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Abstract

Background: It has been suggested that hearing-impaired listeners with a good working memory
(WM) should be fitted with a compression system using short time constants (i.e., fast-acting compres-
sion [FAC]), whereas those with a poorer WM should be fitted with a longer time constant (i.e., slow-
acting compression [SAC]). However, commercial hearing aids (HAs) seldom use a fixed speed of
compression.

Purpose: The performance of a variable speed compression (VSC) system relative to a fixed speed
compressor (FAC and SAC) on measures of speech intelligibility, recall, and subjective report of listening
effort and tolerable time was evaluated. The potential interaction with the listeners’ WM capacity (WMC)
was also examined.

Research Design: A double-blinded, repeated measures design.

Study Sample: Seventeen HA wearers (16 with greater than one year HA experience) with a bilaterally
symmetrical, mild to moderately severe sensorineural hearing loss participated in the study.

Data Collection and Analysis: Participants wore the study HAs at three compression speeds (FAC,
SAC, and VSC). Each listener was evaluated on the Office of Research in Clinical Amplification-
nonsense syllable test (NST) at 50 dB SPL (signal-to-noise ratio [SNR] = +15 dB), 65 dB SPL (SNR =
+5 dB), 80 dB SPL (SNR = 0 dB), and a split (80 dB SPL-50 dB SPL) condition. Listeners were also
evaluated on a Repeat Recall Test (RRT), where they had to repeat six short sentences (both high- and
low-context sentences) after each was presented. Listeners recalled target words in all six sentences
after they were presented. They also rated their listening effort and the amount of time they would tolerate
listening under the specific condition. RRT sentences were presented at 75 dB SPL in quiet, as well as
SNR =0, 5, 10, and 15 dB. A Reading Span Test (RST) was also administered to assess listeners’ WMC.
Analysis of variance using RST scores as a covariate was used to examine differences in listener per-
formance among compressor speeds.

Results: Listener performance on the NST was similar among all three compression speeds at 50, 65,
and 80 dB SPL. Performance with FAC was significantly better than SAC for the split condition; however,
performance did not differ between FAC and VSC or between SAC and VSC. Performance on the NST
was not affected by listeners’ RST scores. On the RRT, there was no effect of compressor speed on
measures of repeat, recall, listening effort, and tolerable time. However, VSC resulted in significantly
lower (better) speech reception threshold at the 85% correct recognition criterion (SRTgs) than FAC
and SAC. Listener RST scores significantly affected recall performance on the RRT but did not affect
SRTgs, repeat, listening effort, or tolerable time.

Conclusion: These results suggest that the VSC, FAC, and SAC yield similar performance in most but
not all test conditions. FAC outperforms SAC, where the stimulus levels change abruptly (i.e., split con-
dition). The VSC yields a lower SRTgs than a fixed compression speed at a moderately high level with a
favorable SNR. There is no interaction between compression speed and the participants’ WMC.
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DR = dynamic range; FAC = fast-acting compression; FC = fast compression branch within VSC; HA =
hearing aids; HC = high context; HL = hearing level; LC = low context; MoCA = Montreal Cognitive
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compression; SC = slow compression branch within VSC; SD = standard deviation; SNR = signal-
to-noise ratio; SPL = sound pressure level; SRT = speech reception threshold; SRTgs = speech
reception threshold at 85% correct criterion; TFS = temporal fine structures; VSC = variable speed
compression; WDRC = wide dynamic range compression; WM = working memory; WMC = working

memory capacity

INTRODUCTION

(i.e., compression time constants) plays a signif-

icant role in the ultimate performance and ac-
ceptance of the system (Dillon 1996; Moore, 2008). In
recent years, it has been suggested that people with
a good working memory (WM) are better served with
a fast-acting compression (FAC) circuit, whereas people
with a poor WM may be better served with a slow-acting
compression (SAC) circuit (Jenstad and Souza, 2005;
Gatehouse et al, 2006; Jenstad and Souza, 2007; Lunner
and Sundewall-Thorén, 2007; Rudner et al, 2011; Souza
and Sirow, 2014; Ohlenforst et al, 2015). On the other
hand, many commercial hearing aids (HA) use variable
rates of gain change in response to changes in the in-
stantaneous and/or overall input level. It is logical to
question if an implementation that uses a combination
of SAC and FAC would yield performances that may be
similar to or better than the use of a fixed time constant
(i.e., FAC or SAC alone). Furthermore, it would be
meaningful to know if such an implementation would
yield different degrees of benefit for people with differ-
ent WM capacities (or WMC). In this study, we com-
pared the performance of a dual variable speed
compressor (VSC) to a single fixed speed compressor
(FAC and SAC) implemented on a commercial HA on
measures of speech intelligibility, recall, and mea-
sures of effort. We further examined if the WMC of
the listeners, as evaluated on the Reading Span Test
(RST, Van den Noort et al, 2008) interacted with the
observations.

The timing characteristics of a compressor are de-
fined by its attack and release times. By definition, at-
tack time that is <20 ms is classified as fast, and
anything longer than that is defined as slow. Release
time that is 50 ms or shorter is classified as FAC,
whereas a release time that is >500 ms may be classi-
fied as long or SAC (Dillon, 1996; Moore, 2008). Some
release times can be as long as 20 sec (Kuk, 1998). It
is generally acknowledged that attack time should be
fast for the HAs to be responsive to sudden changes
in the input sound pressure levels (SPLs) to protect

T he speed of gain change in a compression circuit

the listeners from loud sounds. The appropriate release
time is more debatable. In general, a short release time
or FAC is used to ensure consistent audibility of soft
sounds in situations where the sound intensity fluctu-
ates (Moore et al, 2004). The rapid changes in gain also
reduce the dynamic variations in both the short-term
and long-term amplitude envelope of the input signals.
Despite the improvement in audibility, sound quality
rating of FAC processed speech is often poorer than
SAC processed speech (Neuman et al, 1995; 1998;
Hansen 2002; Hau and Andersen, 2012). There may be
two reasons for such an observation. First, the ambient
noise between speech pauses become especially notice-
able, giving rise to the “pumping” sensation and noisi-
ness perception (Moore, 2008) over a SAC system.
Second, the natural temporal envelope variations are
reduced, leading to temporal smearing and more “muffled”
sensation. This is especially so in multichannel compres-
sion systems or where a high compression ratio (CR)
(>3:1) is used (Plomp, 1988; Boike and Souza, 2000; Souza
et al, 2005).

An SAC preserves the short-term envelope of the
waveform better through slower gain adjustment
(Moore, 2008). Thus, less smearing of the temporal en-
velope (and thus a wider output dynamic range [DR]) is
expected with a SAC than a FAC. Studies on the com-
parison between FAC and SAC usually reported that
SAC processed speech was more natural and less noisy
(Neuman et al, 1995; 1998; Hansen, 2002; Hau and
Andersen, 2012). However, Gilbert et al (2008) showed
that not all hearing-impaired listeners were able to dis-
criminate between long and short release times once the
overall level and noise floor differences were compen-
sated. On the other hand, because of the slower gain
change, SAC may be limited in ensuring the audibility
of soft sounds, especially after a moderately loud sound.
Many researchers have summarized the advantages and
limitations of FAC and SAC compressors (Kuk, 1996;
Souza, 2002; Gatehouse et al, 2006; Moore, 2008).

The limitation of each compression speed suggests
that any commercial compression HAs, which until
recently were mostly single compressor design using
either FAC or SAC, must seek ways to minimize the

591

This document was downloaded for personal use only. Unauthorized distribution is strictly prohibited.



