTS-modified one-octave-band chirps
were scaled to match the one-octave band levels of the
ISTS, when the ISTS in turn was scaled to its nominal
broadband level of 65dB sound pressure level (SPL).
The latter step was also completed for the standard
unmodified NB CE-Chirps, see Figure 1 (right). The
chirp-band-specific repetition rates were 90.8, 94.7,
102.5, and 96.7Hz at 500, 1000, 2000, and 4000 Hz,
respectively, and the chirps in each chirp-train were pre-
sented with alternating polarity, as seen in Figure 1 (left).
A section of the final ISTS-modified stimulus is shown in
Figure 1 (middle). The discrepancies in the one-octave
band levels at 250 and 8000 Hz occur because the chirp
stimuli do not comprise stimulus bands at these center
frequencies.

In a further effort to focus on the effects of the stimu-
lus modifications, the stimuli were delivered by insert
phones (Etymotic Research ER-1 fed by a Tucker-
Davis HB7 headphone driver). To mimic the sound
field listening conditions to be used in the ultimate
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Figure 1. Sketch of the construction of the stimuli. Left: individual one-octave-band CE-Chirps. Middle: excerpt of the resulting wave-
form of the ISTS-modified chirps. Right: resulting one-octave band spectra compared with that of the ISTS. ISTS = International Speech Test

Signal; NB = narrow-band; SPL =sound pressure level.

aided ASSR measurements, the stimuli were shaped
according to real-ear measurements (REMs) in terms
of the real-ear unaided gain. The REMs were performed
in a 1.75%x1.95x1.97m> sound-treated audiometry
booth using an Interacoustics Affinity system. The stimu-
lus conditioning comprised the following steps. First,
the overall sensitivity of the ER-1 insert phones and
the headphone driver was determined by supplying a
one-octave wide noise signal to the insert phone and rec-
ording the SPL in a GRAS RA0045-S1 ecar simulator,
which was calibrated with a GRAS 42AB Sound
Calibrator. Second, the insert phone was positioned in
the ear of the test subject together with the same Affinity
probe microphone used previously for the REM, taking
advantage of the marks made on the probe tubes to indi-
cate insertion depth, determined during the REM.
The response of the insert phone was then recorded
with the probe microphone in the individual ear
using a broadband pink noise signal presented at a nom-
inal level of 65dB SPL. Finally, the insert phone
response was corrected for the probe microphone
response, which had been measured previously in an
Interacoustics TBS25 test box against a calibrated
GRAS 40BL reference microphone. Note that the fre-
quency response of the ER-1 insert phones is designed
to mimic an average open-car gain. This means that the
stimulus conditioning strategy only addresses the differ-
ence between the individual real-ear unaided gain and
the ER-1 average open-ear gain.

ASSR Measurements

ASSR recordings were made using standard clinical
four-electrode montages (high forehead ground, ipsi-
and contra-lateral mastoids active, and cheek reference),
with 15 min of recording time per condition, presented in
each ear sequentially. The order of the test conditions
was balanced across subjects. Test and retest recordings

were made for the two main conditions (ISTS modified
and standard), and in addition the standard stimulus was
measured at 55 and 75 dB SPL nominal levels (results not
reported here). Each ear was tested in individual sessions
separated by at least 1 day. With a recording time of
I15min per condition, each session involved 12 h of
recordings. Detection was evaluated online by means
of a simple F-test detector on only the first harmonic
of each repetition rate, see later for further details.
The noise levels used for the online F tests were estimated
as simple running averages across the same noise bins as
described later. A 1% error rate was used, which was
Bonferroni corrected for successive testing as the record-
ing went along. A 40uV artifact rejection level was
applied in the online evaluation, while all recorded
epochs were stored to disk. The test subjects were lying
comfortably on a bed in a darkened, sound-treated, and
electrically shielded room. The test subjects were
instructed to relax and sleep if possible. Most subjects
fell asleep already in the first recording, and while the
subjects initially were offered breaks between conditions,
only a few subjects took a break within any session. Part
of the Interacoustics Eclipse EP25 ABR system was used
as a front-end, with line-level signals accessed from test
pins on the Eclipse unit’s circuit board and routed to an
RME Fireface UC soundcard that also delivered the
stimuli to the insert phones. Recording and analysis of
the electroencephalogram as well as the playback of the
stimuli were handled by custom Matlab software. Except
for the low-cut and antialiasing filters built into the
RME soundcard, no filtering was applied. The sampling
frequency was 32 kHz, and the analysis block (“‘epoch™)
length was 65,536 samples, corresponding to 2.048s.

