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Effects of Bandwidth, Compression
Speed, and Gain at High Frequencies
on Preferences for Amplified Music

Brian C. ). Moore, MA, PhD, FMedSci, FRS'

Abstract

This article reviews a series of studies on the factors influencing sound quality preferences, mostly for jazz and classical music
stimuli. The data were obtained using ratings of individual stimuli or using the method of paired comparisons. For normal-
hearing participants, the highest ratings of sound quality were obtained when the reproduction bandwidth was wide (55 to
16000 Hz) and ripples in the frequency response were small (less than = 5 dB). For hearing-impaired participants listening via
a simulated five-channel compression hearing aid with gains set using the CAM?2 fitting method, preferences for upper cutoff
frequency varied across participants: Some preferred a 7.5- or 10-kHz upper cutoff frequency over a 5-kHz cutoff frequency,
and some showed the opposite preference. Preferences for a higher upper cutoff frequency were associated with a shallow
high-frequency slope of the audiogram. A subsequent study comparing the CAM2 and NAL-NL?2 fitting methods, with gains
slightly reduced for participants who were not experienced hearing aid users, showed a consistent preference for CAM2.
Since the two methods differ mainly in the gain applied for frequencies above 4 kHz (CAM2 recommending higher gain than
NAL-NL2), these results suggest that extending the upper cutoff frequency is beneficial. A system for reducing “overshoot”
effects produced by compression gave small but significant benefits for sound quality of a percussion instrument (xylophone).

For a high-input level (80 dB SPL), slow compression was preferred over fast compression.
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Introduction

One aspect of sound reproduction systems that determines
the subjective quality of the sound is the frequency response.
This is measured by using as input to the system a sine wave
of constant amplitude but variable frequency. Ideally, the
output of the system should not vary as a function of fre-
quency. In practice there is a limit to the range of frequen-
cies that the system reproduces, and there may also be some
irregularities in the response. The degree to which the
response differs from the ideal response can be specified by
using as a reference level the output in response to a given
frequency (often 1 kHz). The output at other frequencies can
then be specified relative to this level, and the overall
response can be specified in terms of the range of frequen-
cies over which the variations in output level fall within
certain limits. Thus, the frequency response for a loud-
speaker might be stated as 50 to 15000 Hz +5 dB. This
would mean that the sound level did not vary over more than
a 10-dB range for any frequency from 50 to 15000 Hz.
Two aspects of the response are of perceptual relevance.
The first is the overall frequency range. There is little point
in having a response that extends below about 30 Hz, since
there is little audible energy in music below that frequency,

except for some organ sounds or synthesized sounds. The
desirable upper limit is the subject of some controversy.
Most adults cannot hear sinusoids with frequencies above
about 20 kHz (Ashihara, 2006; Ashihara, Kurakata,
Mizunami, & Matsushita, 2006), and the absolute threshold
for detecting sounds usually increases markedly above about
15 kHz. Consistent with this, most adults with normal hear-
ing cannot detect the effect of low-pass-filtering recorded
speech or music at 16 kHz (Muraoka, Iwahara, & Yamada,
1981; Ohgushi, 1984).

The other important aspect of the frequency response is
its regularity. If the frequency response has large peaks and
dips, then these affect the timbre of the reproduced sound,
introducing “coloration” (Moore & Tan,2003). Psychoacoustic
studies suggest that, under ideal conditions, individuals can
detect changes in spectral shape when the level in a given
frequency region is increased or decreased by 1 to 2 dB
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relative to the level in other frequency regions (Bucklein,
1962; Green, 1988; Moore, Oldfield, & Dooley, 1989). Thus,
a response flat within = 1 dB will not be detectably different
from a perfectly flat response.

In this article, I start by reviewing the effects of band-
width limitations and nonflat frequency responses on the
perceived quality of reproduced music for adults with nor-
mal hearing. I then describe studies of the effects of band-
width limitations and nonflat frequency responses for
hearing-impaired people, considering especially the effects
of the upper cutoff frequency.

Most modern hearing aids incorporate some form of mul-
tichannel compression to compensate for the effects of loud-
ness recruitment that are experienced by people with cochlear
hearing loss (Fowler, 1936; Moore, 2007). However, the
exact implementation of the compression varies markedly
across manufacturers, and there is no general agreement
about the form of compression that is “best,” if indeed there
is an optimum; for reviews, see Moore (1990, 2007, 2008),
Hickson (1994), Dillon (1996), and Souza (2002). Generally,
evaluations of hearing aid compression have focused on its
effects on speech intelligibility and loudness. In this article,
I consider the effects of some of the characteristics of com-
pression on ratings of the quality of music. The characteris-
tics covered include: (a) compression speed, which is related
to the speed with which the gain changes in response to
increases or decreases in the input sound level (Moore,
2008), and (b) “overshoot” effects, which are brief marked
increases in sound level at the output of the compression sys-
tem following an abrupt increase in input level. They occur
because it takes the system a finite time to reduce the gain in
response to the increased level. Finally, the effects of two
hearing-aid-fitting methods (CAM2 and NAL-NL2) on pref-
erences for sound quality are described.

Effects of Bandwidth Limitations
and Nonflat Frequency Responses
for People With Normal Hearing

It is generally accepted that “smooth” wideband frequency
responses in sound reproduction systems are desirable
(Bucklein, 1962; Gabrielsson, Hagerman, Bech-Kristensen,
& Lundberg, 1990; Gabrielsson, Lindstrom, & Till, 1991;
Toole, 1986a, 1986b; Toole & Olive, 1988). Reviews of
carly studies on the perceptual effects of irregularities in
frequency response are provided in Toole (1986a, 1986b)
and Toole and Olive (1988). I focus here on a study of
Moore and Tan (2003). The goal of the study was to explore
how the perceived naturalness of music and speech signals
was affected by various forms of linear filtering. The study
was designed to isolate the effects of limited bandwidth and
irregularities in frequency response from other forms of
distortion that can occur in transducers, such as phase distor-
tion and nonlinear distortion. The sounds were reproduced
by high-quality headphones (Sennhesier HD580) with a
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Figure |. Effects of band-limiting music stimuli (jazz) on
judged naturalness. The bottom-left axis shows the upper
cutoff frequency, the bottom-right axis shows the lower cutoff
frequency, and the vertical axis shows the mean naturalness
rating.

good approximation to a diffuse field characteristic (i.c., the
frequency response at the eardrum resembled the response
that would be obtained listening with an open ear, when
averaged over many different directions of sound incidence).
The headphones also had low harmonic and intermodulation
distortion (Tan, Moore, & Zacharov, 2003). This meant that
the main factor affecting the quality ratings was the linear
filtering. A large variety of forms of filtering were used,
simulating different lower and upper cutoff frequencies and
different types of spectral tilt and spectral ripple.

In a given session, a participant was tested using either
speech or music stimuli. The music was a fragment of jazz
(piano, bass, and drums) with a relatively constant overall
level, taken from a commercial CD (digital recording). The
same fragment was used throughout. Its duration was 7.3 s.
Filtered stimuli were presented in a randomized order. After
each stimulus presentation, there was a pause, during which
the listener was required to rate the perceived quality on a
10-point scale where 10 = very natural—uncolored and 1 =
very unnatural—highly colored. The response categories
were displayed on the computer screen, and participants
responded using the mouse to “click” on their category of
choice.