Journal of the American Academy of Audiology/Volume 30, Number 7, 2019

limitations of the fixed compression speed. For example,
multichannel wide DR compression (WDRC) HAs using
FAC typically are restricted to a small CR (<3:1) to min-
imize the smearing that could result from the exclusive
use of a fast release (Moore, 2008). In addition, the use
of a fewer number of compression channels, or linking
nearby channels, could also minimize the amount of
temporal distortion when using FAC. Some devices
use fast response times in the low frequencies and slow
response times in the high frequencies to minimize the
spread of masking effect of the low frequencies on the
high frequencies, and to avoid distortion of the temporal
envelope in the high frequencies (Lunner et al, 1997).

Moore and Glasberg (1988) suggested a system re-
ferred to as a “dual front-end compressor” that used
SAC at most times. The FAC was activated temporar-
ily when a sudden increase occurred in the input
levels. Such an implementation has reportedly yielded
good performance for HA (Stone et al, 1999) and co-
chlear implant wearers (Boyle et al, 2009). Contrarian
approaches such as using FAC as the primary compres-
sor and SAC when needed were also evaluated (Moore
et al, 2004). Thus, even when commercial compression
HAs reported using fixed compression speeds, many
were designed to minimize the limitations of a fixed
compression speed. Effectively, few modern commercial
HAs use a single compressor or a fixed compression
speed.

These observations have implications on the recent
suggestion that compression speeds need to be opti-
mized for people with different WMCs. By definition,
WM is defined as the “retention of information in con-
scious awareness.. for its manipulation and use in
guiding behavior” (Postle, 2006). In other words, it de-
scribes an individual’s capacity to retain information in
the short-term storage and to manipulate that remem-
bered information for processing or problem solving.
Thus, individuals with a good WMC have a larger ca-
pacity to store information for processing, whereas
those with a poorer WMC have a smaller capacity for
such functions. In relation to the use of amplification,
Gatehouse et al (2003) reported that hearing-impaired
listeners with a poor WMC performed better on a speech
recognition test when stimuli were processed with a
2-channel compressor using a fixed long time constant
than a fixed short time constant. The individuals with
a good WMC did better when the test materials were
processed with a shorter time constant than a longer
time constant. Similar findings were replicated by other
researchers from the same group (Gatehouse et al, 2006)
and from other teams (e.g., Lunner and Sundewall-
Thorén, 2007; Souza and Sirow, 2014; Ohlenforst et al,
2015). This has led to the suggestion that SAC may be
used for people with a poor WMC, whereas FAC may
be used for people with a good WMC. In other words,
HA signal processing would need to be tailored to the
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individual’s specific cognitive capacity. A logical ques-
tion that ensues is the choice of optimal compression
when modern commercial HAs are not restricted to a
single compressor using a fixed speed of compression.

A practical solution is to design compression systems
that are appropriate for people of all WMCs. A precur-
sor is to understand how speed of compression affects
the acoustic signals and how different parts of the
acoustic signals are important to people with different
cognitive abilities (or WM). As described by many re-
searchers (e.g., Souza, 2002; Moore, 2008) and summa-
rized previously, both FAC and SAC, at the same
overall gain and constant input level, achieve similar
long-term output. However, the short-term output
and temporal envelope resulting from these two com-
pression speeds differ. FAC achieves better audibility
of soft sounds, especially after louder sounds or in
widely fluctuating soundscapes, than SAC. This pro-
vides an opportunity for listeners to glimpse or hear
in “dips” in backgrounds of fluctuating noise (Moore,
2008). This could be beneficial for the individuals
who have the ability to glimpse. This ability to hear
in “dips” in fluctuating noise background is dependent
on the listener’s ability to use the temporal fine struc-
tures (TFS) of the sounds. People with a hearing loss
had a reduced ability to use TFS (Lorenzi et al,
2006). Such reduced ability may be mediated from a
poorer WM or from a direct result of hearing loss or
both. The unfortunate side effect of FAC is that the tem-
poral envelope of the input signal is distorted. A person
with a poor WM, despite the availability of the audible
cues from FAC, is affected negatively by the temporal
distortion because of their reliance on the temporal en-
velope. However, people with good WM may be less af-
fected by temporal distortion than those with a poorer
WM (Arehart et al, 2013). Thus, people with good WM
perform well with FAC, whereas people with poor WM
may not because of their difference in reliance on the
temporal envelope.

SAC has less of an effect on the temporal envelope of
the input than FAC. Temporal envelope is an important
cue in auditory scene analysis (Bregman, 1990). It also
carries information on manner and voicing, as well as
prosody and suprasegmentals of speech (Rosen et al,
1990). The ability to preserve the temporal envelope
resulted in better sound quality judgment (Neuman
et al, 1995; 1998; Hansen 2002; Souza, 2002) and aided
in speech understanding (Van Tasell and Trine, 1996;
Fogerty and Entwistle, 2015). The dependence on tem-
poral envelope cue for speech understanding depends
on the degree of hearing loss (Van Tasell and Trine,
1996), the availability of contextual cues from the input
and other sources (Cox and Xu, 2010), and the cognitive
capacity of the individual (Souza, 2000). Thus, it is a cue
that is used by all, but its dependence varies among in-
dividuals. People who have a more severe hearing loss
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and those with a poorer cognitive capacity are more de-
pendent on this cue. An unfortunate side effect of pre-
serving this cue is that audibility of soft sounds in
soundscapes of fluctuating intensity levels (>30-
40 dB) may not be ensured. However, the consequence
is likely dependent on whether the DR of the HA output
exceeds the residual DR of the listeners. If it does, this
may limit audibility cues and affect speech understand-
ing. In situations where the DR of the HA output is
within the residual DR of the listener, audibility is en-
sured and one should not expect any differences in
speech recognition regardless of SAC or FAC processing
(Moore et al, 2004; Jenstad and Souza, 2005; Shi and
Doherty, 2008). Rather, because of the preserved tem-
poral envelope with SAC, one may expect better sound
quality ratings than if the processing were FAC.

The aforementioned speculation suggests that al-
though audibility is important; audibility achieved at
the expense of temporal envelope distortion could have
different consequences to people with good and poor
WMCs. Rather than restricting the use of a fixed speed
of compression (FAC versus SAC) for listeners with a
specific WMC, a parsimonious solution is to preserve
the temporal envelope as much as possible and provide
the needed audibility cues when the situation demands
(such as changes in input levels, modulations etc). The
preservation of the temporal envelope will be beneficial
to listeners with both good and poor WMCs. The extra
audibility provided at critical input transitions may or
may not benefit the listeners depending on their TFS
resolution. However, having such cues, even if they
are not used, should not be harmful. This view suggests
that individuals with good and poor WMC can be best
served by the same form of compression as long as com-
pression achieves the same audibility with minimal
temporal envelope distortion. Achieving such a goal
could minimize the need for individualizing compres-
sion speeds based on cognitive abilities, which is not
routinely measured during audiological assessment.

The suggestion by Moore and Glasberg (1988) of us-
ing SAC as the primary compression speed and chang-
ing the release time to fast when the situation demands
fits into this consideration. The use of SAC above a con-
versational level as the primary speed is reasonable in
that the DR of sounds occurring in any listening envi-
ronments and at any one vocal effort is typically be-
tween 30 and 40 dB (Pearsons et al, 1977). This is
well within the residual DR of most hearing-impaired
persons with hearing losses <70 dB HL (Pascoe,
1988). Assuming that most of the input is at or above
a conversational level, the processed output is likely
audible even though slower gain change (or no gain
change as in linear amplification) is used to preserve
the short-term intensity relationship among sounds.
When a large change in input level occurs, the release
time may be changed adaptively to account for the level
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changes. Such adaptive mechanism was used in earlier
versions of Widex HAs (such as the DREAM), where the
single compressor changes its release time according to
the duration and intensity of the incoming signals. Un-
fortunately, in a single compressor that uses an adap-
tive speed, gain transition would invariably lag behind
changes in input levels. This suggests that performance
at the lower input levels (softer sounds) may still have
some issues with audibility, whereas performance at
the higher input level may still have issues with tempo-
ral smearing. In addition, it is difficult to adapt to a
faster speed when a high CR is used.

