
Trends In Amplification

VOLUME 6, NUMBER 4, 2002

Effects of Compression on Speech Acoustics,
Intelligibility, and Sound Quality

Pamela E. Souza, PhD

The topic of compression has been discussed quite extensively in the last 20 years (eg, Braida
et al., 1982; Dillon, 1996, 2000; Dreschler, 1992; Hickson, 1994; Kuk, 2000 and 2002; Kuk
and Ludvigsen, 1999; Moore, 1990; Van Tasell, 1993; Venema, 2000; Verschuure et al.,
1996; Walker and Dillon, 1982). However, the latest comprehensive update by this journal
was published in 1996 (Kuk, 1996). Since that time, use of compression hearing aids has
increased dramatically, from half of hearing aids dispensed only 5 years ago to four out of five
hearing aids dispensed today (Strom, 2002b). Most of today's digital and digitally program-
mable hearing aids are compression devices (Strom, 2002a). It is probable that within a few
years, very few patients will be fit with linear hearing aids. Furthermore, compression has
increased in complexity, with greater numbers of parameters under the clinician's control.
Ideally, these changes will translate to greater flexibility and precision in fitting and selection.
However, they also increase the need for information about the effects of compression ampli-
fication on speech perception and speech quality. As evidenced by the large number of
sessions at professional conferences on fitting compression hearing aids, clinicians continue
to have questions about compression technology and when and how it should be used. How
does compression work? Who are the best candidates for this technology? How should
adjustable parameters be set to provide optimal speech recognition? What effect will
compression have on speech quality? These and other questions continue to drive our interest
in this technology. This article reviews the effects of compression on the speech signal and the
implications for speech intelligibility, quality, and design of clinical procedures.

Categorizing Compression tensity vowels such as /i/, and from whispered
speech to shouting, the benefit of a linear hearing

With a linear hearing aid, a constant gain is ap- aid is restricted when the amplification needed to
plied to all input levels until the hearing aid's sat- make low-intensity sounds audible amplifies
uration limit is reached. Because daily speech in- high-intensity sounds to the point of discomfort.
cludes such a wide range of intensity levels, from In other words, linear hearing aids have a limited
low-intensity consonants such as /f/ to high-in- capacity to maximize audibility across a range of
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sities. The smaller the dynamic range For example, a hearing aid with a compres-
erence between hearing threshold and sion threshold of 80 dB SPL could apply constant
iscomfort level) of the listener, the (linear) gain below the compression threshold
ult it is to make speech (and other and reduce its gain automatically for signals ex-
is) audible in a variety of situations. ceeding 80 dB SPL. In contrast, a hearing aid with
e this problem, most hearing aids now a compression threshold of 40 dB SPL would have
forms of compression in which gain is variable gain over nearly the entire intensity
lly adjusted based on the intensity of range of speech. For the purposes of this article,
ignal. The higher the input intensity, compression threshold is described as low (50 dB
ain is reduced. This seems like a rea- SPL or less), moderate (approximately 55-70 dB
ategy. High-intensity signals (such as SPL) and high (75 dB SPL or greater). Hearing
eech) require less gain to be heard by aids with low compression thresholds are referred
r than low-intensity signals (such as to as wide-dynamic range compression (WDRC)
speech). We might expect patients (eg, Dillon, 1996 and 2000; Kuk, 2000) or full-
mpression hearing aids to perform bet- dynamic range compression (FDRC) aids (eg,
se wearing linear peak clipping aids in Kuk, 2000; Villchur, 1997). Hearing aids with
nditions that include a wide range of high compression thresholds are referred to as
Is. However, the benefits of compres- compression limiting aids (Walker and Dillon,

t clear-cut. We begin by describing the 1982).
tics of compression hearing aids. The compression ratio determines the magni-
zssion hearing aids are generally de- tude of gain reduction. The compression ratio is
ording to a set of fixed or adjustable the ratio of increase in input level to increase in
)n parameters. The compression output level. For example, a compression ratio of
or kneepoint is the lowest level at 2:1 means that for every 2 dB increase in the
reduction occurs. Linear gain is usu- input signal, the output signal increases by 1 dB.

I below this level. Alternatively, some Figure 1 shows an example of an input-output
ing aids use expansion rather than lin- function for a compression hearing aid. Linear
low the compression threshold. With gain, with gain of 30 dB, is applied below the
the lower the input level, the less gain compression threshold of 40 dB SPL. Above this
The intent is to reduce amplification input level, a compression ratio of 2:1 is applied.
one noise or low-level ambient noise Compression ratios for WDRC aids are typi-
001). cally low (<5:1), while compression ratios for

compression limiting aids are usually high (>8:1)
(Walker and Dillon, 1982). Often, both features

Change in input I change in output = 2:1 are combined in the same aid, with a low com-
pression ratio for low-to-moderate level signals
and a high compression ratio to limit saturation
as the output level approaches the listener's dis-
comfort threshold.

Change in _Figure 2 shows examples of input-output
Outpu 2 0dBfunctions of four different circuit configurations.

Change in input Figure 3 shows the gain plotted as a function of
input level for the same four circuits.

An important parameter of a compression
Compression hearing aid is the speed with which it adjusts its
threshold =40 dB gain to changes in input levels. Attack time refers

to the time it takes the hearing aid to stabilize to
the reduced gain state following an abrupt in-

20 40 60 80 100 120 crease in input level. For measurement purposes,
Input the attack time is defined as the time it takes the

output to drop to within 3 dB of the steady-state
1. An example of input-output function, level after a 2000 Hz sinusoidal input changes
,sion threshold, and compression ratio. from 55 db SPL to 90 dB SPL (ANSI, 1996).
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greater than 200 milliseconds. Fast-acting com-
pression systems can serve two distinct purposes.
In conjunction with a high compression threshold
they act as an output limiter, limiting output
while preventing saturation distortion. This is re-
ferred to as compression limiting. In conjunction
with a low compression threshold, they act on a
syllable-length speech sound and are referred to
as syllabic compressors because they reduce the
level differences between syllables or phonemes
(Braida et al., 1982). Although technically any re-
lease time shorter than a syllable-about 200 mil-
liseconds-can be termed a syllabic compressor,
in practice syllabic compression uses release times
of 150 milliseconds or less (Hickson, 1994).

0 20 40 60 80 100

lnptjt (dB SPL)

0 20 40 60 80

Input (dB SPL)

Figure 2. An example of four input-output
functions. The upper left panel is a linear peak
clipping hearing aid; the upper right panel shows
a linear compression limiting aid. The lower left panel
shows a wide-dynamic range compression (WDRC)
hearing aid. The lower right panel shows a WDRC
hearing aid using output limiting function.

Because compression should respond quickly to
reduce gain in the presence of high-level sounds
that might otherwise exceed the listener's dis-
comfort threshold, attack times are usually short.
An informal review of commonly prescribed
WDRC hearing aids shows that most have attack
times of less than 5 milliseconds (Buyer's Guide,
2001).

Release time refers to the time it takes the
hearing aid to recover to linear gain following an

abrupt decrease in input level. For measurement
purposes, the release time is defined as the time it
takes the 2000 Hz sinusoidal output to stabilize to
within 4 dB of the steady-state level after input
changes from 90 dB SPL to 55 dB SPL (ANSI,
1996). Clinicians can choose among hearing aids
with release times ranging from a few millisec-
onds to several seconds.

Attack and release time are illustrated in
Figure 4. Compression amplifiers are traditional-
ly classified based on their time constants as slow-
acting (release times greater than 200 millisec-
onds) or fast-acting (release times less than 200
milliseconds) (Dreschler, 1992; Walker and
Dillon, 1982). This nomenclature has become
somewhat blurred in current use, with some aids
referred to as fast-acting even with release times
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Figure 3. An example of four input-gain
functions. The upper left panel is a linear peak
clipping hearing aid with a constant gain of 30 dB
and an output limit of 110 dB SPL. The upper right
panel shows a linear compression limiting aid with
a constant gain of 30 dB for input signals lower
than 80 dB SPL, and a compression ratio of 10:1
for input levels greater than 80 dB SPL. The lower
left panel shows a wide-dynamic range

compression (WDRC) hearing aid with a 40 dB SPL
compression threshold and a compression ratio of
2:1. The lower right panel shows a WDRC hearing
aid using output limiting function. It operates
linearly (with 30 dB of gain) for inputs below 40
dB SPL. There are two compression thresholds, one

at 40 dB SPL and the other at 80 dB SPL. For input
levels between 40 and 80 dB SPL, a 2:1
compression ratio is applied. For inputs above 80
dB SPL, the hearing aid acts as a compression
limiter with a compression ratio of 10:1.
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Figure 4. The attack and release time for a 2
kHz test signal. The top panel shows a 2 kHz input
signal that abruptly decreases from an initial level
of 90 dB SPL to 55 dB SPL and then increases
again to 90 dB SPL. The lower panel shows the
response of a compression hearing aid with an
attack time of 3 milliseconds and a release time of
50 milliseconds to the same signal.

Figure 5 shows an example of speech
processed with syllabic compression, using a 50-
millisecond release time and compression thresh-
old of 45 dB SPL. The upper panel shows the un-
processed sentences "Joe took father's shoe bench
out. She was seated at my lawn". In the un-
processed version, there is a marked contrast be-
tween low-intensity (typically consonants) and
high-intensity (typically vowels) inputs. The
lower panel shows the same sentences, processed
by the syllabic compression circuit with a com-
pression threshold at 45 dB SPL and an attack
and release time of 3 milliseconds and 50 mil-
liseconds, respectively. The most obvious effect is
the reduced amplitude variation; high-intensity
phonemes are reduced in level relative to low-in-
tensity phonemes, resulting in an overall smooth-
ing of amplitude variations. This is also known as
amplitude smearing.

Slow-acting compression uses a long release
time. The intent is to maintain a relatively con-
stant output level, thus avoiding the need for fre-
quent adjustments of the volume control. One po-
tential problem with a long release time is that if

the hearing aid has just responded to a high-in-
tensity sound by decreasing gain, it may not be
able to provide sufficient gain for a low-intensity
sound that occurs while the aid is still at reduced
gain. A release time that is very short can compen-
sate quickly for changes in input levels but often
causes an unpleasant "pumping" sensation as the
aid cycles rapidly in and out of compression. As a
compromise, some hearing aids have used an
adaptive release time in which the release time de-
pends on the duration of the activating signals.
For brief, intense sounds (such as a door slam-
ming), the release time is short, allowing the hear-
ing aid to increase gain quickly to amplify succes-
sive low-intensity speech sounds. For longer in-
tense sounds (such as a raised voice), the release
time is long, allowing the hearing aid to maintain
a comfortable output level. In these types of hear-
ing aids, the typical release time is about 200 mil-
liseconds for most daily situations.

When we consider the effect of compression
hearing aids for our patients, it is important to
keep in mind that the listed compression charac-
teristics are measured using a steady-state signal
(ANSI, 1996). Such measurements do not ade-
quately describe the effects of compression on
complex waveforms such as speech (Stelma-
chowicz et al., 1995). For example, the effective
compression ratio for speech will be lower than
the compression ratio noted in the hearing aid
specifications (Stone and Moore, 1992). This hap-
pens when the modulation period of the input sig-

ii6.L ~~~~~~~~~Unprocessed

Compressed

E~~iiiu IihJ1iL^.jI. ii.1 ] i6l,llljl

Time (ms) --

Figure 5. A comparison of unprocessed
sentences (top panel) to wide-dynamic range
compression-amplified speech (lower panel).
See text for details.
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nal does not exceed the predefined attack and/or
release times of the compression hearing aid. This
is because the circuit only reaches maximum com-
pression at the end of the attack time and only re-
mains at maximum compression as long as the
signal does not drop below the compression
threshold. Because the level of the speech signal
fluctuates from moment to moment, maximum
compression is seldom achieved with everyday in-
puts. The higher the specified compression ratio
and the longer the attack and release time, then
the greater the discrepancy between specified and
actual (or effective) compression ratio. For exam-
ple, a compression aid with a specified compres-
sion ratio of 5:1 will provide closer to 3.5:1 for ac-
tual speech, depending on the time constants used
(Stelmachowicz et al., 1994).

Single-channel compression systems vary
gain across the entire frequency range of the sig-
nal. Thus, they cannot accommodate variations
in the listener's dynamic range that may occur for
different frequency regions. For example, many
listeners with a sloping loss have a normal or
near-normal dynamic range for low-frequency
sounds but a sharply reduced dynamic range for
high-frequency sounds where hearing loss is more
severe. In some single-channel systems, an in-
tense low-frequency sound can decrease overall
gain and cause high-frequency sounds to become
inaudible, although inclusion of an appropriate
prefilter can minimize this problem (Kuk, 1996).