To illustrate the meaning of the descriptors for the catego-
ries, before the experiment proper started, samples were pre-
sented of wideband signals (55 to 16854 Hz) without any
spectral ripple or tilt; these were described as examples of
Category 10. Similarly, samples were presented with large
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amounts of ripple and spectral tilt and described as examples
of Category 1. Ten participants with normal hearing were
tested. The pattern of results was very consistent across par-
ticipants and across test sessions.

Figure 1 illustrates the effects of band-limiting the music
stimuli. The bottom-left axis shows the upper cutoff fre-
quency, the bottom-right axis shows the lower cutoff fre-
quency, and the vertical axis shows the mean naturalness
rating. The highest naturalness was obtained for the broad-
band signal (55 to 16854 Hz). Increasing the lower cutoff
frequency from 55 to 313 Hz resulted in a progressive
decrease of naturalness. There was also a progressive decrease
in naturalness as the upper cutoff frequency was decreased
from 16854 to 3547 Hz. Typical telephone bandwidth (313
to 3547 Hz) gave very poor naturalness, and typical hearing-
aid bandwidth (about 200 to 4500 Hz) also gave poor
naturalness.

The effect of ripples in the frequency response was inves-
tigated using ripples that were uniformly spaced on the
ERB -number (Cam) scale, which is a scale related to the
equivalent rectangular bandwidth (ERB) of the auditory fil-
ters for young listeners with normal hearing (for details, see
Glasberg & Moore, 1990; Moore, 2012). For medium and
high center frequencies this scale is similar to a logarithmic
frequency scale. The ripples either extended over a wide fre-
quency range (87 to 6981 Hz) or were restricted to low fre-
quencies (87 to 606 Hz), mid frequencies (701 to 2224 Hz),
or high frequencies (2503 to 6981 Hz). The ripple density in
ripples/Cam varied from 0.05 (coarsely spaced ripples) to
0.5 (finely spaced ripples).

Figure 2 shows the mean ratings for music when pro-
cessed through filters giving spectral ripples with a depth of
10 dB (peak-valley ratio). Ripples of this magnitude occur
quite commonly in the frequency response of hearing aids
and cheap headphones. The bottom-left axis shows the ripple
rate (ripples/Cam), the bottom-right axis shows the ripple
range, and the vertical axis shows the mean rating. The deg-
radation in naturalness produced by the ripples is clearly evi-
dent. The ripples degrade naturalness to a greater extent
when they extend over a wide frequency range than when
they extend over subranges, and perceived naturalness tends
to decrease with increasing ripple rate up to 0.2 ripples/Cam.

Overall, these results indicate that, for normal-hearing
listeners, natural reproduction of music requires a wide
bandwidth, from 55 Hz or less up to about 16000 Hz, and
minimal ripples in the frequency response. Ripples with a
depth of 5 dB had only small deleterious effects on natural-
ness (not shown), but ripples with a depth of 10 dB had a
substantial effect.

Effects of Bandwidth Limitations for
People With Impaired Hearing

There have been several studies examining the effects of
bandwidth limitations on evaluations of sound quality for
music by hearing-impaired people. Franks (1982) obtained
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Figure 2. Effect of spectral ripples with a depth of 10 dB (peak-
valley ratio) on judged naturalness. The bottom-left axis shows
the ripple rate (ripples/cam), the bottom-right axis shows the
ripple range, and the vertical axis shows the mean rating.

paired-comparison judgments of preference for hearing-aid
processed music, varying both the lower and upper cutoff
frequencies. Upper cutoff frequencies were either 4 or 10 kHz.
Listeners with normal hearing preferred the higher cutoff
frequency, but preferences were not consistent across listen-
ers with impaired hearing. Ricketts, Dittberner, and Johnson
(2008) pointed out that the absolute thresholds of the
hearing-impaired listeners used by Franks varied over a
wide range and suggested that the inconsistency across lis-
teners might have occurred because some listeners consis-
tently preferred the higher cutoff frequency and some
consistently preferred the lower cutoff frequency.

Ricketts et al. (2008) obtained paired-comparison judg-
ments of preference for (simulated) hearing-aid processed
sounds using upper cutoff frequencies of 5.5 and 9 kHz. The
sounds were a piece of music and a movie soundtrack, both
chosen because they contained a relatively large amount of
high-frequency energy. Both normal-hearing and hearing-
impaired participants were tested. The latter were selected to
have mild hearing losses; average absolute thresholds were
38,43, and 53 dB HL at 8, 10, and 12 kHz, respectively. The
gains were adjusted for each listener using the NAL-NLI1
fitting method (Byrne, Dillon, Ching, Katsch, & Keidser,
2001). Since this method does not give recommended gains
for frequencies above 6 kHz, gains at high frequencies were
based on a form of extrapolation. Results were similar for
these two signals. Both normal-hearing and hearing-impaired
participants showed, on average, a preference for the higher
cutoff frequency, but the strength of preference was greater for
the former than for the latter. Preferences within the hearing-
impaired group did not appear to be related to average
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absolute thresholds, but a steep slope of the audiogram was
associated with a preference for the lower cutoff frequency.

It is not obvious why some hearing-impaired listeners
appeared to prefer the lower cutoff frequency. One possibil-
ity is that these listeners were unused to hearing frequencies
above about 6 kHz because of their long-standing hearing
loss and the limited frequency range of their hearing aids (if
any). When these high frequencies were amplified and pre-
sented in a laboratory setting, the sound quality may have
appeared somewhat harsh or tinny. If this were the case, such
listeners might come to prefer a higher cutoff frequency after
an acclimatization period (Gatehouse, 1992). Another pos-
sibility is that the fitting rule used for the high frequencies,
which was acknowledged by Ricketts et al. (2008) to be
somewhat arbitrary, may have led to excessive loudness of
the high frequencies for some listeners.

Until recently, hearing-aid-fitting methods, such as
NAL-NLI (Byrneetal., 2001), DSL[i/o] (Cornelisse, Seewald,
& Jamieson, 1995), and CAMEQ (Moore, Alcantara, &
Marriage, 2001; Moore, Glasberg, & Stone, 1999) did not
give gain recommendations for frequencies above 6 kHz.
Recently, two procedures have been introduced that give
recommendations for gain at higher frequencies: NAL-NL2
(Keidser, Dillon, Flax, Ching, & Brewer, 2011) gives
gain recommendation for frequencies up to 8 kHz, and
CAMEQ2-HF (Moore & Fiillgrabe, 2010), now called
CAM2 (Moore et al., 2011), gives gain recommendations for
frequencies up to 10 kHz. This allows evaluation of the
effects of varying the upper cutoff frequency using gains and
compression ratios (CRs) that are selected in a consistent
way rather than arbitrarily.

Moore et al. (2011) examined the influence of upper cut-
off frequency on preferences for music using a simulated
five-channel compression hearing aid and the method of
paired comparisons. The participants had mild hearing losses
for frequencies up to 2 kHz, but the losses increased at higher
frequencies, reaching an average of 60 dB at 8 kHz. All par-
ticipants had normal middle-ear function. The TEN(HL) test
(Moore et al., 2004) was used to check for the presence of
cochlear dead regions over the frequency range 0.5 to
4 kHz. None were found. The gains and CRs of the simulated
hearing aid were set individually for each of the 14 hearing-
impaired participants, using the CAM?2 method. The effects
of several other aspects of the simulated hearing aid were
also investigated, including compression speed and the use
of a system for reducing overshoot effects; these are dis-
cussed in more detail later on.