One solution is to use two compressors together to
achieve the stated benefits of FAC alone or SAC alone,
while minimizing their limitations. In such a dual com-
pressor system, one compressor uses a long time con-
stant (slow compressor [SC]) and the other uses a
short time constant (fast compressor [FC]). Both of
these compressors run in parallel simultaneously in
each of the multiple compression channels. The contri-
bution from each compressor could vary based on spec-
ified rules. The output from each compressor is added to
form the overall output of the HA. This could provide
the flexibility and responsiveness over a single adaptive
speed compression system. Pittman et al (2014) simu-
lated the action of an adaptive 4-channel compression
system by using two level estimators to track the
changes in input levels and adjust the time constants
accordingly. When no large changes in input level oc-
curred, the longer release time was used. When a large
increase in the input level occurred, a short time con-
stant was used for instantaneous gain reduction. When
a large decrease in the input level occurred, the slow
time constant was again applied. The authors compared
this adaptive compression system with FAC alone
(attack—10 ms, release—40 ms) and SAC alone (attack—
20 ms, release—800 ms) in children and adults with
normal hearing and a hearing loss. The listeners iden-
tified target words and environmental sounds processed
under the three compression speed conditions while
engaged in a visual pattern task. For normal hearing
listeners, SAC was significantly better than FAC and
adaptive compression. For the hearing-impaired lis-
teners, performance with the adaptive compression
was better than SAC and FAC. The authors suggested
the use of adaptive release time to benefit both children
and adults with hearing losses. As cautioned by the au-
thors, the study used simulated recordings and such re-
sults may not be consistent with current commercial
multichannel compression devices.

Widex recently introduced a dual compressor design
using variable speeds (VSC) in our Widex EVOKE™ HA
(Widex A/S, Lynge, Denmark). This compression sys-
tem uses one compressor with a long time constant
(SC) and the other with a short time constant FC. Both
compressors operate at the same time and the final
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output depends on the contributions from both compres-
sors. At or above a steady conversational level, gain sup-
plied by the SC forms the dominant contribution to the
overall output. Contribution from the FC increases for
softer sounds, highly modulated signals, and when large
level changes in the input signals occur. This is intended
to provide the needed audibility for softer speech sounds.
This way, the SC provides gain while preserving the tem-
poral envelope and the FC supplies the extra audibility
cues when the need arises in permissible situations (i.e.,
highly modulated inputs).

As suggested previously, the advantage of a dual com-
pressor over a single compressor with adaptive speed is
that the dual compressor may be more responsive to the
required gain changes than a single adaptive speed
compressor. This was demonstrated in a previous study
(Kuk and Hau, 2017), where the dual compressor used
in the UNIQUE HA (an earlier version of the Widex
EVOKE™ dual compressor) was compared with the sin-
gle adaptive compressor used in the DREAM HA in a
matched gain comparison. Nonsense syllables at a 50-
dB SPL input level were presented following a carrier
phrase presented at 80 dB SPL. The results showed a
significant 5% point improvement in absolute conso-
nant scores with the dual compressor over the single
adaptive speed compressor. Additional details on the
dual compressor can be found in Kuk and Hau (2017).

It is hypothesized that this dual VSC system in the
Widex EVOKE™ could achieve the audibility benefits
of a FAC system by providing the audibility cues with
minimal alteration of the temporal envelope (or DR) of the
input signals. It is conceivable that it will yield perfor-
mance that is at least equal to, if not better than the
use of a single FAC or SAC compressor in many situations.
Thus, this study sought to compare the performance of the
dual VSC to a single fixed speed compressor (using long
and short time constants, SAC and FAC, respectively)
implemented in the same HA. Specifically, we measured
speech recognition ability using a nonsense syllable test at
three steady and one fluctuating input levels. In addition,
a sentence test that measured repeat and recall abilities
in quiet and in noise at different signal-to-noise ratios
(SNRs) was also conducted. Subjective report of listening
effort and tolerable time were also measured during the
sentence test to examine any potential perceptual differ-
ences resulting from the difference in signal processing. A
secondary question was to determine whether the lis-
teners’ WMC, as reflected on a RST, would interact with
signal processing to result in differences in performance.

METHODS
Participants

A priori power analysis using G*Power (v3.1.9.2;
Diisseldorf, Germany) based on the data from Lunner
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and Sundewall-Thorén (2007), Souza and Sirow (2014)
indicated that a sample of 16 subjects could detect a com-
pressor difference of 1.5 dB (SD [standard deviation] =
2 dB) at 80% power for a = 0.05. Thus, seventeen adults
(12 females and five males) with bilaterally symmetrical
(=5 dB from 250 to 8000 Hz) sensorineural hearing loss
were recruited. They ranged from 33 years to 83 years in
age (mean = 65.5 years, SD =14.6). All were native En-
glish speakers. Their four-frequency pure-tone aver-
ages were 50.2 dB HL (SD = 12.4) for the right ear and
49.0 dB HL (SD = 11.2) for the left ear (see Figure 1).
Participants had worn bilateral HAs for an average of
15.2 years, although this ranged from no experience (one
participant) to 40 years of experience. Five participants
wore behind-the-ear, seven receiver-in-the-canal (RIC),
two in-the-canal, and two completely-in-the-canal HAs
as their own HAs. All were digital WDRC HAs, although
the exact time constants used in each was difficult to as-
certain. Before the study, each participant was assessed
with the Montreal Cognitive Assessment (MoCA) test—a
cognitive screening tool with high sensitivity and specific-
ity for detecting mild cognitive impairment (Nasreddine
et al, 2005). All but three participants scored below 26
on the MoCA. Of those three participants, two scored
25 and one scored 22. The data on these three partici-
pants were also included in the analysis. The partici-
pants were informed of the purpose of the study along
with its benefits and risks before giving their written
consent. All participants were compensated financially.

Hearing Aids

Each participant was fitted bilaterally with the ex-
perimental version of the Widex EVOKE™ Fusion
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Figure 1. Average audiogram of participants at right (X) and left
(O) ears. Error bars indicate one standard deviation.
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440 RIC HAs. The HAs were programmed using the
manufacturer’s proprietary development tools that
allowed the adjustment of HA parameters beyond what
is available commercially. The study aid is a 15-channel
WDRC HA with a compression threshold (CT) as low as
0 dB HL. The sampling rate of the analog-to-digital con-
verter is 33.1 kHz and the input resolution is 18 bits.
The input DR is linear between 5 and 113 dB SPL. This
instrument includes a multichannel fully adaptive di-
rectional microphone, speech intelligibility index based
noise reduction, wind noise management algorithm, ac-
tive feedback cancellation, and a sound classification
and learning system. Other than the feedback cancella-
tion system, all the other features were deactivated dur-
ing the study even though they may not affect the
outcome of the present study given the stimulus and
test conditions. An omnidirectional microphone was
used to minimize any potential changes in microphone
polar pattern from unintentional head movement.

Hearing Aid Conditions

The present study compared the efficacy of the VSC
with a single fixed-speed FAC and a single fixed-speed
SAC, all implemented on the same study HA and pro-
grammed using developmental software. The VSC uses
two separate signal-processing blocks simultaneously
to determine the overall gain and output. It combines
a SC that adjusts the gain according to the overall input
signal level and the hearing loss of the listener, and a
FC that adjusts the gain based on fast changes and
the modulation characteristics of the input signal. A
greater modulation indicates greater amplitude varia-
tions of the signal, suggesting speech (instead of noise)
or a speech-in-noise situation with a favorable SNR.
Figure 2 shows the functional block diagram of the VSC.