In a multichannel compression hearing aid,
the incoming speech signal is filtered into two or
more frequency channels. Compression is then
performed independently within each channel
prior to summing the output of all channels. The
cutoff frequency between channels is termed the
crossover frequency, and it may be either fixed or
adjusted by the clinician. It is also important to
consider whether each compression channel can
be controlled independently. In some hearing
aids, shallow filter slopes and/or preset interde-
pendence between channels effectively limits how
mnuch one channel can be adjusted without af-
fecting other channels. In general, digital hearing
aids with a capability for steeper filter slopes pro-
Avide greater channel independence.

A recent report on the state of the hearing aid
industry notes, "virtually all high-performance
products . . . are exclusively multichannel, non-
linear processing devices" (Strom, 2002a).
Commercially available multichannel aids offer
between 2 and 20 channels, although 2-channel

or 3-channel systems are still the most likely
choice. A survey of product lines available from
major manufacturers indicates that about one
third are single-channel, one third are two-chan-
nel and the remaining one third are divided equal-
ly between three-channel systems and those with
more than three channels (Buyer's Guide, 2001).

A multichannel compression hearing aid may
be better able than a single-channel compression
hearing aid to accommodate variations in hear-
ing threshold at each frequency (Venema, 2000),
especially for atypical audiometric configurations.
For example, a listener with a "cookie bite" con-
figuration could be fit with a three-channel com-
pression system with amplification in each chan-
nel that is precisely suited to her hearing loss.
From the clinician's perspective, this is easier to
accomplish if each channel can be independently
controlled. However, it is not clear whether a larg-
er number of channels will result in greater hear-
ing aid benefit and/or higher listener satisfaction.
These issues are discussed later in this article.

Finally, compression can be described as
input or output compression. Unlike the com-
pression parameters previously described, this is
not a parameter within the control of the clini-
cian but instead is determined by the circuit con-
figuration of the hearing aid. In a compression
hearing aid, a level detector monitors signal level.
The level detector may rely on peak or average
amplitude, on the root mean square level of the
signal, or on some statistical property of the sig-
nal (Kuk and Ludvigsen, 1999). The output of the
level detector is then connected via a feedback
loop to the amplifier, whose gain is controlled by
this output level. In a simple compression circuit
with gain controlled by a level detector, gain is
automatically varied once the level of the input
signal exceeds the compression threshold. The
distinction between input and output compres-
sion refers to the position of the level detector rel-
ative to the volume control.

In output compression, also called AGC-O,
the volume control is positioned before the level
detector (Figure 6). Activation of compression (ie,
gain reduction) is based on the output level from
the amplifier (which is determined by the input
level plus the volume control setting on the hear-
ing aid). Thus in output compression, the maxi-
mum output level is not influenced by volume
control setting (Figure 7). For this reason, com-
pression limiting is most often implemented in an
output compression circuit.
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Figure 6. Block diagrams for output (top panel)
and input compression (lower panel).

In input compression, the volume control is
positioned after the level detector (Figure 6).
Activation of compression is based on the level of
the input signal. The compressed signal is then
amplified according to the frequency-gain re-

sponse of the hearing aid before it is modified by
the volume control setting. Thus in input com-

pression, the volume control setting influences
the maximum output level received by the listen-
er (Figure 7).

Compression is available in analog, digitally
programmable analog, and digital hearing aids.
Thus far, no evidence shows that compression in
some digital aids is superior to compression in a

programmable aid (Walden et al., 2000), al-
though digitally implemented compression may
allow more control over compression parameters.
As in other amplification features available in
both digital and analog aids (Valente et al.,
1999), it is the signal processing strategy that
matters rather than the underlying digital or ana-

log "hardware".

pression limiting is to serve as an output limiter to
prevent discomfort-or hearing damage-from
high-level signals while limiting saturation dis-
tortion. Thus, this type of compression is an al-
ternative to peak clipping. In peak clipping, max-
imum electric output is controlled by instanta-
neously limiting the output of the hearing aid
and, thereby, clipping the peaks of the signal.
When the input signal plus gain is below the sat-
uration point, a hearing aid with peak clipping is
expected to perform similarly as one with output
limiting.

Peak clipping causes undesirable distortion as
input increases beyond the output limit of the
hearing aid. Electroacoustically, there are marked
differences in distortion levels between linear
peak clipping and compression limiting aids once
input level plus gain exceeds the saturation
threshold. Listeners perceive this distortion as de-
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Compression limiting refers to compression with
a high compression threshold, high compression
ratio, and fast attack time. The purpose of com-

Figure 7. Effect of volume control position for
output compression (top panel) and input
compression (lower panel).
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graded speech clarity and sound quality (eg,
Larson et al., 2000). The greater the amount of
saturation, then the stronger the preference for
compression limiting over peak clipping (Hawkins
and Naidoo, 1993; Stelmachowicz et al., 1999;
Storey et al., 1998).

Figure 8 shows results of electroacoustic tests
of the same programmable hearing aid, set for
peak clipping (top panel) or compression limiting
(lower panel). In each case, the input signal was
a 90 dB SPL pure-tone sweep. One consequence
of peak clipping saturation is the high harmonic
distortion (18.4%) caused by peak clipping when
the aid is in saturation. When operating as a com-
pression limiter, harmonic distortion is very
low-only 1.1%. This increased distortion (eg,
when the speech level increases relative to the
aid's maximum output) in a peak clipping aid is
associated with reduced speech intelligibility,
while output limiting has little effect on intelligi-
bility in a compression limiting aid (Crain and
Van Tasell, 1994; Dreschler, 1988a). Therefore,
for most listeners, compression limiting should be
used rather than peak clipping. One potential ex-
ception is for listeners with a severe-to-profound
loss. These listeners, who require maximum
power and often are accustomed to wearing high-
gain linear aids in saturation, may report (at least
initially) that compression limiting aids are not
loud enough (Dawson et al., 1991).

Using Compression to
Normalize Loudness

One characteristic of sensorineural hearing loss is
a steeper-than-normal loudness growth curve.
The goal of loudness normalization is also consis-
tent with the idea that patients with a sen-
sorineural hearing impairment lose the compres-
sive nonlinearity that is part of a normally func-
tioning cochlea (Dillon, 1996; Moore, 1996). Use
of WDRC has been proposed as a means to com-
pensate for abnormal loudness growth, and sev-
eral fitting procedures have been developed in ac-
cordance with this philosophy (eg, Allen et al.,
1990; Cox, 1995 and 1999; Kiessling et al., 1997;
Kiessling et al., 1996; Ricketts, 1996; Ricketts et
al., 1996). The intent of these procedures is to set
compression parameters such that a listener
wearing a WDRC aid will perceive changes in
loudness in the same way as a normal-hearing lis-

OUTIjl FLIRE TONE "ODE
IHH- . Aji.SOURCE 9D dBSPL

iRX OU1 112.8 dBSPL
.i ; i i1 2?H2 Hi

HF HAV 1I0.2 dBSPL

701 .........

.25 ,5 1 2 19K LEUVELF

PURE TOME MODE
SPL!

SOURCE 90 dSPL
114 .,,.?~V* Iii t ..;) lMAX OUT 1H141 dBSPL

HI 2701 Hz
HF hUG S7.1 dESPiL

of7,,.,.. .,,, .................

.mEl LEUELEO

AID OUT 1Q.9 dBSPL
TOT HNtMI 17 18.L
f¢ll t1.3 ) 90.1 Ha
SOURCE 59 dBSP
FRE CYCV 1Q9 Hz

AID WI tS. dlXL
TOTPHARN DIST 1.1 %
3RT [T.3 U] O.91 nRI
SOURCE 39 IRSPL
FREQUENCY 1095 Hz

Figure 8. Coupler measurements of peak clipping
(top) and compression limiting (lower panel).

tener (Kuk, 2000). Some of these procedures rec-
ommend that the patient's own loudness growth
functions be measured in one or more frequency
bands prior to the hearing aid fitting. Alterna-
tively, loudness growth functions can be estimat-
ed based on the wearer's hearing threshold mea-
surements, without the need to conduct specific
loudness growth measures at fitting (Jenstad et
al., 2000; Moore, 2000; Moore et al., 1999).

Recent data confirms that WDRC amplifica-
tion can normalize loudness growth better than
linear amplification (Fortune, 1999; Jenstad et
al., 2000). It is less clear whether a fitting based
on normalized loudness is superior in terms of
speech intelligibility and/or speech quality to a
fitting based on some other criteria, such as
speech audibility. Kiessling et al., (1996) demon-
strated improved speech recognition with a loud-
ness-normalization-based fitting procedure
(ScalAdapt) versus a threshold-based fitting strat-
egy. In contrast, Keidser and Grant (2001a) found
superior speech recognition in noise with NAL-
NL1, an audibility maximization strategy, over
IHAFF, which is based on normalizing loudness
growth. Given that loudness normalization is im-
plemented differently in each fitting method, it is
likely that the differences in hearing aid benefit
seen in research studies are due to the individual
procedure, rather than the underlying philosophy
of loudness normalization.

The idea of placing amplified speech within
the listener's loudness comfort range seems rea-
sonable and is implicit within many nonlinear
prescriptive procedures. However, there is little
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direct evidence that normalizing loudness will
provide optimal amplification characteristics (eg,
Byrne, 1996; Van Tasell, 1993). In fact, Byrne
(1996) argues against strict loudness normaliza-
tion, pointing out that normal-hearing subjects
can easily adjust to situational variations in loud-
ness. Byrne (1996) also notes that hearing-im-
paired listeners might do better with compression
parameters that explicitly do not normalize loud-
ness growth, such as equalizing loudness across
frequency (Byrne et al., 2001).

Finally, clinical measures of loudness growth
rely on brief, steady-state signals which are used
to determine the desired compression ratio.
However, the effective compression ratio ob-
tained with a complex, time-varying speech signal
will be lower than that specified for a static signal
such as a pure tone (Stone and Moore, 1992).
Thus, normalizing loudness for individual fre-
quency bands or pure tones does not mean loud-
ness growth will be normalized for more com-
plex, broad-band signals such as speech (Dillon,
1996; Moore, 1990 and 2000), although recent
work (Moore, Vickers et al., 1999) suggests that
loudness judgments using steady-state sounds
should be adequate for predicting loudness with
time-varying signals in compression systems with
long time constants.

Using Compression to Improve
Speech Intelligibility

Studies of the effects of compression amplifica-
tion on speech intelligibility have generally taken
one of two forms: laboratory-based research and
clinical trials. Clinical trials may provide the most
realistic assessment because the subjects wear the
hearing aids in the home environment for several
weeks or months and then complete one or more
outcome measures. The disadvantage of clinical
trials is that many variables are manipulated si-
multaneously, making it difficult to isolate spe-
cific effects. For example, a number of clinical tri-
als compared aids that not only differed in com-
pression characteristics, but also in frequency-
gain responses, microphones, receivers, acoustic
modifications, and/or fitting algorithms (eg,
Knebel and Bentler, 1998; Newman and Sand-
ridge, 1998; Valente et al., 1998 and 1997;
Walden et al., 2000). In such studies, it is diffi-
cult to attribute differences between hearing aids

to differences in compression processing versus
other amplification variables.

Laboratory studies provide better control over
experimental variables, thus one may interpret
the results in a more straightforward manner.
However, some laboratory-based studies may not
incorporate variables inherent in wearable hear-
ing aids, such as venting or earmold acoustics; or
the acoustic test environment used in the labora-
tory may be dissimilar to that encountered by the
subjects in everyday life. Both types of research
are needed to understand the benefits and limi-
tations of nonlinear amplification.

In a much-anticipated study, a large-scale
clinical trial was conducted with 360 patients re-
cruited from audiology clinics at eight Depart-
ment of Veterans Affairs medical centers (Larson
et al., 2000). An important feature of this study
was double-blinding, in which neither the sub-
jects nor the test audiologists knew which type of
circuit was being tested. All patients wore three
different hearing aids (peak clipping, compres-
sion limiting, and WDRC) for 3 months each. The
compression limiting aid had an 8:1 compression
ratio and adaptive release time; the WDRC hear-
ing aid had a compression threshold of 52 dB
SPL, a compression ratio between 1.1:1 and
2.7:1, and a 50-millisecond release time.

After each 3-month trial period, the patient
completed a series of outcome measures, includ-
ing speech recognition in quiet and in noise;
speech quality ratings, and a questionnaire as-
sessing overall communication performance. At
the end of the three trials, each patient rank-or-
dered the three aids. As expected, the WDRC cir-
cuit provided more favorable loudness comfort
for a range of input levels than the other circuits.

Although there were significant differences in
speech intelligibility among circuits for selected
conditions, there was no consistent pattern and
the mean differences in performance between cir-
cuits were small. In the rank-order test, the pa-
tients preferred compression limiting (41.6%),
followed by WDRC (29.8%) and peak clipping
(28.6%).