Postprocessing

The stored recordings were analyzed with a 40 uV artifact
rejection level, weighted averaging (John, Dimitrijevic, &
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Picton, 2001), and F-test detection (Dobic & Wilson,
1996) for each of the first six response harmonics separ-
ately. Note that a multiharmonic detector (Cebulla,
Stiirzebecher, & Elberling, 2006) as used with the standard
Eclipse has yet to be developed for the ISTS-modified
stimulus. The outcomes considered were as follows:

e Noise levels estimated by averaging noise power
across 20 frequency bins distributed evenly around
each response harmonic (fundamental as well as
higher harmonics) excluding frequency bins close to
harmonics of 50-Hz line noise, global system for
mobile communications (GMS) interference, and
any of the other repetition rate harmonics.

e Noise-corrected ASSR magnitudes (Dobie & Wilson,
1996). The estimated noise power specific to each
response harmonic was subtracted from the response-
bin power to yield the noise-corrected power. This was
then used to compute the ASSR magnitude, which was
finally converted to dB to allow analysis of the relative
changes in response with stimulus type. Note that both
the noise-corrected ASSR magnitude and the noise
level described earlier were computed from the entire
available recording, and that data were included for
further analysis based on a one-shot F test with a 5%
error rate based on the weighted averages taken across
the whole recording. This was done in order to obtain
the best possible estimate of ASSR magnitude.

e Detection times evaluated as the first time a response
was detected according to the F-test detector using a
5% criterion in successive weighted averages, ignoring
any corrections for repeated testing. This more lax
criterion than that used during recording was used
as representative of a typical clinical criterion for a
threshold determination. In this way, the computed
detection times and ASSR magnitudes are not directly
related, as the determination of ASSR magnitudes
and noise levels potentially includes data recorded
after detection occurred, and thus after a clinical rec-
ording would have been terminated. Detection times
were logo transformed (relative to 1s.) before statis-
tical analysis. The log transformation was preferred
over no transform based on inspection of residuals
in the statistical modeling. Note that in Laugesen,
Rieck, Elberling, Dau, and Harte (2017), the detec-
tion-time analysis of variance (ANOVA) was made
using the untransformed data leading to slightly dif-
ferent results but similar conclusions in terms of which
effects were significant and vice versa.

Statistical Analysis

The outcomes were analyzed with mixed-model
ANOVAs with Test ear (a unique identifier for each

ear tested) as a random effect. In a preliminary analysis,
it was established that there were no systematic differ-
ences between the left and right ears in any of the out-
come measures considered, and therefore the test ear
rather than the test subject was chosen as the random
effect variable. In addition, the statistical model included
fixed effects of Stim type (stimulus type: standard or
ISTS modified), Stim freq (stimulus frequency: 500,
1000, 2000, or 4000 Hz), and Harmonic (response har-
monic: first, second,...sixth). The Statistica software
package Version 13 was used.

Experimental Results
Detection Rates

Figure 2 shows the number of successful detections in
terms of percentages (detection rates), evaluated from
the results that were deemed detected based on the
one-shot F test across the whole recording, as described
earlier for the ASSR magnitude determination. The
upper panel shows results for the first six harmonics indi-
vidually, whereas the lower panel shows the detection
rates accumulated across harmonics, meaning that an
ASSR is deemed detected if there was a detection in
either of the first » harmonics, n=1,...6. Considering
only the dominant first harmonic, the detection rates are
very similar for the two types of stimuli. Individually, the
higher harmonics provide fewer detections for the ISTS
modified than for the standard stimulus; nevertheless,
the accumulated percentages are also very similar.

ASSR Magnitude and Detection Time

Figure 3 displays ASSR magnitudes (top panels) and
logyo transformed detection times (lower panels) for
each harmonic, stimulus band center frequency, and
stimulus type. Both three-way interactions in the statis-
tical models (Stim type x Stim freq x Harmonic) were
statistically significant, see Table 1 for a summary
of the two ANOVAs. Of the 1,920 potential data
points (20 Ears x 2 Repetitions x 2 Stimulus Types x 4
Stimulus Frequencies x 6 Harmonics), 1,190 ASSR mag-
nitudes and 1,625 detection times were available for ana-
lysis. This mismatch is a consequence of the
postprocessing discussed earlier and specifically occurs
because in some cases, the detection-time criterion was
fulfilled early in the recording, yielding a valid detection
time, whereas evaluation of the complete recording
resulted in a nondetection, leading to a missing ASSR-
magnitude-harmonic data point.