The SC block within the VSC determines the gain
(GsLow) based on the long-term average level of the in-
put signal in each single 1/3-octave frequency channel.
The goal of this processing block is to adjust the gain
and the overall output level to compensate for the hear-
ing loss so that the output signal is within the listeners’

Efficacy of Variable Speed Compression/Kuk et al

DR. The attack time of the SC block is approximately
1.5 sec and the release time is approximately 17 sec. Be-
cause of the slow rate of gain adjustment, this process-
ing block should preserve the dynamic variations of
speech occurring at the syllable level. The exact CR
varies with the individual’s hearing loss but is, in gen-
eral, between 2:1 and 3:1, with a higher CR in the
higher frequencies. A CT between 27 and 38 dB SPL
was used across frequencies for the average hearing
loss.

The FC block within the VSC determines the gain
(GrastT) based on the differences between the short-
term and the long-term average levels of the input sig-
nal. The short-term average level is determined in each
of all 15 frequency channels by averaging the signals
from three adjacent frequency channels (1-octave wide).
Channel linking is used to minimize temporal and spec-
tral smearing. When the short-term average level of the
input signal is higher than the long-term average level
of the input signal, Gragr gain is reduced in a graded
manner. Conversely, when the short-term average level
of the input is lower than the long-term average level of
the input signal, Gpagr increases its gain proportion-
ally. In addition, the amount of gain from the FC varies
with the SNR or modulation of the input signals. A
greater modulation receives a higher Ggagr. This is car-
ried out to provide extra audibility for soft sounds in
quiet, while preserving the amplitude envelope of
sounds in noisy situations. The calculated attack time
of the FC block is approximately 12 ms and the release
time is 130 ms. The CR varies between 1.1 and 1.4 and is
similar across frequencies. The CT ranges between 39
and 45 dB SPL across frequencies. The overall instan-
taneous gain or Grorar, applied to each 1/3-octave chan-
nel is the arithmetic sum of the gain determined by the
SC block (Gsrow) and the FC block (Grast), that is,
GrorarL = GsLow + Grast-

The FAC uses only one compressor and is set to an at-
tack time of 5 ms and a release time of 50 ms to approx-
imate the values used in previous studies. The SAC also
uses only one compressor and is set with an attack time
of 12 ms and a release time of 3.2 sec. In addition, the CR
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Figure 2. Functional block diagram of the VSC showing the signal flow for the second 1/3-octave channel of the input signal.
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and CT of the SAC and the FAC also match the values
used by the SC of the VSC. Hence, any difference be-
tween the VSC and the FAC/SAC in listener perfor-
mance should only reflect the difference in time
constants. A summary of the compression settings
among these three programs (VSC, FAC, and SAC)
is provided in Table 1.

Hearing Aid Fitting

HAs were coupled to the appropriate receiver (m- or
p-receivers) and fitted using fully occluding “double-
dome” instant-fit ear-tips to minimize the influence of
direct sounds mixing with the processed sounds. The
participants’ in situ thresholds (or sensograms) for both
ears were measured with the HAs on the participants’
ears. The initial feedback path and gain limit was esti-
mated using the feedback test. The target gain on the
HAs was set based on the National Acoustics Labora-
tory-Nonlinear fitting target version 2 rationale. All fit-
tings were verified via the fitting software using a
simulated speech mapping measure, which has been
demonstrated to provide accurate approximation
(within 2 dB in 80% of cases) of real-ear output (Oeding
and Valente, 2013). Figure 3 shows the average 2cc cou-
pler output for the three compressor conditions mea-
sured for soft (50 dB SPL), medium (65 dB SPL),
and loud (80 dB SPL) sounds using the Audioscan
Verifit2 (version 4.6.1). The averaged hearing thresh-
old of the participants was used as a reference. Two
types of stimuli available on the Verifit2 were
used—a pink noise and the speech passage (carrot
passage). The output for the VSC, SAC, and FAC pro-
cessing was similar for the steady, pink noise stimulus
(left) at each input level. However, the output for the
modulated speech stimulus was different among the
three compressor speeds with FAC yielding a higher
output than VSC and SAC. The SAC had the lowest
output. The difference was especially marked at the
50 dB SPL and 65 dB SPL input levels between 1
and 4 kHz. A total of 3—4 dB difference was noted be-
tween FAC and SAC. Thus, compression speed could
lead to a difference in overall output depending on
the modulation of the stimulus. Because the intention
of the study was to examine the natural effect of com-

pression speeds, such output difference between
SAC and FAC/VSC was not compensated.

To verify that the three compressor settings resulted
in a difference in output DRs, the output of the study
HAs for the speech stimuli used in this study (nonsense
syllable test [NST] and Repeat Recall Test [RRT] plus
appropriate noise) was measured at all three compres-
sor settings. For this analysis, the HAs were pro-
grammed using the average hearing thresholds of
the participants (noted as dotted line in Figure 4).
HAs were inserted into the Knowles Electronic Mani-
kin for Acoustic Research (GRAS 45BB, IEC 60318-
4:2010; Holte, Denmark) ear canal using fully occlud-
ing earmolds. The manikin was positioned at the same
position as the participants would be seated during
data collection. The Knowles Electronic Manikin for
Acoustic Research output was recorded at 44.1 kHz
sampling frequency and with a 32-bit depth. DR was de-
termined by comparing the RMS of the output record-
ings in a 10-ms sliding window (rectangular) to a known
reference for dB SPL conversion. The analysis was con-
ducted at 1-octave wide bands centered at 0.5, 1, 2, and
4 kHz. DR was reported as the dB range between the
5% and 95 percentiles.

Equipment and Setup

Testing was conducted in a double-wall sound-
attenuating booth (Industrial Acoustics Company, Inc.,
Bronx, NY), with internal dimensions of 3 X 3 X 2 m
(W X L XH). During sound field measurements, stimuli
were presented using a single KRK-ST6 2-way passive
loudspeaker placed 1 m in front of the participants.
The loudspeaker had a flat frequency response with a de-
viation of <=2 dB between 62 Hz and 20 kHz. The loud-
speaker was placed on a stand 1 m above the floor. Target
stimuli were generated using an Echo Audiofire12 12-
channel digital audio interface (Echo, Santa Barbara,
CA) and amplified using a Rotel RMB-1048 power ampli-
fier (Rotel, North Reading, MA). All test software was
implemented using VB.net programming language for
Windows operating system (Microsoft, Redmond, WA).
Monthly calibration of all test equipment was conducted
in addition to daily calibration checks during the course
of the study.

Table 1. Description of the (VSC; slow and fast branches), FAC, and SAC, including calculated attack times (AT) and
release times (RT), CR, and CT (CT; dB SPL at the eardrum)

CRsoft

CRioud CT (dB SPL at ED)

AT (ms) RT(ms) 0.5kHz 1kHz 2kHz 4kHz O05kHz 1kHz 2kHz 4kHz 05kHz 1kHz 2kHz 4kHz

VSC (slow) 1,500 17,000 1.9 2.3 2.7 25

1.6 1.9 25 3.8 38 27 29 28

VSC (fast) 12 130 1.1-13 1.1-14 1114 1114 1113 1.1-14 1114 1114 45 39 44 39
FAC 5 50 1.9 2.3 2.7 2.5 1.6 1.9 2.5 3.8 38 27 29 28
SAC 12 3,200 1.9 2.3 2.7 25 1.6 1.9 25 3.8 38 27 29 28
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Figure 3. Coupler (2cc) output for soft (50 dB SPL), medium (65 dB SPL), and loud (80 dB SPL) input as measured for VSC, FAC, and

SAC for a pink noise stimulus (left) and a speech stimulus (right).