In a similar but smaller trial, Humes et ai.,
(1999) fit 55 hearing-impaired adults with linear
peak clipping (fit according to linear, NAL-R tar-
gets) and two-channel WDRC aids (fit according
to nonlinear, DSL [i/o] targets). All patients wore
the linear aids for 2 months, followed by the
WDRC aids for 2 months. At the end of each 2-
month trial period, a battery of outcome mea-
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sures were completed that included word recog-
nition in quiet and in noise at various presenta-
tion levels; judgments of sound quality; and sub-
jective ratings of hearing aid benefit. In general,
results showed better speech intelligibility with
the WDRC aid at all but high-level inputs.
Patients also reported that the WDRC hearing
aids provided greater ease of listening for low-
level speech in quiet. The authors attributed these
results to the greater gain at low input levels pro-
vided by the WDRC circuit and the higher DSL
target gain levels for the WDRC aid.

Many focused studies have compared linear
and compression amplification in a controlled en-
vironment, using either simulated hearing aid re-
sponses or wearable hearing aids. A good exam-
ple of this is recent work by Jenstad, Seewald et
al., (1999). Five conditions were included, repre-
senting different speech spectra that varied in lev-
els and frequency responses. The same hearing
aid was used for both linear and WDRC condi-
tions, with targets generated using the same pre-
scriptive procedure (DSL[i/o]). Outcome mea-
sures included sentence and nonsense syllable in-
telligibility and speech loudness ratings. For av-
erage speech levels, both circuits provided similar
loudness comfort and speech intelligibility. For
low and high speech levels, the WDRC aid pro-
vided better intelligibility and loudness comfort.

Bentler and Duve (2000) tested a variety of
hearing aids that represented advances in ampli-
fication technology during the 20th century.
Among the devices were a linear peak clipping
analog aid, a single-channel analog compression
aid, a two-channel analog WDRC aid, and two
digital multichannel WDRC aids, all in behind-
the-ear versions. Each device was fit using its rec-
ommended prescriptive procedure: NAL-R for the
linear aid, FIG6 for the single-channel compres-
sion hearing aid, and the manufacturers' propri-
etary fitting algorithms for the remaining devices.
Despite the differences in circuitry, speech recog-
nition scores in quiet and in noise were similar
across devices. The exception was poorer perfor-
mance at very high speech levels (93 dB SPL) for
the linear aid. This is not a surprising result given
the distortion generated by peak clipping at such
high input levels.

Moore and his colleagues (eg, Laurence et al.,
1983; Moore and Glasberg, 1986; Moore et al.,
1985 and 1992) worked extensively with an am-
plification system that applies a first-stage, slow-
acting compression with a compression threshold

of 75 dB SPL to compensate for overall level vari-
ations, followed by fast-acting compression am-
plifiers, acting independently in two frequency
channels. Results showed improved speech recep-
tion threshold in quiet and in noise (Moore, 1987)
and improved speech intelligibility, particularly at
low input levels (Moore and Glasberg, 1986;
Laurence et al., 1983) when compared to linear
amplification or to slow-acting compression.

An important issue is the ability of compres-
sion amplification to improve speech intelligibili-
ty in noise. Although initially expected as a bene-
fit of nonlinear amplification, compression does
not appear to provide substantial benefit in noise
compared to linear amplification (eg, Boike and
Souza, 2000a; Dreschler et al., 1984; Hohmann
and Kollmeier, 1995; Kam and Wong, 1999;
Nabelek, 1983; Stone et al., 1997; van Buuren et
al., 1999; van Harten-de Bruijn et al., 1997). This
is certainly not the case when compared to a di-
rectional microphone (Ricketts, 2001; Valente,
1999; Yueh et al., 2001).

More recently, some investigators have sug-
gested that the modulation properties of the
background noise may influence the benefit of
compression (Boike and Souza, 2000b; Moore et
al., 1999; Stone et al., 1999; Verschuure et al.,
1998). Specifically, compression may improve in-
telligibility when the background noise is modu-
lated instead of unmodulated. This may be relat-
ed to improved speech audibility during the noise
"dips".

In summary, WDRC provides the greatest ad-
vantage over linear amplification for low-level
speech in quiet. In background noise, WDRC and
linear amplification provide similar benefit.
Several factors emerge as possible explanations
for the disparate results seen across research stud-
ies. First, in some studies, performance with re-
cently fitted and validated compression aids was
compared to performance of the patient's own
(linear) hearing aids (Benson et al., 1992;
Schuchman et al., 1996). In addition to an ex-
pectation bias that the subject anticipated better
performance from the "new" aid, the patients'
own aids may have differed in other ways, such as
a narrower frequency response or higher distor-
tion. Second, the ability of compression to im-
prove speech intelligibility in noise may be linked
to the characteristics of the background noise (eg,
Moore et al., 1999) or to the specific signal-to-
noise ratio (Yund and Buckles, 1995a). Third, in
some studies, potential differences in speech
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audibility were not accounted for and may have
affected results of comparisons among amplifica-
tion conditions. This issue is discussed in the next
section.

Effects of Compression on
Speech Audibility

A primary goal of compression is to place greater
amounts of the speech signal within the listener's
dynamic range (ie, between threshold and loud-
ness discomfort level) without the wearers ad-
justing the volume control. This is particularly
true of fast-acting WDRC, which can improve au-

dibility of short-term speech components by pro-

viding customized gain suited to each syllable or

phoneme. The well-known "speech banana"
should actually become narrower, with the am-

plified output varying across a smaller intensity
range than the unamplified input.

A few investigators have actually compared
measured distributions of short-term RMS speech
levels for linear and compressed speech
(Verschuure et al., 1996; Souza and Turner,
1996, 1998, 1999). Such studies show that the
range of speech levels is indeed reduced by com-

pression. The reduction of the speech range de-
pends on the compression parameters of the am-

plification system, most notably the compression
ratio, on the release time, and on the length of
the measurement window. With multichannel
compression, the speech level distribution is re-

duced across frequency in accordance with the
compression ratio in each channel (Souza and
Turner, 1999). The higher the compression ratio,
the greater the effect on the speech level distrib-
ution. Even for a single-channel compressor, the
speech level distribution is unevenly affected
across frequency (Verschuure et al., 1996).

Figure 9 shows the measured speech level dis-
tribution for linear (top panel) and compressed
(lower panel) speech. In each panel, the filled cir-
cles represent audiometric thresholds for a listen-
er with a moderate-to-severe loss. The filled dia-
monds are the loudness discomfort levels for the
same listener. The thick line shows the long-term
speech level, and the thin lines represent the
range of short-term speech levels. For the linear
speech, when speech is adjusted to avoid discom-
fort from peak levels, lower speech levels are in-
audible. In contrast, the speech level distribution
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Figure 9. Short-term RMS speech level distri-
bution for linear (top panel) and compressed
speech (lower panel). In each panel, filled circles
are hearing thresholds and filled diamonds are

loudness discomfort levels for a single patient.
The long-term RMS level is shown by the thick line.

is reduced by compression, allowing for audibili-
ty of the entire range of speech levels.

Another possible explanation for the conflict-
ing results seen among previous studies of com-

pression hearing aids is that compression did not
always improve audibility. In many studies, the
subject was allowed to adjust the volume control
or choose the presentation level (eg, Dreschler et
al., 1984; Laurence et al., 1983; Tyler and Kuk,
1989). While this is the most realistic procedure
because it reflects the way listeners will use the
aids in everyday communication, adjustment of
the volume control could minimize the difference
between the linear and compressed conditions.
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For example, listeners might show similar perfor-
mance with a linear versus a compression hearing
aid if they adjusted hearing aid output to the
same level in both conditions.

How do hearing aid wearers adjust the speech
presentation level in a compression aid relative
to a linear aid? Souza and Kitch (2001b) mea-
sured speech audibility at the volume setting cho-
sen by mild-to-moderately impaired listeners. The
hearing aid was a programmable single-channel
aid, programmed (in sequential order) for peak
clipping, compression limiting, or wide-dynamic
range compression processing. For each amplifi-
cation condition, listeners were instructed to ad-
just the volume control while listening to a vari-
ety of different test signals. Regardless of the
speech input level or the background (quiet or
noise), listeners adjusted each circuit configura-
tion to similar output levels. In essence, the vol-
ume control adjustment eliminated the natural
audibility advantage of WDRC hearing aids.

Of course, the subjects in this study were
specifically directed to adjust volume to accom-
modate changes in input level. We expect that in
everyday use of compression hearing aids, sub-
jects will also choose to make volume adjust-
ments to accommodate changes in the listening
environment. This is supported by research show-
ing that subjects fit with WDRC amplification pre-
fer to have a manual volume control (Knebel and
Bentler, 1998; Kochkin, 2000; Valente et al.,
1998) and that once one is provided, most expe-
rienced hearing aid wearers report using it
(Barker and Dillon, 1999).

However, there are numerous situations
when use of a manual volume control is not pos-
sible or practical. For example, completely-in-the-
canal (CIC) hearing aids rarely include manual
volume adjustments and instead rely on com-
pression to accommodate changes in the commu-
nication environment. Manual volume controls
are also eliminated if the patient cannot physical-
ly manipulate them because of poor manual dex-
terity, loss of physical control from strokes or
arthritis, impaired cognitive functioning from
Alzheimer's disease or developmental delay, or is
a young child. How well does compression work
when a range of speech levels is presented at a
fixed volume control setting?

Several investigators have noted improved
performance with compression amplification rel-
ative to linear amplification only at low speech
levels and/or when a wide range of speech levels

was processed with a single volume control set-
ting (Jenstad, Seewald, et al., 1999; Kam and
Wong, 1999; Laurence et al., 1983; Mare et al.,
1992; Moore and Glasberg, 1986; Peterson et al.,
1990; Stelmachowicz et al., 1995). The recent
large-scale study sponsored by the National
Institute on Deafness and Communication
Disorders and the Department of Veterans Affairs
found minimal differences in speech intelligibility
between WDRC and linear (compression limiting
or peak clipping) hearing aids when hearing aid
volume was adjusted to National Acoustic
Laboratories (NAL-R) targets (Larson et al.,
2000). Presumably, NAL-R targets were similar
across amplification types for moderate input lev-
els, resulting in similar speech audibility and no
net advantage for the WDRC hearing aid in that
situation.

In a more direct test of the relationship be-
tween audibility and the benefit of compression
for speech intelligibility, Souza and Turner (1996
and 1998) measured the distribution of short-
term RMS speech levels for a set of nonsense syl-
lables. Speech identification scores were then
measured for a two-channel WDRC amplification
scheme and for a linear amplification scheme
under conditions of varying speech audibility.
Speech audibility was defined according to the
proportion of the short-term RMS level distribu-
tion that was above the listener's hearing thresh-
old. Listeners with a mild-to-moderate loss per-
formed better with compression as long as it im-
proved speech audibility. When compression and
linear amplification provided equivalent audibili-
ty, there was no difference in performance.

In summary, wide-dynamic range compres-
sion is shown to improve audibility of speech
components at low input levels (eg, Moore and
Glasberg, 1986; Souza and Turner, 1998; Larson
et al., 2000). One caution is that improved audi-
bility is usually defined according to an optimal
volume setting determined by the dispensing clin-
ician. However, audibility could vary considerably
in everyday listening situations where the patient
controls the volume setting. This may partially ex-
plain the poor correlation between improved
speech audibility measured in the clinic and
everyday communication benefit described by the
patient (Souza et al., 2000).

We cannot explain the results of all compres-
sion research in terms of speech audibility. Some
studies have shown no improvements with com-
pression even under conditions where compres-
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sion clearly increased the amount of audible in-
formation in the speech signal (eg, DeGennaro et
al.., 1986). To account for such results, numerous
investigators have speculated that essential cues
for intelligibility are disrupted by WDRC (eg,
Boothroyd et ai., 1988; Dreschler, 1989; Festen
et ai., 1990; Plomp, 1988; Verschuure et ai.,
1996). This issue is discussed in the next section.

Effects of Compression on Acoustic Cues
for Speech Identification

Speech intelligibility is determined by the listen-
er's ability to identify acoustic cues essential to
each sound. Implicit in this process is accurate
transmission of these cues by the hearing aid.
Certainly audibility of specific speech cues is a
major factor in speech intelligibility. However, it
is also important to consider whether acoustic
cues are distorted or enhanced by compression
amplification.

The work of DeGennaro et al. (1986) pro-
vides a convincing demonstration that more than
simple audibility changes are involved. These in-
vestigators began by measuring the distribution
of short-term RMS levels at each frequency. They
then processed speech with compression systems
that placed progressively greater amounts of the
range of amplitude distributions above the sub-
ject's hearing threshold. Interestingly, no subject
showed a consistent improvement with compres-
sion, although from an audibility perspective
some improvement would be expected as greater
amounts of auditory information exceeded detec-
tion thresholds and thus became audible.