There are several interesting observations to make
from Figure 3. With increasing harmonic number, the
ASSR magnitudes are generally reduced while detection
times are increased, as expected. Particularly for the
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Table I. Summary Results of the Mixed-Model Analyses of Variance.

ASSR magnitude

Log|o (detection time) Noise level;qo

Factor F statistics p F statistics p F statistics p
Test ear (random) F(19, 1125)=25  <.0001*  F(19, 1558) =22 0018%  F(19, 1159)=36  <.0001*
Stim type F(1, 1125)=334  <.0000*  F(l, 1558)=184  <.0001*  F(I, 1159)=19.9  <.0001*
Stim freq F(3, 1125)=93 <000%  F(3, 1558) =82 <.000*

Harmonic F(5, 1125)=934 <.0001* F(5, 1558)=9.9 <.000(* F(5, 1159)=839 <.0001*
Stim type x Stim freq F(3, 1125)=7.0 0001%  F(3, 1558)=6.0 .0005*

Stim type x Harmonic F(5, 1125)=4.0 0014%  F(5, 1558)=0.7 6 F(5, 1159)=2.1 06
Stim freq x Harmonic F(15, 1125)=3.6  <.0001*  F(I5, 1558)=1.8 .03*

Stim type x Stim freq x Harmonic ~ F(13, 1125)=3.4  <.0001*  F(I3, 1558) =2.4 .002*

Note. Note that for the analysis of noise level,q, the Stim freq factor was disregarded.

ASSR = auditory steady-state response.

*p < .05.

ISTS-modified stimulus, the number of detected

responses decreases toward the higher harmonics, I ] ] ] ] ]

which implies that the estimated mean values and their

patterns are less reliable. Considering the difference 24 E Standard
between the two stimulus types, the ISTS-modified E ISTS-mod

stimulus produces lower magnitudes and longer detec-
tion times than the standard stimulus, which again was
expected. The patterns of magnitude versus stimulation
frequency seem stable up to the third harmonic in terms
of a constant difference between the stimuli, while
greater mean differences (the inserted A values) and dif-
ferences in slopes between stimuli are observed at the
higher harmonics. The detection-time data are more
variable, as indicated by the wider error bars, but it is
striking that the relative increase in detection time
between stimuli (the inserted R values) is almost constant
across harmonics, in agreement with the nonsignificant
Stim type x Harmonic interaction for detection time.
This is a distinctly different pattern than the observed
increase in the A values with harmonic number for the
ASSR magnitude.

Noise Levels

Figure 4 shows the estimated noise levels across the 1,190
conditions where detection of ASSR magnitude was
achieved. For this analysis, all noise levels were adjusted
to the levels that would have been found at a testing time
of 100s, denoted noise level;yy. This was accomplished
by adding 10 log;o(z/100) to the full-recording noise
levels (in dB), where ¢ is the full-recording time in sec-
onds, counting only accepted epochs. Note that the full-
length recording time not necessarily was 15 min because
of the varying number of epochs rejected by the 40 pVv
artifact rejection. The corresponding ANOVA summary
is included in Table 1. Note that for the noise-level;gg
ANOVA, the Stim freq factor was disregarded because
there was no reason to expect any differences related to
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Figure 4. Mean noise level oy across Test ear and Stim freq,
including data from all cases in which an ASSR magnitude was
detected. See text for details. ISTS = International Speech Test
Signal.

that variable, even if separate sets of noise harmonics
were used for the different repetition rates. The results
in Figure 4 and Table 1 show a highly significant reduc-
tion in noise level;oy with increasing harmonic number,
which was expected because biological noise typically
has a 1/f-shaped spectrum toward low frequencies
(Pritchard, 1992). As seen in Table 1, the main effect of
Stim type is also highly significant, while the plotted Stzim
type x Harmonic interaction just fails to meet the 5%
criterion for statistical significance (p=.06). Finally,
note that the noise level;oq values shown in Figure 4
should not be used as a detection baseline for the
ASSR magnitudes in Figure 3 (top panels). This is
because in most cases, the recordings extended well
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beyond 100s (up to 15min) leading to a substantially
lower noise level than those displayed in Figure 4.

Stimulus Analysis

To characterize the stimulus waveforms, an unnormalized
modulation spectrum analysis was applied. This analysis
was introduced under the assumption that the ASSR is
driven by a nonlinear representation of the stimulus (such
as rectification), here modeled in terms of envelope power.
This unnormalized approach requires that the stimuli
under comparison are scaled to the same level, in this
case the nominal one-octave-band levels of the ISTS, as
described earlier and illustrated in Figure 1.