Outcome Measures

A review of the literature suggests that many of the
studies that reported an interaction effect between cog-
nition and compression speeds used sentence-level ma-
terials presented in modulated noise (Gatehouse et al,
2003; Lunner and Sundewall-Thorén, 2007; Cox and
Xu, 2010). In addition, speech materials with a low con-
text (LC) may aid in differentiating between listeners
with good and poor WM (Cox and Xu, 2010). Thus,
the present study included nonsense syllables and high-
and low-context sentences to optimize the evaluation of
the effect of compression speeds and its interaction with
the participants’ WM.

Office of Research in Clinical Amplification-NST
(ORCA-NST)

The Widex ORCA-NST was used as a measure of speech
intelligibility in noise for speech materials lacking
any contextual cues. The ORCA-NST is an open-set
consonant-vowel-consonant-vowel-consonant test, con-
taining 25 English consonants each appearing at least
once in the initial, medial, and final word positions un-
less prohibited by phonotactic constraints. The present
study used a 32-item version spoken by a female talker.
A detailed description of the test can be found in Kuk
et al (2010).

ORCA-NST was administered at three fixed input
levels. In a first condition, speech was presented at
80 dB SPL and babble noise at 80 dB SPL (SNR =
0 dB). In a second condition, speech was presented at
65 dB SPL and babble noise at 60 dB SPL (SNR =
5 dB). In a third condition, speech was presented at
50 dB SPL and babble noise at 35 dB SPL (SNR =
15 dB). These stimulus conditions were chosen to

approximate the typical SNRs for speech at these pre-
sentation levels in real life (Smeds et al, 2015). A fourth
stimulus condition, called the “split” condition, was in-
cluded to provide widely fluctuating intensities to eval-
uate the relative efficacy of the VSC in matching the
performance of the FAC/SAC in fluctuating environ-
ments. In this split condition, a carrier phrase (“please
say the word”) was presented at 80 dB SPL in babble noise
and followed by the target nonsense syllable presented at
50 dB SPL in quiet. This stimulus condition approximated
real-life listening situations where a soft sound followed a
loud sound (i.e., hearing soft speech after someone has
been coughing for some time, or hearing soft speech in
quiet interludes during a musical concert).

The babble noise used during the ORCA-NST testing
was generated by mixing two streams of International
Speech Test Signal where one of the signals was delayed
by 10 sec (Holube and EHIMA-ISMADHA Working
Group, 2006). Two-talker babble was chosen so that
the noise stimulus would have a high degree of mod-
ulation. This was carried out to allow for potential
“glimpsing” of speech in spectro-temporal regions where
the speech signal was less affected by the background
babble (Cooke, 2006). Various authors (e.g., Lunner
and Sundewall-Thorén, 2007; Ohlenforst et al, 2015)
also showed that the use of modulated noise allowed
better differentiation between listeners with good and
poor WM. Noise was presented from the same loud-
speaker as the NST stimuli.

ORCA-RRT

We created a RRT (ORCA-RRT) to assess listeners’
speech intelligibility at fixed SNRs while simulta-
neously measuring their auditory WM. A detailed de-
scription of the ORCA-RRT, as well as the rationale
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Figure 4. The DRs of the study stimuli measured in the unaided
mode (), with the VSC (@), FAC (A), and SAC (X) processing for
the various stimulus test conditions. Symbols represent mean lev-
els and error bars represent the range of levels between the 5 and
95" percentiles (i.e., DR). Analyses were carried out in 1-octave
bands centered at 0.5, 1, 2, and 4 kHz (from top to bottom panels).

behind the development of the test, can be found in
Slugocki et al (in submission). In short, the test in-
volved two stages: a repeat stage and a recall stage.
In the repeat stage, participants were asked to repeat
prerecorded sentences that were spoken by a male
speaker. Sentences were presented one at a time in
quiet at 75 dB SPL and in noise at SNRs of 0, +5,
+10, or +15 dB. The noise condition used a constant
two-talker babble (male talkers) with the same long-
term spectrum as the speech material presented from
the same direction. Six sentences were presented per
test block with an inter-sentence interval of 7 sec.
The sentences were six to eight words in length and
each contained either three or four target words that

related to a specific theme (such as food, sports, etc).
Each block of six sentences contained 20 target words.
The participants had no prior knowledge of the theme of
the sentences or which words within the sentences were
target words. They were instructed before the repeat
stage that they had to recall as many words from the
sentences after all six sentences were repeated. The test
administrator recorded which target words were re-
peated correctly after each sentence. After all six sen-
tences were repeated, participants were given one
minute to freely recall (aloud) as many words from those
six sentences in any order as they could remember. The
test administrator recorded all target words that were
recalled correctly. Only target words that were repeated
correctly during the repeat stage were credited during
the recall stage.

After each repeat and recall stage, participants were
asked to rate how effortful they found the listening sit-
uation to be on a ten-point rating scale. Three anchors
were provided to guide judgment: “1” = not effortful,
“5” = moderately effortful, and “10” = very effortful. An
off-scale response (“this task was too difficult”) was also
accepted if the participants gave up on the task because
it was too demanding. Such responses were coded as
“10” for data reduction and analysis purposes. This oc-
curred in 17 instances of the possible 510 trials (or 3.3%,
at SNR = 0 dB). After each trial, participants were
asked to provide an estimate of how long (in minutes)
they would be willing to spend concentrating on the
talker under the specific test condition.

Two versions of the RRT were used in this experi-
ment. The high context (HC) version comprised senten-
ces that were meaningful and related to each another by
a shared topic (i.e., “sports”). The LC version comprised
sentences, wherein the target words from the HC set
were scrambled between sentences while keeping the
same syntactic structure. Thus, the LC passages had
the same syntactic structure and used the same words
as the complementary HC set; but the sentences were
not meaningful nor did the sentences relate to each
other. The participants were always tested with the
LC passage first before they were tested with the HC
version. A different set of six sentences was used at each
SNR condition and sets were not reused between HA
compressor conditions. The different SNRs were tested
in a random order.

Cognitive Measures—RST

The RST by Van den Noort et al (2008) was used to
assess listeners’ WMCs. The RST is a measure of verbal
WM that involves reading aloud and retaining content
from a series of visually presented sentences. One hun-
dred sentences were divided into five sets of 20 senten-
ces with each set containing two, three, four, five,
and six sentences. A computer program presented the
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sentences automatically in random order at a rate of one
sentence per seven seconds. Participants were tasked
with reading aloud each sentence within a set for its
meaning as it was presented. After each set, they were
asked to recall the last word of each sentence. Perfor-
mance in the RST was quantified as the total number
of words that were recalled correctly across all 100
sentences.

It should be noted that this version of RST was used
instead of the original Daneman and Carpenter (1980)
version that was used in several other WM studies. This
was because the original RST was criticized for lacking
control of the content materials when translated into dif-
ferent languages (Van den Noort et al, 2008). This re-
vised version had sentence lengths ranging from 12 to
17 words with 20-22 syllables and 53-77 letters per sen-
tence. The number of syllables and the frequency of oc-
currence of the final words, as well as the concreteness of
the final words were controlled in each sentence series.
The revised version was tested for plausibility and ab-
stract concreteness in four languages, including English,
Dutch, German, and Norwegian. Its authors reported
high correlation between the RST (in Dutch) and perfor-
mance on the relative clause task and the sentence read-
ing task which supported the use of this test to measure
WM. High internal consistency and test-retest reliability
was also reported. Although scores on this RST may not
be directly be comparable with that of the Daneman and
Carpenter’s (1980), it was chosen because of its sound
construction and standardization among languages.

Procedure

Listeners’ performance at the three compressor
settings (VSC, FAC, and SAC) was measured in a
double-blinded, counterbalanced manner. Each com-
pressor setting was tested on a different session. The par-
ticipants spent three to four 2-h sessions to complete the
required HA fitting and data collection.