Moore et al. (2011) used three types of music signals. One
was a segment of a jazz trio (piano, bass, and drums), the
same as used by Moore and Tan (2003), as described earlier.
The second was an excerpt from an orchestra playing Bizet’s
Carmen, lasting 5.6 s. It included the sound of brass instru-
ments and cymbals. The third, which was used only for eval-
uation of the effects of overshoot reduction, was extracted
from Track 27 of the compact disc produced by Bang and
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Figure 3. Spectra of the jazz, classical music, and percussion
sounds, as used by Moore, Fiillgrabe, and Stone (201 1), specified
as the relative levels in /3 octave bands.

Olufsen called “Music for Archimedes” (CD B&O 101). It
was a recording of a solo percussion instrument, the xylo-
phone, playing the “Sabre Dance” by Khachaturian (anechoic
recording). The excerpt lasted 3.5 s. The long-term-average
spectra of the three music signals, expressed as the relative
level in 1/3-octave bands, are shown in Figure 3. The classi-
cal music and the percussion signals had spectra with rela-
tively more high-frequency energy than the jazz signal. This
should be kept in mind when interpreting the results.

The simulated hearing aid had the same general structure
as described by Moore, Fiillgrabe, and Stone (2010). Stimuli
were processed to simulate listening through a hearing aid
with five-channel wide dynamic range compression. The
aid simulator included a facility for overall shaping of the
frequency response; the gain for a speech-spectrum noise
with a level of 65 dB SPL could be set for center frequencies
0f0.25,0.5,1, 2, 3,4, 6,8, and 10 kHz. This noise had the
spectrum described by Moore, Stone, Fiillgrabe, Glasberg,
and Puria (2008). The shaping was done using a single
linear-phase finite impulse response (FIR) filter that was
applied before compression. The four higher compression
channels were each 1-octave wide and were centered on fre-
quencies of 1, 2, 4, and 8 kHz. The lowest channel included
all frequencies up to 0.71 kHz. FIR filters were used to cre-
ate the channel signals, and the delay introduced by these
filters was removed. The frequency response of each filter
overlapped that of its neighbor at the —6-dB point and over-
lapped that of its next-but-one neighbor at the —65-dB point
or lower. The compression thresholds were set to 49, 41, 40,
39, and 38 dB SPL, in order of increasing channel center
frequency. The values were chosen to make soft speech
audible, in keeping with the philosophy behind CAM?2
(Moore, Glasberg, & Stone, 2010). The CR could be set
independently for each channel. The attack and release
times could be set to any desired value for each channel.
The values actually used are specified for each experiment
described below.
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Figure 4. Mean preference judgments for each upper cutoff frequency for the slow compression system (left) and the fast compression
system (right). In this and subsequent similar figures, error bars indicate | standard deviation.

The audio signal could be slightly delayed relative to the
gain-control signal, to reduce overshoot and undershoot
effects (Robinson & Huntington, 1973). This delay is
referred to as the “alignment delay.” Its effects are described
in more detail below.

All processing was performed offline, using at least 24-bit
precision. During each experiment, stimuli were generated
via an Echo Indigo 24-bit sound card, using a sampling rate
of 22.05 kHz, and presented via Sennheiser HDA200 head-
phones. These are often used to measure audiometric
thresholds for frequencies above 8 kHz. The response of
the headphones was measured with a Knowles Electronic
Manikin for Acoustic Research (KEMAR) (Burkhard &
Sachs, 1975), using the “large” pinnae. Digital filtering was
used to “correct” the response of the headphones so that it
corresponded closely to the diffuse-field response of the ear
as specified in ANSI S3.4-2007 (American National
Standards Institute [ANSI], 2007). This ensured that the
insertion gains prescribed by CAM2 were implemented
accurately.

In one experiment, the upper cutoff frequency of the stim-
uli was set to 5, 7.5, or 10 kHz. Two compression speeds
were used. For the fast system, the attack and release times
were 10 ms and 100 ms, respectively, both defined as speci-
fied in ANSI (2003). For the slow system, the attack and
release times were 50 and 3000 ms, respectively. The align-
ment delay was set to 2.5 ms.

The overall stimulus level at the input to the simulated
hearing aid was 65 dB SPL. Within a run, the compression
speed and type of stimulus were fixed and all possible pairs
of cutoff frequencies were compared, in both possible orders.
For each pair, the participant had to indicate which of the
two stimuli was preferred (in terms of pleasantness) and by
how much. This was done using a slider on a screen, which
could be moved, using a mouse, along a continuum from
“stimulus 1 much preferred” to “stimulus 2 much preferred,”

with “no preference” in the middle. The participant moved
the slider to the appropriate point to indicate his or her pref-
erence. Before a trial commenced, the stimuli to be com-
pared in that trial were presented in alternation in random
order to help the participant to attend to the way in which the
sounds differed perceptually.

Preference scores for each participant and each condition
were computed in a manner similar to that described by
Keidser, Dillon, and Byrne (1995). For a given pair of stim-
uli, the preferred one was assigned a score from 0 to 3
(depending on the slider setting), where 3 corresponded to
much preferred, and the nonpreferred one was assigned a
score of the same absolute magnitude but the opposite sign.
The overall score for a given condition and stimulus type
(e.g., classical music) was obtained by averaging all of the
subscores obtained for that condition and stimulus type. If a
given condition was always much preferred, it would have
received a score of 3, whereas if the other conditions were
always much preferred, they would have received a score of
—3. Note that the preference score for a given condition
expresses degree of preference relative to the other condi-
tions tested in that series of paired comparisons.

The mean results are shown in Figure 4. The error bars
indicate +1 standard deviation across participants. The
effects of cutoff frequency were generally small for both
slow and fast compression. Separate one-way ANOVAs
(analyses of variance) for each type of stimulus and each
compression speed showed no significant effect of cutoff
frequency. However, there were substantial individual dif-
ferences, with some participants consistently preferring the
7.5- and 10-kHz cutoff frequencies and some consistently
preferring the 5-kHz cutoff frequency. To assess whether the
preferences were associated with audiometric thresholds or
the slope of the audiogram at high frequencies, correlational
analyses were conducted. The measure of bandwidth prefer-
ence was taken as the difference between the preference
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Figure 5. Mean preference judgments for the high-frequency gains prescribed by CAM2, and either less gain or more gain. Results are
shown for the slow compression system (left) and the fast compression system (right).

scores for the 5- and the 7.5-kHz bandwidths; the 10-kHz
bandwidth was not considered as there was no clear differ-
ence in preferences between the 7.5- and 10-kHz bandwidths.
The audiogram measures were the audiometric threshold at
6 and 8 kHz (each considered separately), and the difference
between audiometric thresholds at 4 and 8 kHz, which is a
measure of audiogram slope at high frequencies. There were
no significant correlations between the bandwidth prefer-
ence measures and the audiometric thresholds at 6 and
8 kHz. However, the slope measure was correlated with the
pleasantness preference for jazz (r = .538, p =.047). A steep
audiogram slope was associated with a preference for the
narrower bandwidth, and a shallow slope was associated
with a preference for the wider bandwidth, as found by
Ricketts et al. (2008).