It is possible that compression distorts some
speech cues, offsetting the benefits of improved
audibility, at least for some compression systems
and for some listeners. Recently, interest has been
renewed in the importance of temporal cues for
speech intelligibility (eg, Shannon et al., 1995;
Turner et al.., 1995; van der Horst et al., 1999;
Van Tasell et al.., 1987 and 1992) and speculation
that these cues are disrupted by fast-acting WDRC
(eg, Boothroyd et al., 1988; Dreschler, 1989;
Festen et al.., 1990; Plomp, 1988; Verschuure et
al., 1996). Temporal cues include the variations
in speech amplitude over time and range from the
very slow variations of the amplitude envelope to
the rapid "fine-structure" fluctuations in formant
patterns or voicing pulses (Rosen, 1992). With re-

gard to compression, most attention has focused
on fluctuations in the amplitude envelope, in part
because alteration of the amplitude envelope is
the most prominent temporal effect of fast-acting
WDRC. The amplitude envelope contains infor-
mation about manner and voicing (Rosen, 1992;
Van Tasell et al., 1992) and some cues to prosody
and also the suprasegmentals of speech (Rosen,
1992). Compression alters the variations in the
amplitude envelope and reduces the contrast be-
tween high-intensity and low-intensity speech
sounds. Of course, the reduced intensity variation
is a desirable effect of compression. However, be-
cause both normal-hearing and hearing-impaired
listeners can extract identification information
from amplitude envelope variations (Turner et al.,
1995), it is possible that alterations of these cues
could affect speech intelligibility.

This has not been a simple issue to resolve.
Because most studies use natural speech, which
simultaneously varies in spectral and temporal
content, it is difficult to separate the effect of al-
tered temporal variations from other possible con-
sequences, such as spectral distortion. The most
direct method is to use a speech signal processed
to limit spectral information. One processing
technique is to digitally multiply the time-inten-
sity variations of the speech signal by a broad-
band noise (eg, Van Tasell et al., 1992; Turner et
al., 1995). Naive listeners describe these signals
as "robotic" or "noisy" speech. Although more dif-
ficult to understand than natural speech, these
signals can provide some identification informa-
tion. Such signals can then be used to compare
speech intelligibility for linear and compressed
speech, while focusing on transmission of tempo-
ral cues. Results of such studies show that WDRC
reduces consonant (Souza, 2000; Souza and
Turner, 1996 and 1998) and sentence (Souza and
Kitch, 2001a; Van Tasell and Trine, 1996) intelli-
gibility. This effect is greater for higher compres-
sion ratios and/or short time constants (Souza
and Kitch, 2001a).

These studies measured the effects of com-
pression under conditions where the listener was
forced to rely on temporal cues. Of course, the
natural speech signal also contains spectral infor-
mation. What is the clinical impact of these find-
ings? The impact is probably minimal when one
considers conversational speech presented in
quiet to listeners with a mild-to-moderate loss
who wear WDRC hearing aids with a small num-
ber of channels and a low compression ratio
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(<3: 1). These listeners have normal or near-nor-
mal spectral discrimination ability (Moore, 1996;
Van Tasell, 1993) and should be able to extract
sufficient spectral and contextual information to
compensate for altered temporal cues. The clini-
cal impact may be greater for listeners who de-
pend to a greater extent on temporal cues-most
obviously, listeners with a severe-to-profound loss
(Lamore et al., 1990; Moore 1996; Van Tasell et
al., 1987).

Are all sounds equally susceptible to distor-
tions of temporal cues, or do they affect some
sounds more than others? Today's sophisticated
digital algorithms could, in theory, allow hearing
aids to be programmed to provide compression
characteristics customized to each phoneme. To
reach this point, we need to understand what as-
pects of each phoneme are enhanced or degraded
by multichannel WDRC and which compression
parameters will preserve these cues optimally. We
might expect the greatest effect for sounds where
critical information is carried by variations in
sound amplitude over time. For example, impor-
tant features of the stop consonants (/p, t, k, b, d,
g/) include a stop gap (usually 50 to 100 mil-
liseconds in duration) followed by a noise burst
(5 to 40 milliseconds in duration). Voiced stops
(/b, d, g/) are distinguished from voiceless stops
(/p, t, k/) by the onset of voicing relative to the
start of the burst. For syllable-initial stops, voice
onset time (VOT) ranges from close to 0 millisec-
onds for voiced stops to 25 milliseconds or more
for voiceless stops (Kent and Read, 1992).
Perception of stop consonants can therefore be
modeled as a series of temporal cues (ie, a falling
or rising burst spectrum followed by a late or
early onset of voicing) (Kewley-Port, 1983).

Because stop consonant identification de-
pends on transmission of temporal cues (Turner
et al., 1992; van der Horst et al., 1999) we expect
these sounds to be especially susceptible to
WDRC-induced alterations in the amplitude en-
velope. For example, hearing-impaired listeners
may place more weight on the relative amplitude
between the consonant burst and the following
vowel (Hedrick and Younger, 2001), a cue that
can be significantly changed by WDRC. The little
data available do suggest WDRC can have nega-
tive effects on stop consonant intelligibility. In
one study, single-channel, fast-acting compres-
sion applied to synthetic speech increased the am-
plitude of the consonant burst, resulting in erro-
neous perception (/t/ for /p/) (Hedrick and Rice,

2000). Similarly, Sreenivas et al., (1997) noted
that a two-channel syllabic compressor increased
the amplitude of the consonant burst, particular-
ly in the mid-frequency region, resulting in more
errors of /g/ for /d/ (for unprocessed speech, the
peaks of /g/ are more prominent in the 1-2 kHz
range, with the spectral peaks for /d/ mainly in
the 4-5 kHz range). Alternatively, stop consonant
errors could occur if the attack time overshoot is
mistaken for a burst (Franck et al., 1999), so er-
rors might be reduced by careful selection of time
constants.

As another example, the affricates /d3, tU/
are distinguished from stops by the rise-time of
their noise energy and the duration of frication
noise (Howell and Rosen, 1983). Specifically, the
rise-time of affricates is intermediate between the
short rise-time of stop consonants and the long
rise-time of fricatives. Because one effect of
WDRC would be to alter the rise-time pattern of
the phoneme, it is possible that fast-acting WDRC
systems would be detrimental (Dreschler, 1988b).
Indeed, recent data from our laboratory suggests
that affricate perception is impaired in multi-
channel WDRC systems, and that the most com-
mon error is a stop consonant (Jenstad and
Souza, 2002b).

In summary, we expect multichannel WDRC
to have diverse effects on acoustic cues that de-
pend on the individual phoneme and on the
salient cues for identification of that phoneme.
Additionally, we expect these effects will be con-
tingent on the parameters of the compressor.
Compression with a high compression ratio and
short time constants will produce the most dra-
matic alterations. These changes should be con-
sidered in conjunction with the improved speech
audibility possible with compression amplification.

Effects of WDRC on Speech Quality

There is increased interest in using sound-quality
judgments as an aid to the hearing aid fitting
process (eg, Byrne, 1996; Mueller, 1996). Sound-
quality judgments appeal to clinicians for a num-
ber of reasons. In the absence of a standard pro-
tocol for adjusting compression parameters, they
can be used to guide compression settings ac-
cording to patient preference; they can be com-
pleted in a short amount of time; and they involve
the patient in the fitting process (Iskowitz, 1999).
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Of course, they are also subject to the patient's
previous experience or biases.

Studies of speech quality have used paired
comparisons (Byrne and Walker, 1982; Neuman
et al., 1994; Kam and Wong, 1999), sound quali-
ty ratings (Neuman et al., 1998) or ratings of
speech intelligibility (Bentler and Nelson, 1997).
Generally, patients prefer the quality of speech
with the least complex processing. Specifically,
they prefer lower compression ratios (Boike and
Souza, 2000a; Neuman et al., 1994; Neuman et
al., 1998; van Buuren et al., 1999); longer release
times (Hansen, 2002; Neuman et al., 1998) and
smaller numbers (<3) of compression channels
(Souza et al., 2000). Listeners with sloping loss
show a slight preference for two-channel over
single-channel compression (Keidser and Grant,
2001b; Preminger et al., 2001).

Before using sound-quality judgments to de-
termine whether compression is "better" than lin-
ear amplification, it is important to consider the
relationship between sound quality and speech
intelligibility. Previous research has shown that
listeners who were asked to choose a system on
the basis of sound quality did not necessarily
choose the system that maximizes speech intelli-
gibility. An example of this is the frequency-gain
response used in a linear aid; generally, patients
prefer a frequency response with greater low-fre-
quency gain, while greater high-frequency gain
usually provides better speech intelligibility
(Punch and Beck, 1980).

With regard to compression, a few studies
have examined the relationship between intelli-
gibility and sound quality for compressed speech.
Boike and Souza (2000a) measured speech in-
telligibility and sound-quality ratings for speech
processed with single-channel WDRC amplifica-
tion at a range of compression ratios. Quality rat-
ings and speech intelligibility were highest for
linear speech, and decreased with increasing
compression ratios. High quality ratings were sig-
nificantly correlated with higher speech intelligi-
bility scores. Souza et al., (2001) asked patients
with a severe loss to choose among four digitally
simulated amplification conditions: linear peak
clipping, compression limiting, two-channel
WDRC, and three-channel WDRC in a paired-
comparison test. The WDRC systems used a com-
pression threshold of 45 dB SPL, a compression
ratio of 3:1, and attack and release times of 3
and 25 milliseconds, respectively. Speech intel-
ligibility was also measured in each condition.

The pattern of preference rankings paralleled
that of speech intelligibility, with compression
limiting preferred most often and providing the
highest intelligibility. The least preferred (and
least intelligible) was the three-channel com-
pression system.

In studies with wearable hearing aids, pa-
tients preferred compression limiting over peak
clipping or single-channel, fast-acting WDRC
hearing aids in the large-scale clinical trial spon-
sored by the Veteran's Administration and the
National Institute on Deafness and Communi-
cation Disorders (Larson, 2000). Humes et al.,
(1999) reported that 76% of patients tested pre-
ferred a two-channel WDRC aid to a linear peak
clipping aid. Given the higher distortion from
peak clipping aids at a high input level, a prefer-
ence for WDRC is not surprising. Additionally,
Humes et al., (1999) noted that the WDRC aid
was the last circuit option used and may have rep-
resented a "new" aid to some of the subjects. Kam
and Wong (1999) found WDRC was preferred
over compression limiting for "loudness appro-
priateness" and for "pleasantness" of high-level
signals in paired-comparison testing.

In summary, current research studies indicate
that patients prefer simpler sound processing
strategies to those with large numbers of com-
pression channels and/or high compression ra-
tios. In the few studies that assessed patient pref-
erence and speech intelligibility, subjects also se-
lected amplification systems that provided good
speech intelligibility. These results are encourag-
ing because they imply that sound-quality judg-
ments or patient preference could be used clini-
cally to select compression parameters without
compromising speech intelligibility.

Setting Compression Parameters

The electroacoustic parameters on conventional
compression hearing aids were generally fixed
by the manufacturer, or were adjustable only
within a small range. Today's digital and digi-
tally programmable aids are increasingly ad-
justable by the clinician. How, then, should com-
pression parameters be adjusted for a particular
patient?

The hearing aid fitting procedures recom-
mended by the American Speech-Language-
Hearing Association rely heavily on probe micro-

144



Souza Effects of Compression on Speech Acoustics, Intelligibility, and Sound Quality

phone testing (ASHA, 1998). However, this ap-
proach provides little guidance in setting com-
pression parameters. Differences in attack and re-
lease time, for example, would not be evident
with standard probe microphone procedures but
could have significant effects on speech intelligi-
bility and/or speech quality.

In a recent study (Jenstad, Van Tasell et al.,
1999), clinicians were surveyed about their solu-
tions to common fitting problems noted by the
patient, including lack of clarity, excessive loud-
ness, and complaints about background noise.
Some problems received consistent responses. For
example, the majority of clinicians surveyed
would adjust either maximum output or gain in
response to complaints that the aid was too loud.
Knowledge of the effect of compression adjust-
ments was much less consistent. Only about half
the respondents answered the questions about
compression parameters. Of those who did, re-
sponses were often inconsistent or conflicting. For
example, survey respondents sometimes stated
that they would solve the same fitting problem in
opposite ways (ie, both by increasing the release
time and by decreasing the release time). Given
the obvious uncertainty about setting compres-
sion parameters, how should these aids be set in
the clinic?

