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The possibility of integrating hearing-aid technology like dynamic
compression in current and future consumer audio devices raises the
question how parameters of hearing supportive algorithms can be adjusted
by the user to either compensate the individual hearing loss or to
accommodate listening preferences. Here, three methods for measuring the
auditory capacity based on loudness judgments and comparisons were
evaluated. All methods used a simple interface and appear generally suited
for integration in consumer audio electronics. Results of the suggested
methods were compared to adaptive categorical loudness scaling
[ACALOS, Brand and Hohmann, J. Acoust. Soc. Am. 112, 1597-1604
(2002)]. Gain prescriptions were derived for narrow-band loudness
compensation based on the suggested methods, the clinically applicable
ACALOS, and for NAL-NL2 [Keidser and Dillon, Hearing Care for Adults,
133-142 (2006)]. All loudness based procedures led to similar gains.

INTRODUCTION

Less than 20% of the mild-to-moderate hearing impaired population uses a hearing
aid (Hougaard and Ruf, 2011) although the majority would benefit from hearing
supportive technologies. To overcome stigma particularly for groups with mild
hearing loss, hearing supportive technology could be integrated into communication
and media devices (e.g., mobile phones, TVs, music players). These devices offer
sufficient signal-processing power and capability to deliver high-fidelity sound
quality, however, the problem of the individual fitting is still unsolved.

Standard audiometric measurements like hearing threshold appear not suited for
integration in un-calibrated audio products, particularly if used in noisy
environments. Moreover, like for hearing-aid fitting, knowledge about supra-
threshold hearing deficits might be beneficial. Here, three fast and intuitively
accessible methods, motivated by the adjustment un-calibrated video monitors based
on video test images are suggested.

Instead of adjusting screen luminance levels to achieve well separable brightness
impressions, sound levels were adjusted to match the well separable loudness
categories “just audible”, “soft”, “comfortable”, and “loud”. The adjustment was
either independent in three different frequency regions or additional loudness
comparisons across frequency were included. The results were compared to
laboratory measurements of the audiogram and adaptive categorical loudness scaling

(ACALOS) for normal-hearing and hearing-impaired listeners.
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METHODS

Subjects

10 normal-hearing (NH) and 11 hearing-impaired (HI) listeners participated in this
study. The NH group was aged between 21 and 65 years (mean: 32.9 years, standard
deviation: 12.0 years) and had audiometric thresholds of 20 dB HL or better at the
test frequencies of 500, 2000, and 6000 Hz (ANSI, 2004). Their mean results were
used as reference values for the HI group. The HI group was aged between 25 and
73 years (mean: 60.5 years, standard deviation: 18.0 years) with mild-to-moderate
sensorineural hearing losses (PTA of 18.3 — 55.0 dB). A large range of typical
hearing losses was covered: 7 cases of sloping hearing loss, 2 times steep sloping
hearing loss, and 2 cases of u-shaped hearing loss. Subjects received an hourly
compensation for taking part in the study.

Procedures

Three different loudness-based “auditory test image” methods for measuring the
auditory capacity were developed fitting the following requirements for consumer
products: (a) uncomfortably loud sounds are avoided, (b) only a few feedback
buttons are available, (c) no graphical display is required. Narrow-band noise (1/3
octave) centered at 500, 2000, and 6000 Hz was used in all methods. Subjects had to
adjust the volume of the stimuli to the loudness categories “soft”, “comfortable”,
and “loud”. The user interface consisted of three feedback buttons (“plus”, “minus”,
and “next”). The plus button increased the signal level by 3 dB whereas the minus
button reduced it by the same amount. After each level modification, the stimulus
was presented to the listener. If the listener was satisfied with the setting, the next
button led to the next condition.

Method 1: Across frequency

Starting at 2000 Hz, the listeners had to adjust the level to a comfortable loudness
perception. In a matching task, the levels of the 500 and 6000 Hz noises were than
adjusted to the same loudness as perceived for the 2000-Hz noise which was played
as a reference at the previously adjusted comfortable level. The same procedure was
then repeated for the loudness categories soft and loud.