The two stimuli (both consisting of all four NB chirps)
were first passed through a bank of gammatone filters
(Johannesma, 1972) corresponding to the stimulus
frequency band of interest, to mimic the frequency spe-
cificity of the auditory system. Thus, for example, the
analysis of the 500-Hz stimulus bands included 24 gam-
matone filters with center frequencies spaced 1/24th
octave apart and covering the one-octave wide frequency
band around 500 Hz. In addition, in order to remove
epoch edge effects for the unperiodic speech-modified
stimulus, all 65,536-sample epochs of each Hilbert enve-
lope were multiplied with a raised-cosine window (using
5% at either end of each epoch for the cosine ramps)
before taking the discrete Fourier transform and aver-
aging the envelope power across epochs as well as across
gammatone filter bands. Note that the steps of window-
ing the envelope epochs and averaging envelope power
across a bank of gammatone filters were introduced after
the publication of Laugesen et al. (2017). Therefore, the
modulation spectra in that article are different from
those shown here, while the overall conclusions are
unchanged. The results are displayed in Figure 5 for
the two stimuli and the two extreme stimulus band
center frequencies: 500 and 4000 Hz.

For the standard stimulus (left-hand panels), the
modulation power is almost entirely represented at
the response harmonics, that is, the repetition rate of
the respective stimulus band and its harmonics. Slight
spectral splatter is observed around the dominant
peaks due to the raised-cosine windowing operation.
Smaller modulation power components are seen at fre-
quencies not belonging to any stimulus repetition rate;
these occur because of nonlinear interactions among
the four different repetition rates that are present at the
same time in the stimulus. For the ISTS-modified stimu-
lus, the modulation power is clearly smeared out around
the respective repetition rate and its harmonics. This is a
consequence of the additional temporal envelope fluctu-
ations imposed from the ISTS.

The modulation power at the response harmonics still
dominates in the right-hand panels in Figure 5, but their

magnitude is reduced compared with the standard stimu-
lus. Table 2 lists the change in modulation power for all
four stimulation bands and the first three harmonics.
These results show that the estimated change in modu-
lation power is very similar across the first response har-
monics and among the stimulus bands. The mean
reduction is Apmod.power =4.2 dB.

Discussion
Stimulus Modulation Power Versus ASSR Magnitude

Two examples of data similar to those presented in
Figure 3 and 5 (“physiological input/output curves’)
are shown in Figure 6. Note that the data sets shown
in Figure 6 relate ASSR magnitude to modulation
depth (converted to dB), whereas this study relates
ASSR magnitude to modulation power (in dB). The rela-
tion between modulation depth and modulation power
for different types of stimuli is currently under investiga-
tion. Also note that the left-hand panel in Figure 6 pre-
sents data for 40-Hz ASSR, whereas the right-hand
panel shows data for 100 Hz, which is within the range
of repetition rates used in this study.

Both sets of results in Figure 6 indicate a slope of
about s=0.8 between dB measures of modulation
depth and response magnitude. Applying this to the
dominant first-harmonic data from the present experi-
ment yields,

AAssR = Amod.power X § = 4.2dB x 0.8 dB/dB ~ 3.4dB

which agrees well with the observed Aagsg =3.7dB from
Figure 3 (top-left panel).

In addition, the modulation power analysis repro-
duces the trend that the ASSR magnitudes drop more
rapidly across harmonics for the lower stimulation fre-
quencies than for the higher (Figure 3, top panels), at
least considering the standard NB chirps. This is consist-
ent with the successively fewer stimulus line-spectrum
components present within an auditory (or gammatone)
filter toward lower stimulus band center frequencies.
For the ISTS-modified chirps, the higher order harmonic
responses do not show the same trend. This may be
because the higher order responses drown in the noise
floor such that only the largest responses lead to detec-
tions, which creates an upward bias to the mean ASSR
magnitudes.