Testing began with the administration of the ORCA-
NST at the four stimulus conditions (50, 65, 80 dB SPL,
and Split). The order of presentation of the ORCA-NST
stimulus was randomized for each participant. The
ORCA-RRT was then administered in quiet and at the
four SNRs. The order of ORCA-RRT conditions was also
randomized for each participant with the constraint that
quiet was never used as the first condition. Both versions
(LC and HC) of the ORCA-RRT were administered, with
the LC version always followed by the HC version. Par-
ticipants’ performance on the RST was measured at the
final visit.

RESULTS

11 statistical analyses were performed in R Statis-
tical Software (Core Team, 2016). As required for

Efficacy of Variable Speed Compression/Kuk et al

parametric analysis, data on the ORCA-NST and
ORCA-RRT were transformed into rationalized arcsine
units according to the method described in Studebaker
(1985). Unless otherwise specified, all figures of partic-
ipant performance represent the average of the original
nontransformed scores and error bars represent 95%
confidence intervals of the mean adjusted for within-
subjects measures using the method from Morey (2008).
For posthoc analyses involving multiple paired samples
t-tests, familywise error rates were controlled using the
Holm—-Bonferroni method (Holm, 1979).

DRs of Processed Stimuli

Figure 4 shows the mean and the DRs of the output
for each ORCA-NST (NST.50, 65, 80, and split) and RRT
(RRT.0, 5, 10, 15, and quiet) stimulus condition for VSC,
FAC, and SAC at each one-octave band centered at 0.5,
1, 2, and 4 kHz. The DR of the unaided stimuli was also
included for reference. Several observations are appar-
ent. First, the DR was the widest for the unaided stimuli
followed by the SAC, VSC, and finally FAC. This con-
firms that the different compressor settings resulted
in a difference in output DRs. On the other hand, the
mean output (where the symbols were) was similar be-
tween the VSC and FAC. The output for the SAC was
slightly lower in all stimulus conditions. Finally, the
mean output for the FAC and VSC was consistently
above the average thresholds (shown by the dotted hor-
izontal lines) of the participants in all but the NST50
and NST65 (at 2 and 4 kHz) conditions. In addition,
the mean output at all compression speeds for the
NST split and RRT high frequencies (2000 and 4000
Hz) was below the mean thresholds of the participants.
This reaffirmed the observations in the previous figure
that there were audibility differences in addition to
temporal envelope differences among the three com-
pressor settings under some test conditions.

Cognitive Profile

One participant was unable to complete the RST be-
cause of a scheduling conflict and her data were ex-
cluded from all related analyses. Of the 16 participants,
the RST scores ranged from 47 to 85 with a mean of 64.
Listeners’ MoCA scores ranged from 22 to 30 with a mean
of 26.3. The two measures were only mildly correlated (r =
0.43). Although the sample of participants covered a range
of cognitive abilities, it should be noted that the mean RST
score (64) was higher than the mean score of 40 reported
by other investigators using other versions of the RST
(Arehart et al, 2013; Ohlenforst et al, 2015). Although dif-
ferences in RST versions could partially account for the
difference in absolute scores, we cannot rule out the pos-
sibility that the cognitive backgrounds of this subject sam-
ple may be different from previous studies. Thus, the RST
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scores were included as a covariate in subsequent anal-
ysis of variance (ANOVA).

ORCA-NST

Listener performance on the ORCA-NST was
assessed at the phoneme level. Performance for VSC,
FAC, and SAC settings was quantified separately for
each ORCA-NST condition (i.e., 50, 65, 80, and Split)
by dividing the number of correctly repeated phonemes
by the total number of phonemes presented in the test
condition. The average performance on the ORCA-NST
is shown in Figure 5 for all listeners. A mixed design
ANOVA was used to assess the within-subject factors
of compressor speed (VSC/FAC/SAC) and test condition
(50/65/80/Split) on listeners’ phoneme scores. Perfor-
mance on the RST was included in the model as a cova-
riate. Mauchly’s test indicated that the assumption of
sphericity was violated for test condition and the inter-
action of test condition and RST (W = 0.037, p < 0.001,
€ = 0.43) and for the interaction of test condition and
compressor speed (W = 0.004, p < 0.001, ¢ = 0.35). Ac-
cordingly, degrees of freedom were corrected using
Greenhouse—Geisser estimates of sphericity.

The ANOVA revealed a significant main effect of test
condition [F(1 31 1833 = 44.01, pae < 0.001, n* = 0.36]
and a significant interaction between test condition and
compressor [F(g10,29.45 = 4.23, pgg < 0.05, nz = 0.03].
Posthoc paired samples’ ¢-tests (o = 0.05; Holm—Bonferroni
corrected) revealed that listener performance in the
split condition was significantly poorer with SAC than
with FAC [¢(15) = 2.40, p < 0.05]. No other significant
difference was observed between compressor speeds
for any ORCA-NST conditions. Listener RST perfor-
mance did not significantly interact with compressor

e VSC A FAC x SAC
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Figure 5. Average phoneme identification scores (percent cor-
rect; %) measured in four ORCA-NST conditions while listeners
wore HAs programmed with VSC (e), FAC (A), or SAC (X). Values
denoting ORCA-NST conditions reflect presentation levels of tar-
get speech. Error bars represent 95% confidence intervals of the
mean (within-subjects adjusted).

type across any ORCA-NST conditions [F(3 25 = 0.14,
p = 0.87].

In summary, compressor speed did not result in any
difference on the ORCA-NST scores when the stimuli
were presented at a fixed level of 50, 65, and 80 dB
SPL. Although FAC was significantly better than SAC
in the split condition, both FAC and SAC were not sig-
nificantly different from VSC. The listeners’ WMCs
did not interact with compressor speed.

ORCA-RRT

Repeat and recall performance on the ORCA-RRT
was quantified by dividing the number of correctly
repeated/recalled target words by the number of target
words presented in each list (i.e., 20 words). Figure 6
shows the performance-intensity functions for repeat,
recall, listening effort, and tolerable time measures
as a function of SNR for high and LC passages. Four
mixed design ANOVAs were used to assess the within-
subject factors of compressor speed (VSC/FAC/SAC), test
condition (0/5/10/15 dB SNR or Quiet), and passage con-
text (High/Low) separately for each RRT measure: repeat,
recall, listening effort, and tolerable time. Performance
on the RST was included in these models as a covari-
ate. Where Mauchly’s test indicated that the assump-
tion of sphericity has been violated, degrees of freedom
were corrected using Greenhouse—Geisser estimates of
sphericity.

As expected, RRT outcome measures were signifi-
cantly affected by the SNR of the test condition [repeat:
Fiys56 = 545.71, p < 0.001, n? = 0.80; recall: F 456 =
132.45, p < 0.001, n? = 0.48; listening effort:
Faar2055 = 105.12, p < 0.001, n? = 0.47; tolerable
time: F(2.99.30.08) = 126.32, p < 0.001, n* = 0.54] and
by passage context [repeat: F(114 = 116.45, p <
0.001, n* = 0.13; recall: F(; 14 = 72.29, p < 0.001, n* =
0.17; listening effort: F(; 14) = 128.78, p < 0.001, nz =0.10;
tolerable time: F(; 14, = 83.49, p < 0.001,m? = 0.12]. The
ANOVAs also revealed a significant interaction of SNR
and passage context on recall [F456) = 6.78, p < 0.001,
m? = 0.05], listening effort [F4 56, = 10.05, p < 0.001,
m% = 0.03], and tolerable time [Fuse) = 6.74, p <
0.001, > = 0.03]. This interaction likely reflected
poorer performance-intensity functions for low com-
pared with HC passages. Taken together, these re-
sults suggest that listener performance on the
ORCA-RRT was sensitive to the demands of the test
conditions and the limited contextual cues. Further-
more, listeners’ RST performance was found to be a
significant covariate of recall performance [F(; 14) =
9.10, p < 0.01, n? = 0.13]. However, the effect was
qualified by an interaction with passage context
[F(1,14)=5.82,p <0.05, m% = 0.02], wherein the recall
and RST performance correlated more strongly for
high than for LC passages (Figure 7). These results
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Figure 6. Comparison of VSC (e), FAC (A), and SAC (X) on mean listener performance (repeat, recall, listening effort, and tolerable time)

measured with the ORCA-RRT. Stimuli were presented at SNR = 0,

+5, +10, and +15 dB and in Quiet (Q). Results are shown for all

listeners for HC (left) and low (right) context passages. Error bars represent 95% confidence intervals of the mean (within-subjects

adjusted).

suggest that RRT recall and RST both capture meaning-
ful differences in listeners’ verbal WMCs. On the other
hand, compressor speed did not significantly affect re-
peat or recall performance or self-reports of listening ef-
fort or tolerable time.