Method 2: Across levels

In this method, the auditory capacity was measured independently at each of the
three frequencies. The level of the narrow-band noise had to be adjusted to
comfortable, loud and soft. After adjustment for one (center) frequency, a control
stimulus containing all levels in increasing order was played and the listener was
asked whether the three levels matched the desired loudness categories. If not, re-
adjustment with the same procedure was possible, starting from the already adjusted
levels. This procedure was repeated for all frequencies and did not contain loudness
matching across frequencies.
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Method 3: Combined method

In method 3, the two previous methods were combined. Starting at 2000 Hz, the
levels had to be adjusted to comfortable, soft and loud. The same control stimulus as
described in method 2 was then presented and re-adjustment was allowed. After all
three levels were set at 2000 Hz, the listener had to adjust the levels for 500 and
6000 Hz in the loudness matching task from method 1 in the order comfortable, soft
and loud.

Finally, in each of the methods 1-3, the narrow-band noises had to be set to a just
audible level allowing for a comparison with threshold measurements.

Adaptive categorical loudness scaling (ACALOS)

For comparison, loudness scaling using the same narrow-band noise stimuli was
performed. The stimuli were presented at different sound levels in randomized order
and the listeners had to rate the perceived loudness on a categorical scale from
“inaudible” to “too loud” (for details see Brand and Hohmann, 2002). Figure 1
shows the typical shape of the resulting loudness perception functions of a NH and
HI listener.

Example of ACALOS and loudness prescription rule

Very loud: 45 CU}H—— Gain of loudness prescription rule at 45 dB HL |

Loud: 35 CUF
Comfortable: 25 CUf
Soft 15 CU}

Just audible: 5 CU}

0 20 20 80 80
Level / 4B HL

Fig. 1: Example of ACALOS loudness scaling for a normal-hearing and
hearing-impaired listener. The HI listener shows a steepened loudness
function known as loudness recruitment. The red line indicates the gain
necessary to restore the normal-hearing loudness function for narrow-band
noises (narrow-band loudness compensation).

Adaptive threshold measurements

Two pure tones were used to measure the hearing threshold according to the single
interval method suggested by Lecluyse and Meddis (2009). The level of the first
(cue) tone was 10 dB higher than the level of the target tone. The subject was asked
to indicate the number of certainly perceived tones. A 1-up, 1-down alternative-
forced choice (AFC) procedure was used to reduce or increase the level of both
tones if two or one tone was heard, respectively. Step sizes were 10 dB initially and
2 dB after the first reversal. The procedure finished 10 trials after the first reversal.
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The initial catch trial rate was 20%. The rate was increased by 10% on the next run
(max. value 50%) if the listener was caught giving a false detection..

Audiometric measurements

Air-conduction measurements were made with the Siemens UNITY 2 audiometer
connected with Sennheiser HDA200 circumaural headphones. Listeners had to raise
their hand to indicate whether they perceived the tone. Continuous pure-tones
signals at 125, 250, 500, 750, 1000, 1500, 2000, 3000, 4000, 6000, and 8000 Hz
were used. In the repetition measurements, the audiometric measurements were only
carried out at 500, 1000, 2000, and 6000 Hz. Starting at -10 dB HL, the level was
increased by 5 dB until the first response occurred. The level was decreased by 15
dB to repeat the measurement. The threshold was defined as the lowest level where
two responses out of three occurred.

Lab measurements and schedule

Four repetitions of each of the above described measurements were conducted in
three sessions. Data for each method were collected on two different days.

1. Audiogram, single-interval threshold, method (1,2,3), method (2,3,1),
audiogram

2. Audiogram, method (3,1,2), method (3,2,1), 2xACALOS, single-interval
threshold

3. Audiogram, 2xACALOS, single-interval threshold

RESULTS
Mean levels (NH, N=10 standard error) Mean levels (HI, N=9 standard error)