The Cost of Stimulus Modifications

By comparing the changes to the ASSR magnitude and
the detection time between the standard and the ISTS-
modified stimuli, it is seen that the observed reduction in
ASSR magnitudes is out of proportion with the increase
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in detection time, particularly at the higher harmonics.
For example, at the first harmonic, Asgssg =3.7dB
suggests—if all else were equal—an increase in detection
time by a factor of R=2.3, where R=1.5 was observed.
Similarly, at the sixth harmonic Asssgr = 7.2 dB suggests
R=5.2, with R=1.7 observed. The (albeit nonsignifi-
cant) difference in the noise level;oy patterns seen in
Figure 4 hints toward a partial explanation of why the
detection-time ratios increase less with harmonic
number, namely, that the lower noise levels observed
for the ISTS-modified chirps toward the higher har-
monics partly offset the effect of lower ASSR magnitudes
on detection time. Recall, however, that the detection
times were determined from successively averaged
weighted spectra, whereas the ASSR magnitudes were
determined from weighted-average spectra across all
accepted epochs of the full 15-min recordings.

Table 2. Reduction in Modulation Power (in dB) at the Response
Harmonics due to the International Speech Test Signal
Modifications to the Chirp Stimulus.

Analysis band

Response

harmonic 500 Hz 1000 Hz 2000 Hz 4000 Hz
First 43 3.8 39 39
Second 4.6 4.0 4.0 4.0
Third 52 4.1 4.0 4.0

Detection Rates

Very similar detection rates are observed for the two
stimuli (Figure 2). The reduced response contribution
from successively higher harmonics seen for the ISTS
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Figure 6. Examples of physiological input/output curves. Left: 40-Hz ASSR measurements (Renne, 2012) and (Boettcher, Poth, Mills, &
Dubno, 2001), as indicated. Right: 100-Hz envelope-following response measurements (Bharadwaj, Masud, Mehraei, Verhulst, & Shinn-
Cunningham, 2015). The regression line from the left-hand panel is superimposed on the right-hand panel as the dash-dotted bold line.
AM =amplitude modulated; ASSR =auditory steady-state response; RMS =root mean square; SPL =sound pressure level.

modified versus the standard NB chirps, observed in
Figure 2, top panel, indicates that a multiharmonic
detector, such as the g-sample detector (Cebulla et al.,
2006) may provide less benefit for the ISTS-modified
stimulus compared with what has been found for
standard stimuli. On the other hand, the accumulated
detection rates in Figure 2, bottom panel, show bigger
improvement from including more harmonics for the
ISTS modified than for the standard stimulus. This is
not intuitive. An increase in the accumulated detections
from one harmonic number to the next depends on how
many new recordings can be deemed detected from the
added analysis. So, for example, when the accumulated
detection rates grow by a similar amount from including
four compared with three harmonics in Figure 2, this is
because the—very different—number of individual
detections of the fourth harmonic contains equally
many new detections. In any case, the subject of a multi-
harmonic detector is subject to further research.

Test Subject Population

The experiments reported earlier were conducted with
young adult normal-hearing test subjects, and therefore
it needs to be considered whether the results can be gen-
eralized to the prelingual infant target population.
Evidence from the literature suggests similar responses
in infants compared with young adults after about 2 to 3
months of age (John, Brown, Muir, & Picton, 2004),
which corresponds well with the expected age at which
hearing-aid fittings are completed in infants. On the
other hand, more variability must be expected due to

less compliance in the infant population. Additional
performance degradation must be expected between
normally hearing and hearing-impaired aided infants
based on the existing evidence from similar recordings
of cortical responses in adults (Van Dun, Kania, &
Dillon, 2016) and infants (Punch et al., 2016). This is,
again, subject to further research.

Conclusions

The consequences of adding speech-like properties to the
NB CE-Chirps® for ASSR recordings—for the purpose
of hearing-aid validation in infants—were investigated.
The main findings were as follows:

e Detection rates were very similar for both the speech-
modified and the standard stimuli, given sufficient rec-
ording time.

e ASSR magnitude decreased by about 4dB (for the
dominant first response harmonic) due to the speech
modifications.

e Detection times increased relatively less by a factor
of 1.5.

For hearing-aid validation in the clinic, a key metric is
the detection time. While the results presented earlier
suggest considerable between-subjects variation in detec-
tion time, the observed 50% mean increase in detection
time for the first harmonic corresponds to less than 1 min
of additional recording time. This seems acceptable,
given the potential for allowing aided ASSR recordings
to be carried out with hearing aids in their daily-life
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mode of operation. The proposed procedure is expected
to have benefits in terms of clinical simplicity, as the
hearing aids will not need to be reprogrammed for the
validation measurement, and in terms of the face validity
of the validation measurement toward clinicians and the
parents of the infant in question.

Finally, the unnormalized modulation power spec-
trum including preprocessing through a bank of gamma-
tone filters appears to be a useful tool for characterizing
the efficacy of complex stimuli for ASSR measurements.
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