The individual variability in terms of preferences for cut-
off frequency may have been related to the amount of high-
frequency gain prescribed by CAM?2; the gain might have
been higher than preferred for some participants, leading
them to prefer a lower cutoff frequency. To assess this pos-
sibility, preference judgments were obtained with the high-
frequency gains of the simulated hearing aid set both lower
and higher than recommended by CAM2. To obtain reduced
gains, the gains for a speech-shaped noise with a level of 65
dB SPL were multiplied by 0.9, 0.85, 0.8, and 0.8 for center
frequencies of 4, 6, 8, and 10 kHz, respectively. To obtain
increased gains, the gains for a speech-shaped noise with a
level of 65 dB SPL were multiplied by 1.11, 1.18, 1.25, and
1.25, for center frequencies of 4, 6, 8, and 10 kHz, respec-
tively. The modified gains were implemented in the linear
FIR filter prior to filtering into compression channels. Thus,
the CRs in each channel were not altered. Gains for frequen-
cies below 4000 Hz were not modified.

Both the slow and fast compression speeds were used.
Within a run, the compression speed and type of stimulus
were fixed and all possible pairs of gains (less gain, CAM2,
and more gain) were compared, in both possible orders. The
overall stimulus level at the input to the simulated hearing

aid was 65 dB SPL. The upper cutoff frequency for all stim-
uli was 10 kHz.

The mean results and standard deviations are shown in
Figure 5. The results were very similar for the two compres-
sion speeds. For the classical music signal, the CAM2 gains
and the reduced gains were approximately equally preferred,
whereas the increased gains were not preferred. Preferences
did not differ significantly for reduced gains and CAM2
gains. For the jazz signal, which had relatively less high-
frequency energy, CAM2 gains tended to be preferred over
either reduced or increased gains. However, the effects were
small. Of the three participants who regularly used hearing
aids in their everyday life, two preferred CAM?2 gains over
either reduced or increased gains for both signals. This sug-
gested that experienced participants may prefer slightly
greater gains than inexperienced participants (Marriage,
Moore, & Alcantara, 2004). The version of CAM2 currently
in use recommends slightly lower gains for inexperienced
than for experienced users, more so at high frequencies.

Overall, it seems clear that whereas normal-hearing listen-
ers clearly prefer upper cutoff frequencies greater than 5 kHz
when listening to music, preferences among hearing-impaired
listeners are less clear, and vary markedly across listeners.
Preference for an upper cutoff frequency above 5 kHz seems
to be associated with audiograms that do not have a steep
slope (Moore et al., 2011; Ricketts et al., 2008). It may also
be the case that listeners who are not experienced hearing-aid
users prefer lower gains at high frequencies than experienced
users. A study presented later in this article, comparing the
NAL-NL2 and CAM?2 hearing-aid-fitting procedures, sup-
ports the idea that amplification at frequencies above 5 kHz is
preferred, provided that gains are chosen appropriately.

There have been relatively few studies of preferences for
the lower cutoff frequency in hearing aids. Most hearing aids
have frequency responses that roll off below about 200 Hz.
This is often considered desirable when listening to speech,
as the roll off reduces masking from intense low-frequency
environmental sounds, such as car noise or noise from
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air-conditioning. This can be important, as hearing-impaired
people are often very susceptible to the “upward spread of
masking” (Glasberg & Moore, 1986). However, for listening
to music, Franks (1982) showed that hearing-impaired par-
ticipants clearly preferred cutoff frequencies below 200 Hz.

Many hearing-impaired people have normal or near-normal
hearing at low frequencies. For such people, open-fit hearing
aids are often used, and low-frequency sounds are heard via
leakage past the open dome. In such cases, the low-frequency
roll off of the hearing-aid response is largely irrelevant.
However, if a more closed fit is used, either because the client
has a hearing loss at low frequencies or because a closed fit is
required to reduce acoustic feedback, then the low-frequency
response of the hearing aid becomes much more important.
Tests using sealed-dome receiver-in-the-canal hearing aids sug-
gest that a lower cutoff frequency of about 50 Hz is required for
good sound quality when listening to music (Fiillgrabe, Moore,
van Tasell, & Stone, 2007), consistent with the results obtained
by Moore and Tan (2003) for normal-hearing listeners.

Effects of Irregularities in Frequency
Response for People With Impaired
Hearing

The frequency response of a hearing aid at or close to the
eardrum often shows distinct ripples. For “closed-fit” hearing
aids, these can be caused by resonances in the acoustical
delivery system, for example, the tubing leading from a
behind-the-ear hearing aid to the earmold. It is possible to
reduce these peaks, smoothing the overall frequency
response, by suitable modifications to the tubing and/or by
the use of acoustic resistors (Killion, 1982; Libby, 1981).
For “open-fit” hearing aids, ripples in the frequency response
can be caused by the interference of amplified sound from
the hearing aid with sound leaking past the open dome
(Stone, Moore, Meisenbacher, & Derleth, 2008). These rip-
ples can be reduced to some extent by adjusting the gain in
individual frequency channels, provided that the aid has
many such channels. However, the ripples are difficult to
eliminate completely, and, for a hearing aid with multichan-
nel compression, the pattern of the ripples may change with
input sound level.

A single broad peak in the frequency response around
3 kHz is desirable, since this mimics the normal response of
the outer ear. However, additional peaks and dips are not
desirable and can have adverse effects on sound quality. It is
now widely accepted that the frequency response should be
as smooth as possible. Although one study showed no
significant differences in judged clarity and pleasantness
between hearing aids with unsmoothed and smoothed
responses (Cox & Gilmore, 1986), most other studies have
shown that hearing aids with smoothed frequency responses
are preferred (Libby, 1981; Mertz, 1982).

To study the effects of frequency response irregularities
in a better controlled manner, van Buuren, Festen, and

Houtgast (1996) artificially imposed peaks in the frequency
response of a sound reproduction system via digital filtering
prior to delivery via headphones. The peaks were centered at
1.3, 2.8, or 5.5 kHz and had heights of 10, 20, or 30 dB. The
peaks were presented either singly or all three together. A
reference condition without any such peaks was included. A
total of 26 participants with sensorineural hearing loss were
tested, most with hearing loss increasing with increasing fre-
quency. Frequency-dependent amplification was applied to
ensure that the signals fell within the dynamic range of each
participant (the range between the detection threshold and
the uncomfortable loudness level). Several music signals
were used, including (a) flute, piano, and voice; (b) trumpet
and orchestra; (c) drums, synthesizer, and voice; and (d)
piano. Participants were asked to rate each sound sample on
a scale with response options ranging from very unpleasant
to very pleasant. Pleasantness ratings decreased systemati-
cally with increasing peak height and also tended to decrease
with increasing center frequency of the peak. Multiple peaks
led to lower pleasantness than a single peak. Even the small-
est peaks used (10 dB) led to noticeable reductions in pleas-
antness for some of the music signals.

It can be concluded that the quality of music perceived by
hearing-impaired people is reduced by frequency-response
irregularities when the peak-to-valley ratio in the response is
10 dB or more, as is common in hearing aids. In addition,
there are at least three benefits of smoothing the frequency
response other than effects on sound quality: (a) It can reduce
acoustic feedback; (b) it can reduce the distortion (including
temporal distortion produced by rapid phase changes) that
often occurs at frequencies around peaks in the response; (c)
it can allow a greater proportion of the spectrum of the sound
to be above threshold before the uncomfortable loudness
level is reached.