One approach is to accept the manufacturer's
default settings. In programmable aids, these are
usually applied automatically when the manufac-
turer's fitting algorithm is used. While this may
provide a good starting point, it does not account
for the effects of later adjustments in response to
patient complaints about intelligibility or sound
quality. Additionally, many manufacturers' fitting
recommendations are based on the audiogram
only and may not address individual differences
in suprathreshold processing, loudness growth, or
preference.

Obviously, there is a need for guidance in set-
ting compression parameters. Fortunately, a num-
ber of researchers have directly or indirectly ad-
dressed these questions (eg, Barker and Dillon,
1999; Boike and Souza, 2000a; Fikret-Pasa,
1994; Hansen, 2002; Hornsby and Ricketts, 2001;
Neuman et al., 1994). Although it is difficult to
compare results directly across studies, as each
study used different amplification systems, sub-
ject population, and fitting procedures, their re-
search can provide some guidance to setting com-
pression characteristics.

Setting Compression Threshold
and Compression Ratio

For compression limiting aids, the primary goal
is to avoid discomfort for high-level inputs with-
out saturation distortion. Assuming a hearing aid
that processes sound linearly below the compres-
sion threshold, the compression ratio per se is less
important than setting the aid appropriately to
prevent loudness discomfort. For example, the
NAL-R prescriptive procedure recommends set-
ting compression limiting parameters (compres-
sion threshold and/or compression ratio, de-
pending on the hearing aid) so that maximum
output is halfway between the listener's loudness
discomfort level and a level that allows a 75 dB
SPL input to be amplified without saturation
(Dillon and Storey, 1998).

Interestingly, Fortune and Scheller (2000)
found that a hearing aid with a low compression
threshold, low compression ratio, and slow attack
time produced loudness discomfort levels that
varied with signal duration (ie, increasing loud-
ness discomfort levels with decreasing signal du-
ration). Use of compression limiting resulted in
flat loudness discomfort functions (ie, signal du-
ration did not affect the loudness discomfort
level). The authors suggested that use of such pa-
rameters rather than the conventional high com-
pression threshold, high compression ratio, and
short attack time of a compression limiting aid
might allow greater signal audibility without dis-
comfort for brief speech components.

For wide-dynamic range compression ampli-
fication, the compression threshold and compres-
sion ratio are usually low (Walker and Dillon,
1982). Generally, the lower the compression
threshold, the more audibility is improved for
low-level speech (Souza and Turner, 1998). Some
recently introduced hearing aids use compression
thresholds as low as 0 dB HL, in contrast to the
40-50 dB SPL compression thresholds normally
used in WDRC aids. However, most hearing aid
wearers prefer substantially higher compression
thresholds (Dillon et al., 1998; Barker and Dillon,
1999). Barker and Dillon, as well as Ricketts (in
Mueller, 1999) speculate that listeners reject a
low compression threshold because it amplifies
low-level background noise, resulting in undesir-
able sound quality. A low compression threshold
might be more acceptable if the hearing aid used
expansion instead of linear processing below the
compression threshold.
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In many programmable aids, compression
ratio is the primary adjustment available to the
clinician. How should this parameter be adjust-
ed? In a recent study, Boike and Souza (2000a)
measured sentence recognition for compression
ratios ranging from 1:1 to 10:1. For each condi-
tion, listeners also rated clarity, pleasantness,
ease of listening, and overall sound quality.
Sentences were presented in quiet and in noise at
a +10 signal-to-noise ratio.

In quiet, increasing compression ratio had no
effect on speech intelligibility. In background
noise, there was a decrease in performance as
compression ratio increased. Goedegebure et al.,
(2001) and Hohmann and Kollmeier (1995) re-
ported similar findings for speech in noise. Speech
level may also have an effect. Hornsby and
Ricketts (2001) found decreased speech intelligi-
bility at increased compression ratios ranging up
to 6:1 for conversational-level speech. However,
there were only minimal effects of increasing com-
pression ratio for high-level (95 dB SPL) speech.

In the laboratory studies previously described,
speech audibility was purposely held constant. In
many compression aids, the compression ratio is
controlled by adjusting gain separately for low-in-
tensity versus high-intensity input signals. Most
often, the gain for high-intensity sounds is fixed ac-
cording to the listener's loudness discomfort level,
and the compression ratio is increased by increas-
ing the gain for low-intensity speech. In other
words, a higher compression ratio could also im-
prove speech audibility. This may account for the
results of some studies with wearable aids in which
increasing the compression ratio did not show a
detrimental effect (eg, Fikret-Pasa, 1994); perhaps
the improved audibility offset any negative effects.
If we consider improved speech audibility as a pri-
mary goal, in conjunction with the potential for re-
duced speech intelligibility and decreased prefer-
ence at higher compression ratios, it seems rea-
sonable to use the lowest possible compression
ratio that will maximize audibility across a range of
speech levels. This may require decreasing gain for
soft sounds and/or increasing gain for loud sounds,
as long as soft sounds remain audible and loud
sounds do not cause discomfort.

Setting Attack and Release Time

Attack time does not vary much and usually can-
not be adjusted by the clinician. A short attack

time is important to allow the hearing aid to re-
spond quickly to increases in sound level.
However, the listener could perceive as a click an
attack time that is too short (<1 millisecond).
Walker and Dillon (1982) recommend attack
times between 2 and 5 milliseconds.

Release times have a wide range of possible
settings and may have an impact on speech intel-
ligibility and sound quality. There is no consensus
about the optimal release time (Dillon, 1996;
Hickson, 1994; Jenstad et al., 1999). Shorter re-
lease times minimize intensity differences be-
tween speech peaks (eg, high-intensity vowels)
and valleys (eg, low-intensity consonants) and
therefore can provide greater speech audibility
(eg, Jenstad and Souza, 2002a). As an example,
recall that a compression hearing aid applies
greater gain for low-intensity input signals, and
less gain to high-intensity input signals. Consider
a speech signal with a high-intensity vowel fol-
lowed by a low-intensity consonant. The variable
gain amplifier would respond to the high-inten-
sity vowel with increased compression (ie, de-
creased gain). With a short release time, gain re-
covers quickly for the low-intensity consonant, al-
lowing for greater consonant audibility.

Next, consider the same speech stimulus
processed with a long release time. Again, the
variable gain amplifier would respond to the
high-intensity vowel with increased compression
(ie, decreased gain). In this case, however, the
hearing aid recovers its gain slowly; that is, it
takes a longer time to return to higher gain (and
output). With gain still low, the low-intensity con-
sonant receives little gain, and may be inaudible
to the listener.

We can use acoustic measurements to illus-
trate the consequences of release time for speech
audibility. Figure 10 summarizes the effect of
input level and release time on consonant audi-
bility. The most obvious effect is a systematic in-
crease in output level at higher input levels.
Additionally, the distribution of consonant levels
(ie, from lowest-intensity consonant to highest-
intensity consonant) is reduced with shorter re-
lease times, both within an input level and across
input levels.

In addition to improved audibility for brief,
low-intensity speech components, a short release
time may even out small amplitude fluctuations,
making it easier to detect gaps in the signal
(Glasberg and Moore, 1992; Moore et al., 2001).
However, fast-acting compression also alters the
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Figure 10. Consonant levels (in dB SPL)
measured in a 2cc coupler as a function of release
time and input level. Each point represents the level
of an individual consonant measured in a 2cc
coupler. Data are shown for simulated linear
amplification and for three simulated WDRC
amplification conditions, with release times of 12,
100, and 800 milliseconds, respectively. A flat
frequency response was used. In each amplification
condition, results are presented for three input
levels: 50. 65, and 80 dB SPL.

normal amplitude contrast between these sounds,
which may be an invariant cue for speech identi-
fication (Hickson and Byrne, 1997; Hickson et al.,
1999; Plomp, 1988). Thus, shorter release times
can also minimize or distort temporal cues.

A hearing aid with a long release time cannot
respond quickly to changes in level between indi-
vidual phonemes. However, with longer release
times, the natural amplitude contrast between the
vowel and consonant is preserved (Jenstad and
Souza, 2002a). Therefore, compression with
longer release times may be a better choice for lis-
teners who rely on variations in speech amplitude.

Acoustic measurements can also be used to
describe the effect of release time on speech am-

plitude variations. Figure 11 compares the ampli-
tude envelope for the syllable /ip/ for a linear cir-
cuit (thick line) and a WDRC circuit with a 12-
millisecond release time (thin line). Amplitude
was normalized to emphasize the differences in
amplitude envelope rather than differences in

overall level, which also depend on the individ-
ual gain prescription and volume control setting.
Acoustically, the amplitude contrast between the
consonant and vowel, as well as the rise-time of
the initial portion of the consonant, are signifi-
cantly altered by WDRC. Specifically, WDRC re-
duces the vowel level and increases the consonant
level relative to the original speech token.

To describe these effects, it is helpful to use

an index that quantifies the degree of temporal
change to the signal. One available measure is the
envelope difference index (EDI; Fortune et al.,
1994). The EDI is an index of change to the tem-
poral envelope between the two signals, designed
to describe temporal effects of amplification.
Briefly, this involves obtaining the amplitude en-
velope of two signals (by rectifying and low-pass
filtering) and calculating the difference between
them on a scale from 0 to 1, with 0 representing
complete correspondence between the waveforms
and 1 representing no correspondence between
the waveforms. For the syllables compared in
Figure 11, the calculated EDI is 0.14. How much
the speech is altered depends not only on the re-
lease time, but also on input level, compression
threshold, compression ratio, frequency response,
and number of compression channels. None-
theless, we can use the EDI to systematically de-
scribe the effect of varying release time on indi-
vidual phonemes.

The relationship between release time and
EDI is plotted in Figure 12 for a variety of conso-
nants presented in an /iC/ format. Shorter release
times altered the amplitude envelope more than
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Figure 11. A comparison of amplitude envelopes
for linear (thick) and compressed (thin line) for the
syllable /ip/.
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Figure 12. Envelope Difference Index (EDI) for
vowel-consonant syllables as a function of release time.

longer release times, although there was little dif-
ference between release times of 12 and 100 mil-
liseconds for most consonants. These effects were
also phoneme-dependent, with the greatest alter-
ation for voiceless fricatives and affricates and
minimal effects for nasals and glides.

Evidently, varying release time can introduce
significant differences in speech audibility or tem-
poral cues. The consequences of these acoustic
changes for intelligibility are less clear. Based on
research data available at the time, Walker and
Dillon (1982) suggested that a release time of be-
tween 60 and 150 milliseconds would provide the
best speech intelligibility. More recent studies
show little effect of varying release time on sen-
tence intelligibility for release times up to 200
milliseconds on listeners with a mild-to-moderate
loss (Bentler and Nelson, 1997; Jerlvall and
Lindblad, 1978; Novick et al., 2001). However,
changes in release time may have more subtle ef-
fects. The amplitude envelope has been shown to
carry important properties for identification of
some phonemes (eg, Turner et al., 1995), and
changes in these properties may affect phoneme
recognition for listeners who rely on these cues
(Souza et al., 2001). Finally, the issue is compli-
cated by use of an adaptive release time, which
can respond in different ways depending on the
duration, intensity, and crest factor of the trig-
gering signal (Fortune, 1997).

Changes in release time may also affect
speech quality. Results have been mixed; some

studies show no distinct preference for release
time (Neuman et al., 1994; Bentler and Nelson,
1997) while others show speech with longer re-
lease times (>200 milliseconds) is rated as more

pleasant or less noisy than shorter release times
(Hansen, 2002; Neuman et at., 1998).

In summary, there is a possible discrepancy
between a preference for longer release times and
improved speech intelligibility for shorter release
times. It is also important to consider the inter-
action between release time and other processing
features such as the number of channels and the
compression thresholds of the hearing aids. For
example, because a lower compression threshold
can improve audibility, a hearing aid with a slow
release time may improve intelligibility if paired
with a lower compression threshold. Also, the
combination of multiple compression channels
with short release times may cause significant
temporal and spectral smearing (eg, Moore and
Glasberg, 1986). Thus, in a multichannel hearing
aid, a longer release time may improve intelligi-
bility over a shorter release time.

Number of Compression Channels

How many channels should be used? Presumably,
the more channels, the more control the clinician
has over signal characteristics and speech audi-
bility. With a large number of compression chan-
nels, relative differences in level across frequency
(ie, spectral peak-to-valley differences) will be re-
duced. Therefore, use of more than two or three
channels may substantially reduce the frequency
distinction in the speech signal, potentially de-
grading temporal and spectral cues (Bustamente
and Braida, 1987; Dreschler, 1992; Moore and
Glasberg, 1986). Any negative effects of increas-
ing numbers of channels are likely to have the
greatest consequences for sounds that carry per-
tinent information in the spectral domain; among
them, vowels or the nasal consonants /m, n, iq/
(Kent and Read, 1992). For example, the most
important cue for vowel identity is detection of
spectral peaks relative to the surrounding fre-
quency components. Even if overall audibility of
the sound is improved, these changes may reduce
intelligibility. Differences in the number of chan-
nels could explain differences in results between
investigators who demonstrate improved vowel
intelligibility using WDRC with a small number
of channels (eg, Dreschler et at., 1988b and 1989;
Stelmachowicz et al., 1995) and those who show
a detrimental effect. For example, Franck et al.,
(1999) showed vowels were harder to identify via
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an eight-channel compression hearing aid than
with a single-channel compression hearing aid.

