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The Desired Sensation Level (DSL) Method was revised to support hearing instrument fitting
for infants, young children, and adults who use modern hearing instrument technologies,
including multichannel compression, expansion, and multimemory capability. The aims of
this revision are to maintain aspects of the previous versions of the DSL Method that have
been supported by research, while extending the method to account for adult-child differ-
ences in preference and listening requirements. The goals of this version (5.0) include
avoiding loudness discomfort, selecting a frequency response that meets audibility require-
ments, choosing compression characteristics that appropriately match technology to the user’s
needs, and accommodating the overall prescription to meet individual needs for use in
various listening environments. This review summarizes the status of research on the use of
the DSL Method with pediatric and adult populations and presents a series of revisions that
have been made during the generation of DSL v5.0. This article concludes with case examples
that illustrate key differences between the DSL v4.1 and DSL v5.0 prescriptions. 
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Work that Leads to the 2005 Algorithm

As summarized by Seewald et al. in this issue
(2005), the DSL Method was revised to accom-
modate the prescription of linear vs nonlinear
hearing instruments (Cornelisse et al., 1995).
Since that revision, DSL[i/o] has been evaluated
in both adult and pediatric populations in a num-

ber of studies. In this chapter, we will summarize
the current status of DSL evaluation work in chil-
dren and adults and argue the need for different
prescriptive targets for adults and children. We
will also present research describing electroa-
coustic and signal processing issues that have mo-
tivated us to make modifications to the input/out-
put structure of the DSL target functions. These



modifications will be described, and several case
studies will illustrate the magnitude and type of
changes to prescriptive targets in DSL v5.0. 

Outcomes for Children

Studies using the DSL Method with the pediatric
population have been done with various aims and
purposes. Some studies have sought to determine
whether DSL-related outcomes differ from those
of alternative fittings (Snik and Stollman, 1995;
Snik et al., 1995; Ching et al., 1997; Scollie et al.
2000) or to compare subversions of DSL such as
linear vs nonlinear (Jenstad et al., 1999; Jenstad
et al., 2000). Other studies have used DSL as the
fitting method within general pediatric hearing
and amplification research, such as when evalu-
ating signal processing options or audibility ef-
fects in children with hearing loss (Moeller et al.,
1996; Bamford et al., 1999; Christensen, 1999;
Gravel et al., 1999; Hanin, 1999; Lear et al.,
1999; Pittman and Stelmachowicz, 2000;
Stelmachowicz et al., 2000; Stelmachowicz et al.,
2001; Condie et al., 2002; Stelmachowicz et al.,
2002). Other authors incorporate the DSL
Method, including the associated clinical proce-
dures described by Bagatto et al., 2005, within
recommended clinical guidelines for pediatric
amplification (e.g., The Pediatric Working Group
1996; American Academy of Audiology, 2004). 

Ongoing research will, therefore, likely al-
ways strive to determine the best methods for
prescribing the signal processing characteris-
tics of hearing instruments to optimize chil-
dren’s hearing (Scollie, 2005). Furthermore,
children’s preferences for DSL over an alterna-
tive fitting procedure may be influenced by
their previous listening experience (Ching et
al., 1997; Scollie et al., 2000) and, therefore,
are difficult to interpret at this time. Until
more definitive evaluation is available, it may
be fair to say that the DSL Method is widely
used in pediatric audiology and is known to
significantly improve children’s speech recog-
nition scores over unaided performance
(Jenstad et al., 1999). In addition, low-level
speech recognition and loudness normalization
are improved when a nonlinear version of the
DSL prescription is used (Jenstad et al., 1999;
Jenstad et al., 2000). The changes to the DSL
Method that are described by Bagatto et al.,
2005, and in the remainder of this chapter, are
aimed at preserving many of the prescriptive

characteristics, particularly for the pediatric 
population.

Outcomes for Adults

During the late 1990s, the DSL[i/o] prescription
began to be used with the adult population, in ad-
dition to pediatric applications. This was likely
because of a number of factors.