Effects of Overshoot Reduction on
Music Preferences

A small time delay of the audio signal relative to the gain
control signal, called here the alignment delay, has been
proposed as a method of reducing overshoot effects in com-
pression systems (Robinson & Huntington, 1973; Verschuure
& Dreschler, 1996; Verschuure et al., 1993). The concept is
illustrated in Figure 6, which shows the output of the simu-
lated five-channel hearing aid described above in response
to a 2000-Hz tone with an abrupt 25-dB increase in level,
lasting 0.03 s. The CR was 2 for all channels, and both the
low and high signal level were above the compression
threshold. For the left panels, the attack and release times
were 10 ms and 100 ms, respectively, both defined as speci-
fied in ANSI (2003). This corresponds to the fast compres-
sion system described earlier (Moore et al., 2011). For the
right panels, the attack and release times were 50 and 3000
ms, respectively, corresponding to the slow compression
system described earlier. Without the alignment delay (0 ms,
top panels), when the input level of the signal is suddenly



166

Trends in Amplification 16(3)

0.2 . . .
0ms Fast 0Oms
0 e
2.5 ms 5ms
© 0
©
=
=02
(ol -
0.2 T
£ 5.0 ms 10 ms
D 4
-g% +
“17.5ms 15 ms
0.2 . . ) 1 . . , . , ;
0 001 002 003 004 005 O 001 002 003 004 005
Time (s) Time (s)

Figure 6. lllustration of the effect of alignment delay on the overshoot effect. The input signal was a 2000-Hz tone with an abrupt
25-dB 0.03-s increase in sound level. The output of the simulated compression hearing aid is shown for the fast compression system (left:
alignment delays of 0,2.5,5,and 7.5 ms) and the slow compression system (right: alignment delays of 0, 5, 10,and |5 ms).

increased, it takes a certain time for the gain to be reduced;
this time is determined by the attack time. As a result, the
output level becomes high for a short time (the overshoot
effect) and then decreases smoothly to a steady value. This
may mean that the signal momentarily becomes uncomfort-
ably loud. Also, the envelope shape of the signal is distorted.

The alignment delay has an effect similar to that of look-
ing into the future. The gain is reduced before the sudden
increase in sound level occurs, and the overshoot effect is
much reduced. This effect is most apparent for the alignment
delays of 5 and 7.5 ms for the fast compression system and
the alignment delays of 10 and 15 ms for the slow compres-
sion system. Note that increase of gain following the end of
the high-level section of the signal (at 0.04 s) is not apparent
because the release times for both compression speeds are
much longer than the attack times; the gain does not recover
significantly over the 10-ms duration shown.

A problem with the use of alignment delay is that it neces-
sarily involves a delay in the overall signal at the output of
the hearing aid. This delay is added to other delays that are
inherent in the operation of the hearing aid, such as those
produced by spectral analysis. The overall throughput delay
can have disturbing effects on speech production and speech
perception when the delay exceeds 10 to 20 ms (Stone &
Moore, 2002, 2003a, 2005; Stone et al., 2008). These effects
place a limit on the alignment delay that can be used in
practice.

Moore et al. (2011) assessed the effect of alignment delay
for the slow and fast compression systems. For the slow sys-
tem, alignment delays of 0, 5, 10, and 15 ms were used. For
the fast system, alignment delays of 0, 2.5, 5, and 7.5 ms
were used.

The percussion instrument (xylophone) was used as the
test stimulus. This was felt to be appropriate for exploring
perceptual effects of overshoot, since the abrupt onset of
each note would tend to elicit strong overshoot effects. The
overall stimulus level at the input to the simulated hearing
aid was 65 dB SPL. Within a run, the compression speed was
fixed and all possible pairs of alignment delays were com-
pared, in both possible orders.

A preference score for each alignment delay was deter-
mined as described earlier. The preference score for a given
alignment delay expresses degree of preference relative to
the other alignment delays used with that compression speed.
The mean results are shown in Figure 7. Note that the scale
ranges only from —1 to +1. The effects of alignment delay
were subtle. However, there was a trend for pleasantness to
increase with increasing alignment delay, especially for the
fast compression system.

Analysis of variance showed that the effect of alignment
delay was significant for the slow system: F(3, 24) = 3.22,
p =.04. Post hoc tests, based on Fisher’s protected least sig-
nificant difference (LSD) test, showed that the 15-ms delay
was preferred over the delays of 5 and 10 ms (both p < .05).



Moore

167

— Slow compression —

— Fast compression -

slightly

preferred

preferred

slightly

Preference score

Other condition Condition

0 5 10 15

Delay, ms

0 2.5 5 7.5

Figure 7. Mean preference judgments for each alignment delay for the slow compression system (left) and the fast compression system

(right).

The effect of alignment delay was also significant for the fast
system: F(1.347, 10.77) = 6.33, p = .022. LSD tests showed
that the delays of 2.5, 5, and 7.5 ms were preferred over the
delay of 0 ms, but preferences did not differ for delays of 2.5,
5, and 7.5 ms.

In summary, for the percussion sound, pleasantness did
increase significantly with increasing delay, but the effect
was small. The most marked effect was that, for the fast
compression system, the delay of 0 ms received the lowest
rating.

Effects of Compression Speed
and Input Level on Preferences

There is no general consensus about whether slow- or fast-
acting compression is better for listening to music. In prin-
ciple, fast-acting compression might be better for dealing
with sudden changes in sound level, as can occur in the
transition from a Forte passage to a Piano passage, or vice
versa. This is illustrated on a compact disk containing simu-
lations of the effects of hearing loss (Moore, 1997). On the
other hand, fast compression can introduce cross-modulation
effects between the signals from different sound sources
(Stone & Moore, 2003b, 2004, 2008) and this might make it
more difficult to hear out the different instruments or groups
of instruments in an ensemble performance.

Moore et al. (2011) determined relative preferences for
music for three compressor speeds. Two of these were the
slow and fast systems described earlier. The third, desig-
nated “medium,” used an attack time of 20 ms and a release
time of 300 ms in all channels. The stimulus bandwidth was
10 kHz in all cases.

The stimuli were the jazz and classical music described
carlier. Since one purpose of compression systems is to make
sounds both audible and comfortable over a wide range of
input levels, three input levels were used: 50-, 65-, and 80 dB

SPL. Within a run, the type of stimulus and input level were
fixed and all possible pairs of compression speeds were com-
pared, in both possible orders.

The mean results are shown in Figure 8. For the input
levels of 50- and 65 dB SPL, compression speed had almost
no effect. For the input level of 80 dB SPL, preferences
tended to decrease with increasing compression speed. A
separate one-way ANOVA was conducted for each stimulus
type and each input level. For the 50-dB level, there was no
significant effect of compression speed for any stimulus. For
the 65-dB level, there was a significant effect only for the
classical music: F(2, 26) =4.07, p =.029. LSD tests showed
that the slow system was preferred over the fast system
(p =.038). For the 80-dB level, there was a significant effect
for classical music, F(2, 26) = 18.2, p < .001, and for jazz,
F(2,26)=11.94, p < .001. LSD tests showed that the slow
system was consistently preferred over the medium and fast
systems (all p < .034). The strength and consistency of the
preferences varied across participants. For the 80-dB input
level, 4 participants (HI3, HI8, HI12, HI13) showed clear and
consistent preferences, and the remaining 10 showed patterns
of preference that were small and varied across stimuli.