In a review of published data on multichannel
amplification prior to 1994, Hickson (1994) con-
cluded that the best results were obtained with
compression systems having three or fewer chan-
nels. For speech intelligibility in general, recent
data suggest that multichannel systems with up
to four channels are equivalent to, but not supe-
rior to, single-channel systems (eg, Keidser and
Grant, 2001b; van Buuren et al., 1999).

For studies that demonstrated improved per-
formance with greater numbers of channels, the
advantage appears to be one of improved audi-
bility rather than the number of channels per se.
For example, Yund and Buckles (1995b) demon-
strated improved nonsense syllable recognition in
noise as the number of channels increased from
four to eight. Comparison of consonant confu-
sions and frequency response for the different
numbers of channels were consistent with im-
proved high-frequency audibility. The authors
note that results of multichannel compression ex-
periments should be interpreted in the context
of the stimuli used. In this case, no additional
improvement was seen with more than eight
channels, perhaps because the eight-channel sys-
tem already provided sufficient information for
recognition of high-frequency consonants.
Similarly, Braida et al., (1982) pointed out that
some early studies that showed a large advan-
tage for multichannel compression likely pro-
vided improved high-frequency audibility rela-
tive to a linear condition.

For most audiometric configurations, two-
channel or three-channel compression hearing
aids seem to offer a good compromise between
customized manipulation of the hearing aid re-
sponse and providing coherent spectral contrast.
For more unusual audiometric configurations
(ie, rising or cookie bite audiograms), larger
numbers of channels are appealing. Available
cdata on larger numbers of channels is mixed, al-
though larger numbers of channels should be
most advantageous when adequate frequency
shaping is provided (Crain and Yund, 1995);
when adding more channels improves speech
audibility over a smaller number of channels;
and when compression ratios are low enough to
avoid distortion of speech components (Yund
and Buckles, 1995b). Larger numbers of chan-
nels also have potential benefits for feedback
cancellation. The audibility advantage of multi-

channel compression may be most effective for
listeners with a mild-to-moderate loss (Yund and
Buckles, 1995a).

Candidacy for Compression
Amplification

Is one type of compression system best for every
patient? No, almost certainly not. In research
studies, results are usually reported in favor of
the majority. For example, in a recent study, 7 of
16 subjects demonstrated improved performance
for a compression aid versus a linear aid, 5
showed no difference, and 4 showed degraded
performance. The overall conclusion was that
WDRC was superior to linear amplification (Yund
and Buckles, 1995a). While such statistical con-
clusions follow accepted research standards, the
underlying individual variability is of great inter-
est to clinicians, whose goal is to determine the
optimal hearing aid processing for an individual
patient. Numerous studies show such differences
in performance across subjects, with improved
scores with compression for some listeners but
not for others (eg, Benson et al., 1992; Laurence
et al.., 1983; Moore, Johnson et al., 1992; Tyler
and Kuk, 1989; Walker et al., 1984). Individual
performance differences are noted even across lis-
teners with the same amount of hearing loss (eg,
Boothroyd et al., 1988). Clearly more research is
needed to relate individual audiometric charac-
teristics, suprathreshold processing ability, and
previous hearing aid experience to performance
with nonlinear amplification. For example, dif-
ferences in compression benefit may be related to
individual differences in dynamic range across
subjects (Moore, Johnson et al., 1992; Peterson
et al., 1990), to the configuration of the audio-
gram (Souza and Bishop, 2000), or to the per-
ceptual weights individual listeners place on dif-
ferent portions of the signal (Doherty and Turner,
1996). The next sections review recent research
on the benefits of compression amplification for
specific audiometric groups.

Use of WDRC for
Severe-to-Profound Loss

Until recently, most listeners with a severe-to-pro-
found loss were fit with either linear peak clip-
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ping or linear compression limiting aids, both of
which operate linearly for most situations. The
availability of high-gain wide-dynamic range
compression aids offers new options for those
with greater degrees of hearing loss. Nearly all of
the major programmable and digital product lines
are now available in a power behind-the-ear style
(Buyer's Guide, 2001). However, most research
has focused on listeners with mild-to-moderate
hearing losses. According to dispensing profes-
sionals, 23% of hearing aids were dispensed to
listeners with hearing thresholds exceeding 70 dB
HL (Strom, 2002). Clearly, there is a need for re-
search that is focused on this special group.

A drastically reduced dynamic range is char-
acteristic of a severe-to-profound hearing loss.
The range from the threshold to the loudness dis-
comfort level can be as small as 5 dB at some fre-
quencies. Because conversational speech varies
over 30 dB SPL or more, it is difficult to place the
full range of speech components into the audible
range of the listener using only linear amplifica-
tion. In theory, WDRC amplification could be
used to solve this problem.

It has long been accepted that listeners with a
severe loss require different linear amplification
characteristics than listeners with a mild to mod-
erate loss (Byrne, 1978; Byrne et al., 1990;
Schwartz et al., 1988; Van Tasell, 1993). For
WDRC amplification, recall that one effect is al-
teration of the natural time-intensity variations of
the speech signal. For listeners with a mild-to-
moderate loss who presumably depend to a
greater extent on spectral cues, these changes in
time-intensity variations do not significantly off-
set the benefits of improved speech audibility
(Souza and Turner, 1996, 1998 and 1999).
Because of their broader auditory filters
(Faulkner et al., 1990), listeners with a severe-to-
profound loss may not be able to take full advan-
tage of spectral information (eg, Erber, 1972;
Rosen, 1992) and must rely to a greater extent
on temporal cues, which are altered by WDRC
amplification (Lamore et al., 1990; Moore 1996;
Van Tasell et ai., 1987).

Several studies have shown that for listeners
with a severe-to-profound hearing loss, multi-
channel compression can decrease intelligibility
compared to linear amplification, even under con-
ditions where it improves speech audibility.
Boothroyd et al., (1988) used a two-channel com-
pression system to place speech into the dynamic
range of nine listeners with a severe-to-profound

sensorineural hearing loss. Only one subject
showed improved recognition, and the remaining
eight listeners performed more poorly even
though more auditory information was available.
The authors suggested that temporal distortion
resulting from a high compression ratio might
have reduced speech intelligibility.

DeGennaro et al., (1986) compared speech
intelligibility for two severely impaired listeners
for linear amplification versus a 16-channel labo-
ratory-based compression system that placed in-
creasing amounts of the speech amplitude distri-
bution within the listener's dynamic range.
Compression ratios were typical of those in
WDRC hearing aids, ranging from an average
across bands of 1.1:1 to 4.2:1. Although some im-
provement was expected, neither listener showed
a consistent improvement with compression as
greater amounts of auditory information were
made available

Souza et al., (2001) measured nonsense syl-
lable identification in listeners with a severe sen-
sorineural loss for four amplification conditions:
linear peak clipping, compression limiting, two-
channel WDRC, and three-channel WDRC.
Presentation level was the same for all conditions.
The best performance was obtained for the com-
pression limiting condition, with slightly (al-
though not significantly) worse performance for
the peak clipping and two-channel compression
condition, and significantly poorer performance
for the three-channel WDRC condition. The au-
thors suggested that the severe loss group, al-
ready at a disadvantage due to their limited dis-
crimination abilities, were more susceptible to
subtle alterations in the acoustic signal intro-
duced by the three-channel WDRC system.

Even some studies that found improved per-
formance using compression amplification in lis-
teners with a severe loss did so with reservations.
Souza and Bishop (1999) found that when com-
pression increased audibility over linear amplifi-
cation, speech intelligibility did improve; but not
to the same extent as for a control group of mild-
to-moderately impaired listeners. Verschuure et
al., (1998) found improved performance with
compression only for specific types of background
noise.

In summary, compression amplification im-
plemented with a low compression threshold can,
in theory, supply more audible speech informa-
tion than linear amplification for listeners with a
severe-to-profound loss. However, the advantages
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of improved audibility may be offset by alteration
of speech cues, particularly in the temporal do-
main. The critical issue with this population is to
preserve amplitude variations that contain usable
information (Kuk and Ludvigsen, 2000; Rosen et
al., 1990). Available data support this; the data
most favorable to use of WDRC in severely im-
paired listeners used compression with low com-
pression ratios and few channels (eg, Barker et
al.., 2001; Verschuure et al., 1998) while negative
results were found with high compression ratios
(Boothroyd et al., 1988) or larger numbers of
compression channels (DeGennaro et al., 1986;
Souza et al., 2000). This idea counteracts the cur-
rent industry trend of providing greater flexibili-
ty through larger numbers of channels.

Use of WDRC in Older Listeners

About 70 % of hearing aid wearers are over 65
years old (Strom, 2002). Although manufactur-
ers provide some adaptations such as larger con-
trols, the processing strategy is chosen in the
same way for a 70-year-old hearing aid wearer as
for a 40-year-old hearing aid wearer. However,
in addition to the expected changes in hearing
sensitivity with age, older listeners also show
changes in suprathreshold processing. One spe-
cific problem is an older listener's ability to dis-
criminate variations in the signal amplitude over
time (for a review, see Fitzgibbons and Gordon-
Salant, 1996). Included in this group of speech
cues are variations in amplitude envelope, which
can be significantly altered by compression hear-
ing aids. If older listeners have difficulty discrim-
inating these cues (Turner et al., 1995), might
they respond differently to compression hearing
aids than younger listeners?

One approach to study this issue is to com-
pare intelligibility of WDRC-amplified speech for
older and younger listeners. To understand
whether the consequences of compression pro-
cessing are different for older listeners, it is im-
portant to distinguish between the effects of age
per se versus the changes in hearing thresholds
that occur with age. One frequently used ap-
proach is to test older and younger listeners with
normal hearing. However, this presents practical
difficulties because of the limited availability of
older listeners with normal hearing. Additionally,
results from normal-hearing listeners may not

generalize to the hearing-impaired listeners who
will actually be using compression hearing aids.

A second approach is to compare younger and
older hearing-impaired listeners whose audio-
grams are matched as closely as possible. This
method offers a way to control for changes in
hearing sensitivity separately from effects due to
aging. If the older and younger groups perform
differently, we can conclude that older listeners
are a "special" group with regard to use of com-
pression. Similar performance between the
groups suggests that selection and fitting tech-
niques for compression hearing aids can be ap-
plied regardless of patient age.

In general, results of research studies show
that while older listeners consistently perform
worse than younger listeners, the effects of
WDRC on speech intelligibility are similar across
the age range (Souza, 2000; Souza and Kitch,
2001a). The exception is listeners with normal
hearing who are presented with speech processed
to restrict spectral information, which forces them
to rely on temporal cues for speech identification.
In that case, the addition ofWDRC processing de-
graded speech scores more for older than for
younger listeners. Clinically, these data suggest
that the choice between linear or compression
amplification can be made regardless of listener
age as long as the listener has adequate spectral
resolution. Currently, most tests of spectral reso-
lution are designed for use in a research environ-
ment. Additional work is needed to develop clin-
ically feasible tests of spectral resolution and to
define the relationship between individual spec-
tral and temporal discrimination abilities and use
of compression amplification.

Candidacy for WDRC Based
on Auditory Ecology

Recent innovative work by Gatehouse et ai.,
(2000) may provide a framework to determine
candidacy for compression. In this study, subjects
were fit with five different hearing aid processing
strategies: single-channel linear, two-channel lin-
ear, two-channel slow-acting compression (ie, au-
tomatic volume control), two-channel fast-acting
WDRC, and a two-channel hybrid with fast time
constants in the low-frequency channel and slow
time constants in the high-frequency channel, in-
tended to preserve high-frequency cues and min-
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imize upward spread of masking. A manual vol-
ume control was available only in the single-chan-
nel linear hearing aid. Subjects wore each aid for
10 weeks. Outcome measures included several
subjective questionnaires, a closed-set speech-in-
noise test; psychoacoustic tests related to upward
spread of masking, temporal and spectral dis-
crimination; noise dosimetry, and an "auditory
lifestyle" questionnaire that asked about specific
auditory situations (ie, listening when two or
more people are talking simultaneously), how
often the situation was encountered, and how im-
portant it was to the subject's everyday life.