a) b) ® ACALOS
0 Method 1

jlm—nlm&s—tlm O Method 2
: ng K :”EE:’?:“
40 Ty
S e I;Er‘mf{ﬂﬁ

b i mr

20

Level / 8 HL

80 L sl
b 4 k3 k4 E’ﬂ
1 B I
100
500 2000 6000 500 2000 6000
Frequency Mz Frequency Mz

Fig. 2: Mean levels and standard errors for normal hearing a) and hearing
impaired listeners b) for audiogram and AFC (single-interval) threshold.
Additionally, the levels for just audible, soft, comfortable, and loud for
method 1-3 and from ACALOS are shown.
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In Fig. 2, the mean values and the standard error for normal-hearing and hearing-
impaired listeners are shown. The results of two hearing-impaired subjects have
been excluded because they reached the upper limit of 95 dB HL for adjusting the
category loud at 6000 Hz. Levels for soft were about 40 dB HL, comfortable levels
were in the range of 60-75 dB HL, and loud levels were found to be above 75 dB
HL. Audiogram, adaptive threshold measurements and just audible levels are within
a range of 10 dB. For ACALOS, the levels at CU 5, 15, 25, and 35 were taken for
the categories just audible, soft, comfortable, and loud, respectively. Almost no
differences between the methods 1-3 can be observed. Levels of method 2 are
slightly higher at 500 and 6000 Hz for the category loud. All three methods show
lower levels for the categories comfortable and loud when compared to ACALOS.
Standard errors are comparable for all three methods and ACALOS.
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Fig. 3: Mean levels and standard deviation for 4 exemplary subjects.
Subject 1 (male, 71 years) and 4 (female, 71 years) have an age-related
sloping hearing loss at high frequencies whereas subjects 2 (male, 25 years)
and 3 (female, 33 years) have a u-shaped audiogram.

As an example, mean values and standard deviations of 4 subjects are shown in
Fig. 3. Standard deviations of the 4 repetitions of the suggested methods are
comparable to those of ACALOS. Results of subject 1 show large standard
deviations in method 1 at 500 and 2000 Hz. At 6000 Hz, the remaining dynamic
range from just audible to loud derived from ACALOS is about 30 dB (70 to 100 dB
HL). The suggested methods show a remaining dynamic range of 15-20 dB. Subject
3 shows a particularly large deviation at 6000 Hz for soft levels for methods 1-3 and
ACALOS.
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Comparison to ACALOS

All subjects show considerably higher levels for the category loud derived from
ACALOS when compared to the suggested methods 1-3. To quantify this effect, the
mean values for all 4 loudness categories for each subject were calculated. Mean
levels for each loudness category across all 3 methods were taken to derive the
corresponding CU values from the individual loudness function of each listener. The
median and interquartile ranges are shown in Fig. 4. The suggested methods lead to
lower levels when compared to ACALOS. Values for loud signals correspond to a
CU value of 35 in ACALOS. Using the suggested methods 1-3, a level
corresponding to 26.5 CU in the individual loudness functions was adjusted for loud.
Values for comfortable levels were approx. 20 CU compared to 25 CU in ACALOS.
Mean CU values derived from the individual loudness function led very similar
values for normal-hearing and hearing-impaired listeners.

Difference in CU for loudness in ACALOS and new methods

Loud: 35CU 1
Loudness rating
-~ by new methods

-
264CU Q «Loud-» 286CU
Comfortable: 25 CU 1

o9y é «Comfortable—»
1BIcu

Soft 15CU i 1
230U «Soft—» 135¢CV

.

e
Just audible: § CU T scu 1
soou [ «ustaudbles acu
=

Normal hearing Hearing impaired

Fig. 4: To compare the suggested methods and ACALOS, the individual CU
values for the 4 loudness categories were derived. The values are similar for
normal-hearing and hearing-impaired listeners.

Towards hearing aid fittings

The results of methods 1-3 can serve as basis for loudness-based hearing aid or
audio device fitting, restoring NH loudness perception for narrow-band noises (see
red line in Fig. 1). NAL-NL2 was used as a reference method in a comparison of the
following fitting methods:

Loudness based on ACALOS

In Latzel et al. (2004) the loudness-based fitting method is described, which restores
the average narrow band loudness function measured with ACALOS in normal-
hearing listeners. The difference between the loudness function of the hearing-
impaired listener and normal-hearing listener leads to the desired gain (see Fig. 1).
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Loudness based on method 1, 2, and 3

The same fitting rule as used for the ACALOS data was applied to the results of
methods 1-3. The mean values of the normal-hearing listeners served as the
reference values. The difference between the levels adjusted by the hearing-impaired
listener and the reference values serve as the desired gain values. A linear, nearest-
neighbor interpolation was used for levels between the adjusted categories.

Model based

The model-based fitting rule suggested by Ewert and Grimm (2011) uses the
audiogram and the slope of the lower part of the ACALOS loudness function.