Overall, the results indicate that the effects of compres-
sion speed on pleasantness and clarity were greater for high
than for low input levels and that, for the 80 dB SPL input
level, slow compression was generally preferred over
medium or fast compression. The strength and consistency
of the preferences varied across participants, but none
showed a clear preference for fast compression.

Effects of Fitting Method on
Preferences: CAM2 Versus NAL-NL2
As mentioned earlier, two new fitting methods have been

introduced, the NAL-NL2 method (Keidser et al., 2011) and
the CAM2 method (Moore, Glasberg et al., 2010). NAL-NL2
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Figure 8. Mean preference scores as a function of compressor speed for stimuli with input levels of 50 (left), 65 (middle), and 80 (right)

dB SPL.

recommends less mid-frequency gain and more low- and
high-frequency gain than NAL-NL1 (Johnson & Dillon,
2011). NAL-NL2 recommends gain for frequencies up to 8
kHz, whereas the limit for NAL-NL1 is 6 kHz. CAM2 is
conceptually similar to the CAMEQ method (Moore, 2005;
Moore et al., 1999), which was developed using a loudness
model (Moore & Glasberg, 1997). The gains recommended
by CAM?2 are close to, but typically 1 to 3 dB lower, than
those recommended by CAMEQ for frequencies from 1 to
4 kHz. CAM2 gives recommended gains for center frequen-
cies up to 10 kHz, whereas the upper limit for CAMEQ is
6 kHz.

Moore and Sek (2012) compared the relative preferences
for sound quality of hearing-aid fittings based on CAM2 and
on NAL-NL2, using the same simulated five-channel com-
pression hearing aid as described previously. Both fast and
slow compression were used, as described earlier. The music
stimuli were the same as described previously (jazz, classi-
cal, and percussion), plus a man singing (a counter-tenor
accompanied by guitar and recorder). For all four music sig-
nals, the input level to the simulated hearing aid was 50, 65,
or 80 dB SPL. The level was always the same for the two
sounds within a pair to be compared. In the paired-compari-
son procedure, the same segment of sound was presented
twice in succession, once with the gains and CRs prescribed
by NAL-NL2 and once with the gains and CRs prescribed by
CAM2. The possible orders were used equally often and the
order was randomized across trials. Within a given pair of
sounds (one trial), the only difference between the signals
was in the fitting method; the input level and compression
speed were always the same. For each pair of sounds, the
participant was asked to indicate which of the two was pre-
ferred and by how much. Participants responded using a
slider on the screen, which could be moved, using the mouse,
along a continuum labeled / = much better, 1 = moderately
better, 1 = slightly better, equal, 2 = slightly better, 2 = mod-
erately better, and 2 = much better.

Within each block of trials, six types of signals were pre-
sented (classical music, jazz, male singing, percussion,
female speech, and male speech). The two compression
speeds were also used within a single block, but the input
level was kept constant. Within a block, the 24 pairs of
sounds (6 signal types X 2 compression speeds X 2 presenta-
tion orders [CAM2 first or NAL-NL2 first]) were presented
in random order. Two blocks of trial were used for each par-
ticipant and each input level. The order of presentation of
input levels across blocks was random.

Preference scores for each participant and each condition
were computed in the following way. Regardless of the order
of presentation in a given trial (CAM2 first or NAL-NL2
first), if CAM2 was preferred the slider position was coded
as a negative number and if NAL-NL2 was preferred the
slider position was coded as a positive number. For example,
if the order on a given trial was NAL-NL2 first and CAM2
second, and the participant set the slider position midway
between 2 = slightly better and 2 = moderately better, the
score for that trial was assigned a value of —1.5. The overall
score for a given fitting method and stimulus type (e.g., clas-
sical music) was obtained by averaging all of the subscores
obtained for that fitting method and stimulus type. Hence, a
score of —3 would indicate a very strong and perfectly con-
sistent preference for CAM2 whereas a score of +3 would
indicate a very strong and perfectly consistent preference for
NAL-NL2. A score of 0 would indicate no preference. In
practice, because of variability in the responses and a general
reluctance to use the extremes of the rating scale, most pref-
erence scores fell in the range -1 to +1.

Fifteen participants with mild-to-moderate sensorineural
hearing loss were tested. Their ages ranged from 54 to 76
years. There were 11 male and 4 female participants. Six had
experience with multichannel compression hearing aids and
nine were inexperienced. Gains were reduced for the inexpe-
rienced participants according to the CAM2 and NAL-NL2
recommendations. Recommended insertion gains at low
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Figure 9. Preference scores averaged across participants for the overall quality of classical music and jazz using a simulated hearing aid
fitted using CAM2 or NAL-NL2. Results are shown separately for the two compression speeds and three input levels.

frequencies were small for both fitting methods, which is as
expected given that most participants had near-normal hear-
ing at low frequencies. Over the frequency range 1 to 4 kHz,
CAM2 insertion gains were 0 to 5 dB higher than NAL-NL2
insertion gains. For frequencies above 4 kHz, CAM2 inser-
tion gains were markedly higher than NAL-NL2 insertion
gains; the insertion gains recommended by CAM2 increased
with increasing frequency above 4 kHz, whereas the inser-
tion gains for NAL-NL2 remained nearly constant. The CRs
for the two fitting methods were similar.

Figure 9 shows preference scores averaged across partici-
pants for the overall quality of classical and jazz music
(results were similar for the other two music signals). The
results are shown separately for the two compression speeds
and three input levels. CAM2 was preferred relative to
NAL-NL2 for both types of music, both compression speeds
and all three levels, although the effect was very small for
the input level of 80 dB SPL. The mean score of —0.29
was significantly different from zero, based on a ¢ test,
1(1439) =-10.6, p < .001.

As described earlier, the differences between the insertion
gains prescribed by CAM2 and by NAL-NL2 were small
(usually less than 5 dB) for frequencies up to 4 kHz, but
CAM2 prescribed considerably more insertion gain than
NAL-NL2 for frequencies above 4 kHz. Thus, the preference
for CAM2 over NAL-NL2 can mainly be ascribed to the
greater high-frequency gain prescribed by CAM2. In the
work described earlier in this article, increasing the upper
cutoff frequency from 5 to 7.5 kHz or from 5 to 10 kHz,
using simulated hearing aids fitted using the original version
of CAM2 (Moore, Glasberg et al., 2010), resulted in small

but significant reductions in judged overall sound quality
(Fillgrabe, Baer, Stone, & Moore, 2010; Moore et al., 2011);
the sound quality was described as too shrill or too harsh for
the sounds with the wider bandwidth. This effect was
ascribed to the fact that most of the participants in those stud-
ies were not experienced users of hearing aids. CAM2 now
incorporates reduced gains for inexperienced users, and
those reduced gains were employed in the study of Moore
and Sek (2012) for the nine participants who did not have
experience with hearing aids. This gain reduction seems to
have been successful, in that most of the participants tested
preferred the greater high-frequency gains prescribed by
CAM2 over the lower gains prescribed by NAL-NL2.