ORCA-RRT-Derived Speech Reception
Threshold (SRT)

The SRT derived from the performance-intensity
functions of the RRT repeat measure may offer another
glimpse at performance difference among compressor
speeds. Although the traditional criterion for SRT is
set at 50% correct, recent work on realistic SNRs sug-
gests that listeners likely operate at a higher criterion
level under realistic communication situations. Specif-
ically, the recent work by Smeds et al (2015) and Wu
et al (2018) showed that hearing-impaired listeners
chose to communicate in environments where the
SNR typically ranged between 10 and 15 dB. This cor-
responds to a repeat rate of 80-95% when examining
Figure 6. Recently, Lunner and Sundewall-Thorén
(2007) examined differences in compressor speeds by

cognitive background and reported the greatest differ-
ence between groups at a SNR corresponding to an 80%
correct criterion. Lunner et al (2016) examined the
efficacy of a noise reduction algorithm on the Sentence
Final Word Identification and Recall Test in a New
Language (Ng et al, 2015) at a SNR corresponding
to 95% correct. Thus, we decided to use a criteria level
of 85% (i.e., SRTg5) as a realistic condition to examine
potential effect of compressor speed. A higher criterion
(such as 90% or 95%) was not possible because of the
ceiling performance of some listeners.

Logistic functions were fit to individual listener re-
peat performance at SNR = 0, +5, +10, and +15 dB
using the maximum likelihood method. To limit the
biasing of parameter estimates by lapses in listener per-
formance, lambda was permitted to vary as proposed by
Wichmann and Hill (2001). Performance data were fit
separately for high and LC passages while listeners
wore VSC, FAC, or SAC compressor settings. Psycho-
metric fitting and threshold estimation were accom-
plished with the use of the quickpsy package in R
(Linares and Loépez-Moliner, 2016). Speech reception
thresholds were estimated at 85% correct (SRTgs).
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Figure 7. Scatter plot showing the correlation between Recall
performance (HC and LC) and RST scores.

Mixed design ANOVAs were used to assess the
within-subject factors of compressor speed (VSC/FAC/
SAC) and passage context (High/Low) on estimated
SRTgs. Listener RST performance was included as a
covariate in these models. The results of the analysis
revealed that passage context significantly affected es-
timated SRT85 [F(1’14) = 6750, p< 0001, 'T]2 = 0.34].
Posthoc tests confirmed that SRTs were significantly
lower for high than for L.C passages. Furthermore, com-
pressor speed significantly affected SRTgs [F(22s) =
3.75, p = 0.03, n2 = 0.09]. As shown in Figure 8,
SRTgs was significantly lower for VSC compared with
FAC [t(15) = —2.46, p < 005] and SAC [t(15) = —2.44,
p < 0.05]. There was no difference between FAC and
SAC [¢(15) = —0.70, p = 0.50]. Again, WMC did not inter-
act with any of the observed effects.
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Figure 8. Effect of context (left) and compressor speed (right) on
average speech reception thresholds at 85% correct (SRTg5; dB
SNR) across all listeners. Estimates of SRTg; were derived sepa-
rately for VSC (e), FAC (A), and SAC (X). Context effect shows the
average of all three compressor speeds. Compressor effect shows
the average of HC and LC passages. Error bars represent 95% con-
fidence intervals. Asterisks over bars denote significant contrasts.

In summary, the SRTg5 derived from the RRT repeat
scores averaged across all listeners and passages was
1.4 and 2 dB lower for VSC than for FAC and SAC, re-
spectively. Recall performance on the RRT was not af-
fected by compressor speed, although recall scores were
highly correlated with RST scores. Neither listening ef-
fort nor tolerable time was significantly affected by com-
pressor speed or WMC.

DISCUSSION

he present study examined the effect of realistic

compression speeds on intelligibility, recall, and
subjective ratings of different speech materials. In
the past, most studies comparing compression speeds
limited the comparison to fixed compression speeds
(i.e., FAC versus SAC) in simulated or simple, two to
six channel devices. Although these studies laid the
foundation for our understanding of the effect of com-
pression speeds on speech understanding, they may
not reflect the current reality of commercial devices
many of which use different means of achieving gain
changes during compression. In this study, it was
shown that FAC resulted in higher phoneme scores
than SAC on the ORCA-NST only in the split condition.
For the RRT, all compressor speeds were similar to one
another on measures of recall, listening effort, and tol-
erable time. However, VSC resulted in significantly
lower (better) speech reception threshold at 85% crite-
rion (SRTgs) than fixed, FAC and SAC. The measures of
WM, as determined using the RST, did not interact with
compression speed during any comparison. These ob-
servations suggest that the VSC implemented on the
study HA may improve speech intelligibility in some sit-
uations over the use of fixed FAC/SAC, possibly by en-
suring audibility and temporal envelope cues for all
listeners (and not only listeners with good or poor
WMO).

The VSC in the present study uses the summed out-
put of both compressors to reach the final output in each
channel. It is designed such that the contribution from
the SC forms the primary output under a steady and
moderate-to-high input level. The contribution from
the FC increases when a large fluctuation in input level
occurs, at a low input level, and when the signal is
highly modulated (such as speech alone or a favorable
SNR). This suggests that when the ORCA-NST stimuli
were presented at a low input level (of 50 dB SPL at
SNR = 15 dB) and in the split condition (80 dB to
50 dB SPL), the FC was likely contributing more be-
cause of the fluctuating input levels and of the high
modulation of the input. That is, the VSC circuit acted
like a FAC circuit under those conditions. Indeed, the
similar DRs and the similar phoneme scores between
the VSC and the FAC at those two stimulus conditions
confirmed that the VSC ensured the audibility of soft
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speech like an FAC. The lower output of the SAC com-
pared with the FAC and VSC for modulated signals may
account for the poorer score of the SAC in the split con-
dition.

On the other hand, for the 65-dB SPL (SNR = 5 dB)
and the 80-dB SPL (SNR = 0 dB) conditions, it is likely
that the primary contribution was from the SC of the
VSC. The poorer SNRs resulted in a less modulated in-
put. The lack of a difference in performance among
VSC, FAC, and SAC at these levels is not surprising
when the mean output level of the three sets of pro-
cessed stimuli were above the thresholds of the partic-
ipants for most frequencies despite their different DRs
(see Figure 4). Because all three sets of stimuli were
equally audible, the lack of a speech intelligibility dif-
ference would suggest that intelligibility measure
may not be the most sensitive measure to differentiate
among compression speeds. These results are also in
line with the results of several studies that reported
similar speech intelligibility scores between SAC and
FAC using nonsense syllables (e.g., Moore et al, 2004;
Jenstad and Souza, 2005) and sentence materials
(e.g. Gilbert et al, 2008; Shi and Doherty, 2008). How-
ever, the results of this study are in contrast to other
studies that showed a significant interaction between
compression speed (SAC versus FAC) and WMC (e.g.,
Gatehouse et al, 2003; Lunner, 2003; Lunner and
Sundewall-Thorén, 2007; Cox and Xu, 2010; Ohlenforst
et al, 2015). This is despite the fact that many design
elements (such as use of modulated noise, different con-
textual cues etc) of this study were inspired by the out-
comes of previous studies.