Four outcome domains were identified using
factor analysis: listening comfort, satisfaction,
rated intelligibility, and a speech test factor based
on the speech-in-noise test. Across subjects, the
linear hearing aids scored more poorly on all out-
come dimensions. For listening comfort, the slow-
acting AVC hearing aid received highest ratings.
For intelligibility and speech-in-noise, the fast-act-
ing WDRC and hybrid compression hearing aids
performed best. For satisfaction, the three com-
pression hearing aids were rated higher than the
two linear hearing aids. Results of the auditory
lifestyle questionnaire and the noise dosimetry
tests were strong predictors of the hearing aid
outcome measures.

This study is notable for several reasons. It is
the first to suggest that "auditory ecology" (de-
fined by the authors as the listening environments
in which people function, the tasks to be under-
taken in these environments, and their impor-
tance to everyday living) is a defining character-
istic in selecting an amplification strategy. It also
demonstrates a consistent advantage to fast-act-
ing compression over linear amplification for both
measured and perceived speech intelligibility.
Finally, it highlights the importance of individu-
ally chosen compression characteristics based on
psychoacoustic abilities as well as lifestyle and lis-
tening requirements.

Prescriptive Procedures for
Compression Amplification

With increased use of compression aids comes the
need for clinical fitting and verification proce-
dures suited for this technology. Most established
clinical prescriptive procedures, including NAL-R
(Byrne and Dillon, 1986), Prescription of Gain/

Output (POGO) (McCandless and Lyregaard,
1983), and Berger (Berger et al., 1989) formulas,
specify desired gain at a single input level. These
procedures were designed and validated with lin-
ear aids, which provided the same gain at every
input up to the saturation limit of the aid. Such
procedures are not appropriate for use with wide-
dynamic range compression aids, which provide a
different gain at each input level. Luckily, several
new fitting strategies have been introduced which
specify the compression characteristics for a par-
ticular patient. These procedures have several
common features. They provide target gain val-
ues for multiple input levels, usually a conversa-
tional-level input (65-70 dB SPL), a low-level
input (45-55 dB SPL), and a high-level input
(80-95 dB SPL). They specify target compression
ratios but do not specify attack or release times.
Because of the complexity of these formulas, they
are implemented in computer programs, either as
stand-alone software, as built-in software to
probe microphone test systems, or within the
manufacturer's software module in NOAH.

The current version of the Desired Sensation
Level (DSL[i/o]) method (Cornelisse et al., 1994
and 1995) can be used with either linear (ie, peak
clipping or compression limiting) or WDRC hear-
ing aids. The program provides target amplifica-
tion values expressed as 2cc coupler levels or as
dB SPL measured at the tympanic membrane (ie,
the real ear aided response or real ear aided gain,
not real ear insertion gain) for low-input, moder-
ate-input, and high-input levels (Figure 13).
Target compression ratios are also given for each
of nine frequencies between 250 Hz and 6000 Hz.
In practice, many hearing aids do not allow con-
trol over compression ratios within those exact
frequency ranges, but the target compression ra-
tios can still be used as a guideline for hearing
aid selection and adjustment of compression pa-
rameters. Compression threshold is not given as a
target value but is selected a priori by the clini-
cian. The DSL[i/o] program offers a number of
customizable options, including measurement of
loudness discomfort levels, real ear unaided re-
sponse (REUR) and real-ear-to-coupler difference
(RECD). A significant advantage is the inclusion
of age-appropriate predicted values for RECD and
REUR. Currently, DSL[i/o] is available as a stand-
alone computer program and, in a convenient op-
tion for clinicians, incorporated within two probe
microphone systems. It is also incorporated with-
in several NOAH manufacturers' modules.
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Figure 13. An example of DSL[i/o] prescription
for wide-dynamic range compression hearing aid.
Squares: hearing threshold; triangles: LDL;
+: SPL targets.

As noted above, the NAL-R prescriptive pro-
cedure widely used in clinics is not intended for
use with WDRC amplification where gain is var-
ied depending on input level. A recent addition is
the NAL-NLI procedure for nonlinear hearing
aids (Dillon, 1999; Keidser et al., 1999). This pre-
scriptive procedure, currently available only in a
stand-alone computer program, provides target
gain and output values at multiple input levels.
These values can be viewed in a number of ways,
including 2cc coupler levels or real ear values.
Like the DSL[i/o] procedure, compression thresh-
old is selected a priori by the clinician. The pro-
gram provides target compression ratios at each
frequency. NAL-NL1 also provides target cross-
over frequencies, based on the audiometric con-
figuration. The clinician specifies the number of
compression channels. The prescription can be
customized according to the patient's age, and
measured REUR and RECD values can also be
used. Unlike DSL[i/o], there is no option for en-
tering measured loudness discomfort levels.

FIG6 (Killion and Fikret-Pasa, 1993) is similar
in format to the DSL[i/o] and NAL-NL1 programs
but provides fewer customizable options. For ex-
ample, the conversions from real ear values to 2cc
coupler values in FIG6 are based on an adult ear;
thus, this procedure is not appropriate for use
with children. FIG6 displays frequency-specific in-
sertion gain or 2cc coupler gain targets for low-
input (45 dB SPL), moderate-input (65 dB SPL)
and high-input (95 dB SPL) levels. Compression

ratio is assumed to be low and cannot be changed
by the clinician. Target compression ratios are
also specified for a low-frequency (500-1000 Hz)
and a high-frequency (2000-4000 Hz) range. If
the aid being fit is a single-channel aid, these
compression ratios can be averaged, as the dif-
ference between them is usually small. Maximum
output targets are based on predicted rather than
measured loudness discomfort levels. An exam-
ple of a FIG6 target is shown in Figure 14.

The Independent Hearing Aid Fitting Forum
(IHAFF) fitting protocol uses a different format.
This protocol, essentially a fitting philosophy for
nonlinear amplification, incorporates six ele-
ments, only one of which generates a hearing aid
prescription (Cox, 1995 and 1999; Valente and
Van Vliet, 1997). This prescription method,
termed the Visual Input-Output Loudness Algo-
rithm, or VIOLA, was based on the idea that am-
plification should normalize loudness growth.
More generally, a sound that is perceived as soft
to a normal-hearing listener should be perceived
as a soft sound by a hearing-impaired listener
wearing amplification, a sound that is perceived
as comfortable by a normal-hearing listener
should be perceived as comfortable by a hearing-
impaired listener wearing amplification, and a
sound that is perceived as loud by a normal-hear-
ing listener should be perceived as loud by a hear-
ing-aid wearer.
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Figure 14. An example of FIG6 prescription for
wide-dynamic range compression hearing aid. Separate
target gain curves are provided for low ("soft"),
conversational, and high ("loud") input levels, with
decreasing target gain at higher input levels.
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As part of the IHAFF protocol, a standardized
test of loudness perception called the Contour test
(Cox et al., 1997) is administered to the patient. In
this test, the listener rates the loudness of a series
of pulsed tones presented at different levels. If the
patient cannot complete this task, predicted loud-
ness values can be used. The resulting data is used
to generate amplification targets, which are dis-
played in the form of input-output functions. To use
this prescription, the clinician enters data about a
particular hearing aid and compares the generated
input-output function for that hearing aid to the tar-
get input-output function. The closer the match, the
more appropriate the hearing aid based on the
IHAFF method. This system, in which the "best
match" is chosen from hearing aids picked by the
clinician, is different from the three other methods
described, in which the formula specifies the de-
sired static compression characteristics.

At present, the IHAFF protocol does not seem
to have been as widely accepted as some of the
other procedures (Medwetsky et al., 1999b). This
may be because few clinicians routinely measure
loudness judgments (Medwetsky et al., 1999a); be-
cause loudness functions can be reliably estimated
from hearing thresholds (Jenstad et al., 2000;
Moore, 2000; Moore et al., 1999); because more
time is required initially (Lindley and Palmer,
1997); because this program is available only as a
stand-alone program, hence is less convenient; or
through simple unfamiliarity with the method.

In summary, a variety of prescriptive proce-
dures are now available for fitting low-compres-
sion threshold hearing aids. Unlike prescriptive
procedures for linear aids that provide a single
target gain curve, nonlinear prescriptive proce-
dures provide targets at multiple input levels. At
present, these procedures are underused com-
pared to linear prescriptive procedures such as
NAL-R. Although NAL-R is used in over 90% of
clinics, clinicians report using the various nonlin-
ear procedures only about 10% of the time
(Medwetsky et al., 1999b). Use of nonlinear pre-
scriptive procedures may be increased by contin-
ued clinical education and by inclusion of these
formulas within hearing aid programming soft-
ware or probe microphone systems.

Adapting Linear Prescriptions
to Nonlinear Aids

As an alternative to methods designed for nonlin-
ear aids, some clinicians have suggested using a

linear prescription (eg, NAL-R) to select gain for
average speech (eg, ASHA, 1998; Mueller, 1997).
Appropriate compression characteristics, such as
compression ratio or increased gain for low-level
inputs, could then be based on the listener's dy-
namic range. For example, a commonly used clin-
ical technique is to set amplification characteristics
according to prescribed gain for average speech,
then adjust compression characteristics until low-
level speech is audible (Ontario Rehabilitation
Technology Consortium, 2000). This can be veri-
fied using probe microphone measurements to en-
sure that the REAR for a low-level input (typically
50 dB SPL) is above threshold. However, this
method does not provide specific frequency-gain
targets for low-speech and high-speech levels or
recommend an appropriate compression ratio.

Comparing Prescriptive Procedures
for Compression Aids

At present, there is no consensus as to which pre-
scription is best. Since we have yet to reach agree-
ment on the "best" prescriptive procedure for lin-
ear aids (eg, Hamill and Barron, 1992; Humes
and Hackett, 1990), it is hardly surprising that we
have not reached this point with prescriptions for
nonlinear aids, which are more complex and were
only recently introduced. The different formulas
will result in differences in prescribed frequency-
gain response, maximum output, and compres-
sion characteristics (Byrne et al., 2001; Lindley
and Palmer, 1997; Ricketts, 1996; Stelmachowicz
et al., 1998). Assuming targets are met, these will
translate to differences in speech audibility. For
example, DSL[i/o] tends to prescribe more gain,
and hence better predicted speech audibility, than
other methods such as NAL-NL1. NAL-NL1 pre-
scribes less low-frequency gain for flat hearing
losses, less high-frequency gain for steeply sloping
losses, and. less compression overall than FIG6 or
IHAFF (Byrne et al., 2001). To further complicate
the issues, use gain may be considerably lower
than prescribed gain, and the difference between
use gain and target gain is specific to the fitting
formula (Stelmachowicz, 1998). Without addi-
tional research, it is unclear whether any particu-
lar fitting formula will lead to greater speech in-
telligibility and/or user satisfaction. It is possible
that different formulas will be appropriate for dif-
ferent patients, types of hearing aids, or listening
situations.
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How, then, to decide which fitting formula to
use? A key consideration should be the underly-
ing rationale of the method. For example, the
IHAFF procedure is designed to normalize loud-
ness perception for amplified speech; NAL-NL1,
on the other hand, is intended to provide a fre-
quency-gain response that maximizes speech au-
dibility while restricting overall loudness so that it
is no greater than that perceived by a normal-
hearing person presented with the same sound
(Dillon, 1999). A second consideration is the pa-
tient population. For fitting children, a formula
that includes corrections for age, such as DSL[i/o]
or NAL-NL1, is most appropriate. Finally, most
audiologists will also consider efficient use of clin-
ical time (Dillon and So, 2000). Fitting formulas
that are incorporated within hearing aid pro-
gramming software and/or probe microphone
measurement systems are likely to be used more
often than those that require transfer of data from
stand-alone computer programs.

Electroacoustic Measurements
of Compression Aids

When making electroacoustic measurements in
the coupler, clinicians can choose between a com-
posite-noise signal shaped to represent the aver-
age speech spectrum and a swept pure-tone sig-
nal. For compression hearing aids, a composite
signal should be used. This broad-band signal,
with energy spread across the frequency range,
most closely mimics the reaction of a compres-
sion hearing aid to speech. With a pure-tone
sweep, energy is concentrated within a single fre-
quency component. Because compression is acti-
vated at different levels as a function of frequen-
cy, results of a pure-tone sweep can appear as a
broadened frequency response compared to re-
sults obtained with a composite signal (Preves et
al., 1989; Stelmachowicz et al., 1990).

Most hearing aid test systems allow measure-
ment of input-output functions at different fre-
quencies. These measurements can be used to
characterize the static performance of multichan-
nel compression aids or to compare measured re-
sponses to target input-output responses.

When interpreting results of any electroa-
coustic tests completed in the coupler, it is im-
portant to remember that the hearing aid will be-
have differently in the patient's ear. For example,
the presence of a vent, especially an IROS vent,

reduces the effective compression ratio relative to
that measured in the coupler (Fortune, 1997).
When the hearing aid is worn, the type of micro-
phone (directional versus omnidirectional) does
not appear to interact with compression process-
ing (Ricketts et al., 2001).