Conclusions

For normal-hearing participants, the highest ratings of qual-
ity for sounds reproduced via headphones were obtained
when the reproduction bandwidth was wide (55 to 16000
Hz) and ripples in the frequency response were small (less
than = 5 dB). For hearing-impaired participants listening via
a simulated five-channel compression hearing aid with gains
set using the CAM2 fitting method, preferences for upper
cutoff frequency varied across participants: Some preferred
a 7.5- or 10-kHz upper cutoff frequency over a 5-kHz cutoff
frequency and some showed the opposite preference. There
were no clear differences in preference for the 7.5- and
10-kHz cutoff frequencies. Preferences for a higher upper
cutoff frequency were associated with a shallow high-
frequency slope of the audiogram. A subsequent study com-
paring the CAM2 and NAL-NL2 fitting methods, with gains
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slightly reduced for participants who were not experienced
hearing-aid users, showed a consistent preference for CAM2.
Since the CAM2 and NAL-NL2 methods differ mainly in
the gain applied for frequencies above 4 kHz (CAM2 recom-
mending higher gain than NAL-NL2), these results suggest
that extending the upper cutoff frequency is beneficial. For
high-quality reproduction of music, the lower cutoff fre-
quency of a hearing aid should be well below 200 Hz, and
preferably about 50 Hz, and ripples in the frequency
response should be less than £5 dB. A system for reducing
overshoot effects produced by compression gave small but
significant benefits for sound quality of a percussion instru-
ment (xylophone). For a high input level (80 dB SPL), slow
compression was preferred over fast compression.

Acknowledgments

I thank Andrew Kolarik and Sara Madsen for helpful comments on
an earlier version of this paper.

Declaration of Conflicting Interests

The author declared no potential conflicts of interest with respect to
the research, authorship, and/or publication of this article.

Funding

The author disclosed receipt of the following financial support
for the research, authorship, and/or publication of this article:
Supported by the MRC (UK), Starkey (USA), and Deafness
Research UK (UK).

References

American National Standards Institute. (2003). ANSI §3.22-2003,
Specification of hearing aid characteristics. New York, NY:
Author.

American National Standards Institute. (2007). ANSI S3.4-2007,
Procedure for the computation of loudness of steady sounds.
New York, NY: Author.

Ashihara, K. (2006). Hearing threshold for pure tones above 16
kHz. Journal of the Acoustical Society of America, 122, 52-57.

Ashihara, K., Kurakata, K., Mizunami, T., & Matsushita, K. (20006).
Hearing threshold for pure tones above 20 kHz. Acoustical Sci-
ence and Technology, 27, 12-19.

Bucklein, R. (1962). Horbarkeit von Unregelméssigkeiten in Fre-
quenzgingen bei akustischer Ubertragung [Audibility of irregu-
larities in the frequency characteristics of acoustic transmission].
Frequenz, 16, 103-108.

Burkhard, M. D., & Sachs, R. M. (1975). Anthropometric manikin
for acoustic research. Journal of the Acoustical Society of America,
58,214-222.

Byrne, D., Dillon, H., Ching, T., Katsch, R., & Keidser, G. (2001).
NAL-NL1 procedure for fitting nonlinear hearing aids: Charac-
teristics and comparisons with other procedures. Journal of the
American Academy of Audiology, 12,37-51.

Cornelisse, L. E., Seewald, R. C., & Jamieson, D. G. (1995). The
input/output formula: A theoretical approach to the fitting of
personal amplification devices. Journal of the Acoustical Soci-
ety of America, 97, 1854-1864.

Cox, R. M., & Gilmore, C. (1986). Damping and the hearing aid
frequency response: Effects on speech clarity and preferred
listening level. Journal of Speech and Hearing Research, 29,
357-365.

Dillon, H. (1996). Compression? Yes, but for low or high frequen-
cies, for low or high intensities, and with what response times?
Ear & Hearing, 17,287-307.

Fowler, E. P. (1936). A method for the early detection of otosclero-
sis. Archives of Otolaryngology, 24, 731-741.

Franks, J. R. (1982). Judgments of hearing aid processed music.
Ear & Hearing, 3, 18-23.

Fiillgrabe, C., Baer, T., Stone, M. A., & Moore, B. C. J. (2010).
Preliminary evaluation of a method for fitting hearing aids with
extended bandwidth. International Journal of Audiology, 49,
741-753.

Fiillgrabe, C., Moore, B. C. J., van Tasell, D. J., & Stone, M. A.
(2007). Effects of bandwidth on sound-quality preferences for
hearing aids. Bulletin of the American Auditory Society, 32, 45.

Gabrielsson, A., Hagerman, B., Bech-Kristensen, T., & Lundberg, G.
(1990). Perceived sound quality of reproductions with different
frequency responses and sound levels. Journal of the Acousti-
cal Society of America, 88, 1359-1366.

Gabrielsson, A., Lindstrém, B., & Till, O. (1991). Loudspeaker fre-
quency response and perceived sound quality. Journal of the
Acoustical Society of America, 90, 707-719.

Gatehouse, S. (1992). The time course and magnitude of perceptual
acclimatization to frequency responses: Evidence from monau-
ral fitting of hearing aids. Journal of the Acoustical Society of
America, 92, 1258-1268.

Glasberg, B. R., & Moore, B. C. J. (1986). Auditory filter shapes
in subjects with unilateral and bilateral cochlear impairments.
Journal of the Acoustical Society of America, 79, 1020-1033.

Glasberg, B. R., & Moore, B. C. J. (1990). Derivation of auditory
filter shapes from notched-noise data. Hearing Research, 47,
103-138.

Green, D. M. (1988). Profile analysis. Oxford, UK: Oxford Uni-
versity Press.

Hickson, L. M. H. (1994). Compression amplification in hearing
aids. American Journal of Audiology, 3, 51-65.

Johnson, E. E., & Dillon, H. (2011). A comparison of gain for
adults from generic hearing aid prescriptive methods: Impacts
on predicted loudness, frequency bandwidth, and speech intel-
ligibility. Journal of the American Academy of Audiology, 22,
441-459.

Keidser, G., Dillon, H., & Byrne, D. (1995). Candidates for mul-
tiple frequency response characteristics. Far & Hearing, 16,
562-574.

Keidser, G., Dillon, H., Flax, M., Ching, T., & Brewer, S. (2011).
The NAL-NL2 prescription procedure. Audiology Research, 1,
24, 88-90.

Killion, M. C. (1982). Transducers, earmolds and sound quality
considerations. In G. A. Studebaker & F. H. Bess (Eds.), The
Vanderbilt hearing-aid report (pp. 104-111). Upper Darby, PA:
Monographs in Contemporary Audiology.

Libby, E. R. (1981). Achieving a transparent, smooth, wideband
hearing aid response. Hearing Instruments, 32, 9-12.



Moore

171

Marriage, J. E., Moore, B. C. J., & Alcantara, J. . (2004). Compari-
son of three procedures for initial fitting of compression hearing
aids. III. Inexperienced versus experienced users. International
Journal of Audiology, 43, 198-210.

Mertz, P. (1982). Clinical applications of innovative earmold cou-
pling systems. Audecibel, 31, 24-26.

Moore, B. C. J. (1990). How much do we gain by gain control in
hearing aids? Acta Otolaryngologica, 469, 250-256.

Moore, B. C. J. (1997). A compact disc containing simulations
of hearing impairment. British Journal of Audiology, 31,
353-357.

Moore, B. C. J. (2005). The use of a loudness model to derive ini-
tial fittings for hearing aids: Validation studies. In T. Anderson,
C. B. Larsen, T. Poulsen, A. N. Rasmussen, & J. B. Simonsen
(Eds.), Hearing aid fitting (pp. 11-33). Copenhagen, Denmark:
Holmens Trykkeri.