The observation of similar identification scores on the
ORCA-NST among VSC, SAC, and FAC underlines the
fact that compression speeds may not affect intelligibil-
ity of nonsense syllables as long as the amplified sounds
are sufficiently above the listeners’ thresholds. Even
the SAC used in this study was sufficient in providing
adequate audibility despite the level variations in the
nonsense syllables. In other words, it is not necessary
to have FAC at all times to ensure consistent audibility.
However, a rapid change in overall level where the
mean output level was below threshold, like that seen
in the split condition, could affect audibility and thus
intelligibility. In this situation, the use of the VSC could
provide the needed audibility while preserving the tem-
poral envelope.

It is likely that the SC was the greater contributor
during the ORCA-RRT because of the lower modulation
for speech presented in noise. This is demonstrated in
Figure 4, which shows the DR of the VSC stimuli was
wider than that of the FAC stimuli but narrower than
the SAC stimuli at all SNRs. The FC likely increased its
contribution at the SNR = +10 and +15 because the
more positive SNR may be recognized as greater mod-
ulation. This suggests that the audibility of any softer
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sounds presented during the passage was enhanced
over a fixed SAC condition, especially at a more favor-
able SNR. Any perceptual differences between VSC and
FAC/SAC would likely be based on a combination of en-
hanced audibility and enhanced temporal envelope
cues. The results of the statistical analyses revealed
that any such enhancement did not significantly im-
prove the recall of the sentence materials or subjective
judgments of the listening conditions.

However, the analysis of the RRT showed a signifi-
cant difference in SRTg; between compressor speeds
and passage contexts despite no interaction with
WMC (as measured with the RST). Even though a cog-
nitive effect was not seen, the observation may support
Lunner and Sundewall-Thorén’s (2007) suggestion that
a SNR corresponding to SRTgy, may be a good test con-
dition to examine differences among compressor speeds.
When averaged across all listeners and contexts, the
SRTgs was 9.1 dB for VSC, 10.5 dB for FAC, and
11.1 dB for SAC. Because the SRTg5 was measured
around SNRs of 10 and 15 dB, this suggests speech in-
telligibility at a moderately loud level and favorable
SNRs would benefit the most from VSC processing in-
stead of the fixed FAC/SAC processing (which do not dif-
fer from each other). It is unclear why this SRT criterion
is sensitive to compressor speed. Clearly, at such a fa-
vorable SNR and speech level that most, if not all, of the
speech sounds should be audible. Perhaps more subtle
acoustic cues, including temporal ones, other cognitive
factors, and/or attention may be involved. Nonetheless,
this observation is noteworthy because this SNR is sim-
ilar to the realistic SNRs that hearing-impaired persons
chose to encounter in real life (Smeds et al, 2015; Wu
et al, 2018).

It is reasonable to expect that communication be-
tween a talker and a listener occurring at SNRs that
correspond to an SRTg5 to be successfully. Conversely,
if one understands only 50% of what is said, it is likely
that any communication will be unsuccessful and termi-
nate quickly. Thus, determining a listener’s SRTg5 may
be more predictive of real-life communication difficul-
ties. Furthermore, finding technologies that minimize
the SNR requirement will be helpful. Although it is cus-
tomary to consider the use of noise reduction and direc-
tional microphones to improve such SNR, the results of
this study would add that the use of VSC may provide
additional improvement (1-2 dB) over the use of a fixed
speed compression, in at least some situations. Albeit
small, it is similar in magnitude to that provided by
a directional microphone (about 2 dB) fitted with an
open earmold (Valente and Mispagel, 2008; Magnusson
et al, 2013). In such fittings, the use of a directional mi-
crophone in behind-the-ear and RIC HAs is deemed
indispensable.

Despite the observation that VSC implemented in
the study HA yielded a better SRTg5 than FAC and
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SAC, one cannot conclude that all VSC or adaptive
compression circuits would yield superior perfor-
mance. This is because adaptive compression can be
realized with just one compressor (such as the Widex
DREAM), or with two compressors each using a differ-
ent fixed or variable speed. Some dual compressors
place more weight on the output from the SC (e.g.,
Pittman et al, 2014), whereas some place more weight
on the FC (e.g., Moore et al, 2004). Some adaptive com-
pression circuits change the CR instead of the release
time (e.g., Lai et al, 2013) while others bypass a discus-
sion of any time constants (Blamey, 2005). The poten-
tial variation among commercial devices underscore
the importance of transparency on the part of the
manufacturers so that clinicians can make informed
choices on the right commercial product(s). Regardless
of the approach, products that preserve as much of the
temporal envelope while ensuring sufficient audibility
and loudness across frequencies will likely be the most
successful. The results from this study support the
VSC implemented on the study HA as a viable option
for a wide range of people with different cognitive abil-
ities and hearing requirements.

Future investigation into the possible benefits of VSC
would benefit from a larger sample of listeners that
cover a wider range of cognitive abilities. A greater
number of listeners might provide the power required
to investigate interesting trends regarding the effect
of compression speed on the RRT measures of listening
effort and tolerable time. Moreover, compression speed
might be found to interact with WMC when the latter
measures include listeners who perform poorly on WM
tests. By the same token, the use of additional WM tests
may allow a more precise characterization of the lis-
tener’s WMC. In addition, the present study was con-
ducted with the HAs in situ; all the adaptive features
within the HAs (such as noise reduction, directional mi-
crophones, sound classifier, and learning) were deacti-
vated during the study when they were coupled with
occluded earmolds. When the HAs are worn in real life
with individualized earmolds and a full range of fea-
tures, the temporal envelope and audibility of the pro-
cessed signals would be altered. How such factors affect
the results reported herein remains a topic for further
investigation.

Nonetheless, the results of this study prompt the fol-
lowing considerations. First, the recommendation that
people with good WMC should be fitted with FAC and
those with poor WMC should be fitted with SAC may
need reexamination. No difference between FAC and
SAC processing was noted in our study over a range
of test conditions even when considering WMC as a
covariate. Furthermore, advances in compression tech-
nology have allowed compression systems to use two
compressors to achieve the benefits of different fixed
compression speeds while minimizing the limitations
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associated with either fixed speed. With an advanced
compression system, all wearers are provided with all
the cues such that the wearer may not be as dependent
on the test conditions as with the use of a single fixed
speed system that may compromise the availability of
specific cues (i.e., temporal or audibility) in certain sit-
uations. Moreover, an adaptive system should be at
least as good as a fixed FAC/SAC in most situations,
but better than the fixed system in some situations.
If this is the case, it may not be necessary to measure
the WMC of listeners for the purpose of fitting com-
pression HAs. This is not to say that knowing the cogni-
tive ability of the patient is not important; such knowledge
would allow us to explain the reasons for patients’ diffi-
culty with speech in noise, to set realistic expectations,
and to design the optimal rehabilitation approach
(e.g., Shen et al, 2016). Because the implementation of
the dual compressor is fundamental to the wearers’ po-
tential success, its operation should be transparent so
clinicians can make informed choices for their patients.

CONCLUSIONS

he present study showed that FAC is similar to

SAC on most test measures other than the split
level condition used during the NST. The VSC algo-
rithm implemented on the study HA was similar to
a fixed FAC and SAC in most situations, but superior
to such fixed systems at a moderately high input level
with a favorable SNR. The WMC of the listeners in this
study did not affect the outcome of the comparison.
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