Probe Microphone Measurements
of Compression Aids

The American Speech-Language-Hearing Associa-
tion recommends the use of probe microphone
measures as the primary method of verifying
hearing aid performance (ASHA, 1998). The stan-
dard protocol for linear aids includes measure-
ment of real-ear insertion gain (or real-ear aided
response) at an input level equivalent to average
speech (typically 70 dB SPL) and measurement
of the real-ear saturation response at a 90 dB SPL
input level. Measured and target values are then
compared, and any necessary adjustments are
made. WDRC hearing aids, which vary gain based
on input level, require verification of REIG (or
REAG) at multiple input levels. This is most easi-
ly accomplished using a probe microphone sys-
tem that allows viewing of multiple input levels
on the same screen, as shown in Figure 15.
Alternatively, some fitting software allows the
tester to enter measured gain and/or output val-
ues at each frequency and view them in graphic
format compared to target values. With nonlin-
ear amplification, it is important to use a broad-
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Figure 15. An example of multilevel probe
microphone measurements.

155



Trends In Amplification Volume 6, Number 4, 2002

band signal (such as composite noise) rather than
a pure-tone sweep, as the aid will respond differ-
ently to a broad-band signal (Dreschler, 1992)
and this more closely mimics its performance for
speech. The newest probe microphone systems
also allow use of a time-varying speech stimulus
as the input signal.

Effectiveness of Compression in
Everyday Environments

Research studies have shown measurable differ-
ences between compression and linear amplifi-
cation in audibility, intelligibility, and sound
quality of speech. Such studies are often de-
signed to measure differences between compres-
sion and linear amplification in an experimental
setting. In the clinic, we are interested in the
benefit the average patient receives under ordi-
nary conditions. Simply put, do patients notice
differences in communication, satisfaction, and
benefit, when wearing compression aids in their
everyday environments?

In recent years, a number of self-assessment
inventories have been developed which can be
used to measure treatment effectiveness. These
include questionnaires focused on communication
ability, such as the Abbreviated Profile of Hearing
Aid Benefit (APHAB) (Cox and Alexander, 1995),
on hearing aid satisfaction, such as the Satis-
faction with Amplification in Daily Life (SADL)
scale (Cox and Alexander, 1999) or on quality of
life, such as the Hearing Handicap Inventory for
the Elderly (HHIE) (Newman and Weinstein,
1988). Humes (1999) recommended that out-
come measurements should include a measure of
subjective benefit, satisfaction, or use, in addition
to measures of objective speech intelligibility and
subjective sound quality.

Most comparisons of subjective outcome mea-
sures have found no significant differences be-
tween compression and linear aids (eg, Humes et
al., 1999; Souza et al., 2002). An example from a
recent study (Souza et al., 2002) is shown in
Figure 16. Ratings were taken from a group of 75
adult hearing-impaired patients who were fit bin-
aurally with compression limiting or WDRC hear-
ing aids for 3 months. At the end of the 3-month
period, all patients completed subjective ratings
of their aid's performance using the APHAB ques-
tionnaire. Results of ratings for the WDRC aid
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Figure 16. APHAB ratings of communication benefit
for linear versus wide-dynamic range compression
amplification in everyday use.

showed some expected trends of a variable-gain
processor: most notably, better ratings of aversive
sounds (AV) and improved communication in
quiet (EC). However, there were no significant
differences between patient ratings of communi-
cation with a compression limiting versus a wide-
dynamic range compression aid.

Cox et al., (1991) pointed out that subjective
measures were less sensitive to differences be-
tween amplification conditions than objective
measures. This may be because use of hearing
aids in the everyday environment depends on
many uncontrolled factors, including the speak-
er's voice, distance from the speaker, the amount
of background noise or reverberation, and adher-
ence (amount of time the aid is used), all of
which have unknown and overlapping effects on
the patient's ratings of the aid. Another issue spe-
cific to compression hearing aids is that most self-
assessment questionnaires have been designed to
assess global benefit rather than to distinguish
differences among hearing aids.

Some clinicians and researchers raise the
question of whether patients need time to become
accustomed to use of compression amplification,
particularly if they are previous users of linear am-
plification. Acclimatization refers to an improve-
ment in speech intelligibility over time as the lis-
tener learns to more effectively use available cues
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in the amplified speech. For linear aids, acclimati-
zation effects are small, typically a few percent-
age points at the most (see Bentler et al., 1999 and
Turner et al., 1996 for reviews). Fewer studies
have addressed acclimatization in patients accus-
tomed to linear amplification and newly fit with
wide-dynamic range compression hearing aids,
but tests of single-channel or two-channel com-
pression have generally found no acclimatization
effect (eg, Keidser and Grant, 2001a; Saunders
and Cienkowski, 1997; Surr et al., 1998).

Conversely, Yund and Buckles (1995c) found
improved performance over time for nonsense
syllables processed with 8, 12, or 16 channels,
even though the subjects received exposure to the
multichannel processed speech only in a labora-
tory environment. It is possible that more com-
plex processing schemes that significantly alter
speech cues require more experience before opti-
mal performance is achieved. Kuk and his col-
leagues (Kuk, 2001; Kuk et al., in press) provide
some support for this idea. Subjects with severe-
to-profound loss and previous experience with
linear amplification were fit binaurally with a
three-channel low-compression threshold hearing
aid. At the initial evaluation, few subjects per-
formed better, and some performed worse with
the multichannel compression hearing aid than
with their previous aids for low-level (50 dB SPL)
speech. At 3 months, most of the subjects per-
formed better, and none performed worse with
the new aid compared to their previous aids. The
pattern was similar for high-level speech. Thus,
the data suggest that subjects accustomed to lin-
ear hearing aids and newly fit with complex pro-
cessing schemes, or with more than two com-
pression channels, may require additional time
and/or counseling by the clinician to achieve
maximum hearing aid benefit.

Use of Compression in Children

Little data is available regarding the use of com-
pression amplification in children. This is one of
the key research needs identified by the Pediatric
Working Group 1996. Therefore, ideas about po-
tential benefits for children are by necessity de-
rived from research on adults, in conjunction with
the theoretical and practical issues unique to pe-
diatric amplification. Prescribed amplification
characteristics for young children may be based

on incomplete results; for example, threshold
data may be available at only a few frequencies.
Children may not be able to provide loudness
judgment data. These factors limit the use of fit-
ting formulas that rely on these measures.

Setting conservative output limits on hearing
aids is important for children who may not be
able to provide feedback regarding the appropri-
ateness of the set maximum output. In infants
and young children, closer proximity to the
speaker can substantially increase input levels
(Stelmachowicz et al., 1993). The combination of
higher input levels and a lower maximum output
increases the potential for saturation distortion if
peak clipping is used. Acoustic distortion can be
minimized by use of compression limiting rather
than peak clipping (Clark, 1996). Use of com-
pression limiting over peak clipping in children
also improves speech recognition at high presen-
tation levels (Christensen and Thomas, 1997).
Interestingly, unlike adults, young children do not
show a clear preference for compression limiting
over peak clipping (Stelmachowicz et al., 1999).

Children may be exposed to a wider range of
input levels due to their distance and position
from the speaker (Stelmachowicz et al., 1993).
Unlike an adult, young children cannot make
manual volume adjustments to compensate for
situational changes in input levels. The variable-
gain strategy used in WDRC hearing aids can im-
prove speech audibility over a wider range of
input levels than linear amplification. For exam-
ple, where an adult conversation partner would
likely position herself at a consistent distance
from the speaker, a child may move about the
room, including having her back turned to the
speaker. Low-threshold compression should, at
least in theory, provide an advantage in this situ-
ation by automatically compensating for changes
in input level, and maintaining speech output lev-
els within the listener's audible range (Kuk, 1998;
Stelmachowicz, 1996).

WDRC amplification has some potential
drawbacks. As a practical concern, Stelmachowicz
(1996) cautioned that the increased gain for low-
level inputs with WDRC amplification may in-
crease the risk of feedback. The potential for feed-
back is already greater in children, who require
frequent earmold remakes due to growth. Stel-
machowicz (1966) also pointed out that WDRC
is usually implemented in an input compression
system. With input compression, changes in vol-
ume control will also change the maximum out-
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put level; a potential problem if a young child ad-
justs the volume control accidentally.

An additional concern is the potential for
WDRC amplification, particularly when imple-
mented with short time constants, to alter the
temporal and/or spectral characteristics of the
speech signal. Young children learning to identi-
fy speech sounds require a consistent input sig-
nal, and the cues they use are different from
adults. In contrast to adults with normal hearing
or a mild hearing loss who rely heavily on spec-
tral cues, children may have more difficulty dis-
criminating spectral details (eg, Eisenberg et al.,
2000). It is possible that children rely to a greater
extent on temporal variations, which are the cues
most susceptible to being altered by WDRC.
Therefore, altering these cues may negatively im-
pact speech identification in young children (Kuk,
1998).

Compared to adults, few data are available to
address these issues. Christensen and Thomas
(1997) found no difference in speech intelligibil-
ity between a compression limiting and a WDRC
hearing aid for children aged 9-14 years.
Bamford et al., (2000) found that children aged
6-15 performed better on a speech-in-noise test
with a two-channel compression aid (with com-
pression in the low-frequency channel and linear
amplification in the high-frequency channel) than
with their own aids. Jenstad, Seewald et al.,
(1999) found that adolescents performed better
with single-channel WDRC than with linear am-
plification for soft speech.

Clearly, it is difficult to draw definitive con-
clusions from this small number of studies, which
differed in subject population, amplification sys-
tem, and research methodology. However, the
limited data available suggest that school-age
children perform as well or better with WDRC
amplification compared to linear amplification.
At the present time, no data is available regarding
use of WDRC amplification on infants.

It is important to consider how hearing aid
outcome will be assessed. In adults, potential out-
come measures include probe microphone mea-
sures, functional gain, aided speech recognition,
and subjective measures of benefit and satisfac-
tion. Fewer options are available to assess hearing
aid outcome in children. Young children cannot
provide reliable measures of aided speech recog-
nition, or respond to self-assessment instruments
(Stelmachowicz, 1999). Although some assess-
ment questionnaires are designed for parents or

teachers (eg, Smaldino and Anderson, 1997), sec-
ond-party observations of a child's communica-
tion ability are unlikely to be sensitive enough to
discriminate between different processing strate-
gies. Limited information can be obtained using
probe microphone measures. For young children
who cannot cooperate long enough to complete a
full series of probe microphone tests, the RECD
can be used in conjunction with coupler mea-
surements. In this procedure, a probe micro-
phone system is used to measure the frequency
response of a signal delivered to the child's ear
canal through a hearing aid or an insert ear-
phone. The same signal and transducer is then
measured in a 2cc coupler. The difference be-
tween the ear and coupler measurements is cal-
culated and used as a correction factor for more
extensive coupler measurements of hearing aid
gain and output (Seewald, 1997). Although this
technique can quantify gain (and, by extension,
audibility) for different input levels, it cannot
provide information about speech intelligibility
or quality.

Another useful tool is the Situational Hearing
Aid Response Profile (SHARP) program devel-
oped by Stelmachowicz et al., (1994). This pro-
gram, now available in Microsoft Windows for-
mat, provides a graphic representation of speech
audibility in different listening environments,
which takes into account the child's hearing
thresholds and the processing characteristics of
the hearing aid, including frequency-gain re-
sponse, maximum output, and compression ratio.
Clinicians can use the SHARP program to evalu-
ate the effect of different processing characteris-
tics, such as the decision to use linear or WDRC
amplification. It also serves as a useful counsel-
ing tool for parents or caregivers.

An example of information provided by
SHARP is shown in Figure 17. It includes the lis-
tener's audiogram, the range of speech levels, and
the portion of the speech spectrum that is above
threshold, and the range of the speech spectrum.
SHARP also calculates the expected Audibility
Index (Al). This is an index of audibility, ranging
from 0.0 (inaudible) to 1.0 (audible) and weight-
ed according to frequency; the frequency bands
most critical to speech recognition receive greater
weights. The left shows the expected unaided re-
sponse, which in this case is virtually inaudible,
with an Al of only 0.02. Audibility is improved,
but not complete, for the aided response shown in
the right panel (Al = .53).
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Figure 17. An example of the Situational
Hearing Aid Response Profile (SHARP) screen.

In each panel, the listener's audiogram is shown
in the open circles. The range of speech levels
for a particular situation-in this case, a teacher's
voice at 2 meters-is shown by the dotted lines.
The shaded area shows the portion of the speech
spectrum that is above threshold.

* The development of subjective outcome mea-
sures sensitive to differences in hearing aid
technology.
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