Moore, B. C. J. (2007). Cochlear hearing loss: Physiological,
psychological and technical issues (2nd ed.). Chichester, UK:
Wiley.

Moore, B. C. J. (2008). The choice of compression speed in hearing
aids: Theoretical and practical considerations, and the role of
individual differences. Trends in Amplification, 12, 103-112.

Moore, B. C. J. (2012). An introduction to the psychology of hear-
ing (6th ed.). Bingley, UK: Emerald.

Moore, B. C. J., Alcéantara, J. 1., & Marriage, J. E. (2001). Compari-
son of three procedures for initial fitting of compression hear-
ing aids. I. Experienced users, fitted bilaterally. British Journal
of Audiology, 35, 339-353.

Moore, B. C. J., & Fiillgrabe, C. (2010). Evaluation of the
CAMEQ2-HF method for fitting hearing aids with multi-channel
amplitude compression. Ear & Hearing, 31, 657-666.

Moore, B. C. J., Fiillgrabe, C., & Stone, M. A. (2010). Effect of spa-
tial separation, extended bandwidth, and compression speed on
intelligibility in a competing-speech task. Journal of the Acous-
tical Society of America, 128, 360-371.

Moore, B. C. J., Fiillgrabe, C., & Stone, M. A. (2011). Determi-
nation of preferred parameters for multi-channel compression
using individually fitted simulated hearing aids and paired com-
parisons. Ear & Hearing, 32, 556-568.

Moore, B. C. J., & Glasberg, B. R. (1997). A model of loudness
perception applied to cochlear hearing loss. Auditory Neurosci-
ence, 3,289-311.

Moore, B. C. J., Glasberg, B. R., & Stone, M. A. (1999). Use of a
loudness model for hearing aid fitting. III. A general method
for deriving initial fittings for hearing aids with multi-channel
compression. British Journal of Audiology, 33, 241-258.

Moore, B. C. J., Glasberg, B. R., & Stone, M. A. (2004). New ver-
sion of the TEN test with calibrations in dB HL. Ear & Hear-
ing, 25, 478-487.

Moore, B. C. J., Glasberg, B. R., & Stone, M. A. (2010). Develop-
ment of a new method for deriving initial fittings for hearing
aids with multi-channel compression: CAMEQ2-HF. Interna-
tional Journal of Audiology, 49, 216-227.

Moore, B. C. J., Oldfield, S. R., & Dooley, G. (1989). Detection
and discrimination of spectral peaks and notches at 1 and 8 kHz.
Journal of the Acoustical Society of America, 85, 820-836.

Moore, B. C. J., & Sek, A. (2012). Comparison of the CAM2
and NAL-NL2 hearing-aid fitting methods. Ear & Hearing.
doi:10.1097/AUD.0b013e3182650adf

Moore, B. C. J., Stone, M. A., Fiillgrabe, C., Glasberg, B. R., &
Puria, S. (2008). Spectro-temporal characteristics of speech at
high frequencies, and the potential for restoration of audibility
to people with mild-to-moderate hearing loss. Ear & Hearing,
29,907-922.

Moore, B. C. J., & Tan, C. T. (2003). Perceived naturalness of
spectrally distorted speech and music. Journal of the Acousti-
cal Society of America, 114, 408-419.

Muraoka, T., Iwahara, M., & Yamada, Y. (1981). Examination of
audio-bandwidth requirements for optimum sound transmis-
sion. Journal of the Audio Engineering Society, 29, 2-9.

Ohgushi, K. (1984). Recent research on hearing in Japan. Journal
of the Acoustical Society of Japan, 5, 127-133.

Ricketts, T. A., Dittberner, A. B., & Johnson, E. E. (2008). High
frequency amplification and sound quality in listeners with
normal through moderate hearing loss. Journal of Speech, Lan-
guage, and Hearing Research, 51, 160-172.

Robinson, C. E., & Huntington, D. A. (1973). The intelligibility of
speech processed by delayed long-term averaged compression
amplification. Journal of the Acoustical Society of America,
54,314.

Souza, P. E. (2002). Effects of compression on speech acoustics,
intelligibility, and sound quality. Trends in Amplification, 6,
131-165.

Stone, M. A., & Moore, B. C. J. (2002). Tolerable hearing-aid
delays. II. Estimation of limits imposed during speech produc-
tion. Ear & Hearing, 23, 325-338.

Stone, M. A., & Moore, B. C. J. (2003a). Tolerable hearing-aid
delays. III. Effects on speech production and perception of
across-frequency variation in delay. Ear & Hearing, 24, 175-183.

Stone, M. A., & Moore, B. C. J. (2003b). Effect of the speed of a
single-channel dynamic range compressor on intelligibility in
a competing speech task. Journal of the Acoustical Society of
America, 114, 1023-1034.

Stone, M. A., & Moore, B. C. J. (2004). Side effects of fast-acting
dynamic range compression that affect intelligibility in a com-
peting speech task. Journal of the Acoustical Society of America,
116,2311-2323.

Stone, M. A., & Moore, B. C. J. (2005). Tolerable hearing-aid
delays: IV. Effects on subjective disturbance during speech
production by hearing-impaired subjects. Ear & Hearing, 26,
225-235.

Stone, M. A., & Moore, B. C. J. (2008). Effects of spectro-temporal
modulation changes produced by multi-channel compression
on intelligibility in a competing-speech task. Journal of the
Acoustical Society of America, 123, 1063-1076.

Stone, M. A., Moore, B. C. J., Meisenbacher, K., & Derleth, R. P.
(2008). Tolerable hearing-aid delays. V. Estimation of limits
for open canal fittings. Ear & Hearing, 29, 601-617.

Tan, C. T., Moore, B. C. J., & Zacharov, N. (2003). The effect
of nonlinear distortion on the perceived quality of music and
speech signals. Journal of the Audio Engineering Society, 51,
1012-1031.



172

Trends in Amplification 16(3)

Toole, F. E. (1986a). Loudspeaker measurements and their rela-
tionship to listener preferences: Part 1. Journal of the Audio
Engineering Society, 34, 227-235.

Toole, F. E. (1986b). Loudspeaker measurements and their rela-
tionship to listener preferences: Part 2. Journal of the Audio
Engineering Society, 34, 323-348.

Toole, F. E., & Olive, S. E. (1988). The modification of timbre by
resonances: Perception and measurement. Journal of the Audio
Engineering Society, 36, 122-142.

van Buuren, R. A., Festen, J., & Houtgast, T. (1996). Peaks in the
frequency response of hearing aids: Evaluation of the effects on

speech intelligibility and sound quality. Journal of Speech and
Hearing Research, 39, 239-250.

Verschuure, J., & Dreschler, W. A. (1996). Dynamic compres-
sion in hearing aids. In B. Kollmeier (Ed.), Psychoacoustics,
speech and hearing aids (pp. 153-164). Singapore: World
Scientific.

Verschuure, J., Dreschler, W. A., de Haan, E. H., van Cappellen,
M., Hammerschlag, R., Maré, M. J., & Hijmans, A. C. (1993).
Syllabic compression and speech intelligibility in hearing
impaired listeners. Scandinavian Audiology, 22(Suppl. 38),
92-100.