Mean difference in gain compared to NAL-NL2 (N=9)

10p
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o—we—HE v
Loud Input
-SF Jevels (80 08 SPL)
.10k
10 a
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.10}
_ v
10 veo a8 '. oBap
St aea
0 Sent
.1‘(5): et L Model based it (Ewert and Grimm, 2011)
!LWMRMOG)
) X Loudeoss based it (new methods)
500 Hz 2000 Hz 6000 Hz
Frequency

Fig. 5: Mean difference between the resulting gain values for each method
and NAL-NL2 is shown. The loudness-based methods (ACALOS and
methods 1-3) lead to very similar gain values, higher than the reference
values from NAL-NL2.

Results of the gain calculation are shown in Fig. 5. Although very different
procedures were used to measure the auditory capacity, they all led to similar gain
values. This shows that the results of the suggested methods 1-3 are generally suited
for measuring the hearing ability. As in case of loudness compensation based on

ACALOS, the complete loudness compensation led to higher gains when compared
to NAL-NL2.

SUMMARY AND DISCUSSION

User friendly, intuitive methods for measuring auditory capacity were developed and
evaluated. The methods are fast: a single run for three frequencies was typically
performed within 4-6 min including “just audible” loudness measurements in the
new methods. Results are similar to ACALOS in terms of reproducibility but yield
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considerably lower levels for the categories comfortable and loud than ACALOS.
This result appears plausible as the random nature of different levels presented in
ACALOS tends to let listeners “save” the categories very loud and too loud for yet
to come probably even louder sounds. In this way, the same levels lead to lower
loudness categories as for the suggested adjustment and combined matching
methods. Although the suggested methods are working in a quite different range of
the individual loudness function, they led to almost the same gain prescription based
on loudness compensation strategy for narrow band noises. The major advantage is
that the suggested methods only use sound levels safely under the uncomfortable
level which is a strong requirement for consumer audio devices. The higher gains
compared to NAL-NL2 can lead to higher speech intelligibility as shown in
Kreikemeier et al. (2011). However, higher gains might also lead to reduced
acceptance for broadband stimuli. Currently, the inclusion of a loudness summation
measure which would lead to reduced gain in such conditions is under investigation.

The three suggested methods showed almost identical results. Method 2 was approx.
60 s faster than method 1 and 3 and was often rated as the easiest method.

Further steps are the refinement of an appropriate fitting rule and integration into
real devices (hearing aids, other audio devices) as well as evaluation in terms of
loudness, quality, and speech reception.

[This work was supported by the BMBF (“Modellbasierte Horsysteme”).]
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Two experiments evaluated discrimination ability for both static and
dynamic spectral patterns. The static conditions measured the ability to
detect a change in the phase of a low-rate sinusoidal spectral ripple of
wideband noise. The dynamic condition determined the signal-to-noise ratio
(SNR) needed to discriminate 1-kHz pure tones frequency modulated by
different 5-Hz lowpass noise samples drawn from the same underlying noise
distribution so that discrimination was based on the temporal pattern of
fluctuation. Both procedures used a modified descending method of limits
with test stimuli recorded on a CD for clinic use. Results from the first
experiment showed a significant relationship of both metrics to masked
speech intelligibility. Using only the static procedure, the second experiment
evaluated the role of fine-structure information in the perception of masked
speech through vocoding of psychoacoustic and speech stimuli. In this case,
results showed significant relationship only when the psychoacoustic and
speech stimuli were either both vocoded or both unprocessed, consistent
with involvement of stimulus fine structure in speech perception at low
SNRs. Overall, results from both experiments support clinical utility of the
procedures in the context of speech processing ability.

INTRODUCTION

Due to manner of production, speech can be represented by distinctive spectral
patterns that vary over time. From this basis, past work has shown relationship
between the ability to discriminate spectral patterns and measures of speech
intelligibility in clinical subject groups. This work has evaluated auditory processing
of both static and dynamic spectral patterns. A common approach in procedures that
used static patterns was to assess the ability to either detect or discriminate periodic
spectral rippling of wideband stimuli (e.g., Litvak et al., 2007; Won et al., 2011).
Past evaluation of dynamic spectral patterns has measured discrimination of either
the rapid spectral variations of Schroeder-phase harmonic complexes or low-rate
stochastic frequency modulation (FM) of pure-tone carriers (Drennan et al., 2008;
Sheft et al,, 2011). The current study represents initial efforts at developing
clinically feasible measures of both static and dynamic spectral-pattern
discrimination. Past work evaluating discrimination of static spectral patterns in
clinical subject groups measured performance in terms of the threshold density of
spectral rippling. So that density was constant at a value consistent with involvement
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