First, the DSL v4.1 Method, along with the
VIOLA procedure (Cox and Flamme, 1998) and
the Fig 6 procedure (Gitles and Niquette, 1995)
were nonlinear prescriptive methods that were
available at a time when wide-dynamic-range
compression (WDRC) hearing instruments gained
widespread clinical acceptance.

Second, the DSL Method became implement-
ed in various manufacturers’ hearing instrument
programming or test software, or both, and was
thus accessible for clinical use. Some clinics began
to apply it with the adult population, often with
the view of using the target as a benchmark that
indicated the point at which full audibility of
speech cues was likely (e.g., Parsons and Clark,
2002). This was the case within the University of
Western Ontario Speech and Hearing Clinic, in
which the audiologists applied the clinical proto-
cols of the DSL Method with their adult clients
but would modify the gain of the hearing instru-
ment fitting, if necessary, to client preference.
Our anecdotal experience with this approach was
that some adults would use and adjust to the pre-
scribed gain, but others would not. However,
these experiences are not able to generate specif-
ic, quantitative estimates of the degree of adjust-
ment required or determine whether the adjust-
ment magnitude interacted with degree of hear-
ing loss, input level, or other factors. 

Published results of using DSL[i/o] with
adults have been somewhat mixed. Some studies
show positive and acceptable results (Humes,
1999; Hornsby and Ricketts, 2003); others show
good speech recognition but higher loudness rat-
ings than would be ideal (Lindley and Palmer,
1997; Alcántara et al., 2004; Smeds, 2004).
Higher loudness ratings tend to be more pro-
nounced with higher-level inputs or higher fre-
quencies, or both. 

Clinical trials that have compared DSL[i/o]
with alternative fitting procedures generally have
shown that adults prefer less gain than prescribed
by DSL, either from a lower-gain prescription
such as CAMFIT (Moore et al., 2001) or from a
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patient-driven procedure that customizes gains to
preference (Lindley and Palmer, 1997). 

Between 1999 and 2000, we entered into a
clinical collaboration with two audiology clinics
that routinely used the DSL Method v4.1 with
their adult populations. The audiologists at these
clinics were interested in beginning a routine
hearing instrument outcome test battery, in part
because of the recent attention outcome mea-
surement has received in the literature (e.g.,
Humes, 1999). The summary below will describe
this study and the results we obtained.

London Health Sciences Centre/Nova Scotia
Speech and Hearing Clinic Study of using

DSL[i/o] with Adults

The purpose of this study was to define and quan-
tify the effectiveness of the DSL Method in an
adult population. Specifically, we wished to mea-
sure hearing instrument benefit and performance
outcomes in clinics that routinely used the DSL
Method with an adult population. This study
dealt with effectiveness (i.e., outcomes in a real
clinical environment, across a variety of locations,
hearing instruments, and hearing losses) rather
than efficacy (i.e., a more controlled trial with
certain hearing instruments and losses).

Participants

Nineteen volunteers, aged 24 to 40 years, with a
mean of 28 years, were recruited from the School
of Communication Sciences and Disorders at the
University of Western Ontario and from the staff
at the London Health Sciences Centre and the
Nova Scotia Speech and Hearing Clinic. All sub-
jects had normal hearing thresholds bilaterally (at
or below 20 dB hearing level [HL]) as determined
by a pretest screening for the frequencies of 500,
1000, and 2000 Hz. 

Fifty-nine patients with a mean age of 70
years (range, 38 to 100 years) were recruited
from routine clinical caseload1 and included both

previous and new hearing instrument users. All
subjects had acquired, predominantly sen-
sorineural hearing losses. As determined by four
frequency pure-tone threshold averages (500,
1000, 2000, and 4000 Hz from both ears), the
mean degree of hearing loss was 44 dB HL
(range, 20 dB HL to 98 dB HL). The participants
were clients of the Nova Scotia Speech and
Hearing Clinic (Amherst and Truro sites) and the
London Health Sciences Centre.

Assessment, Prescription, and Baseline

In addition to routine audiometric assessment,
loudness discomfort levels were measured at 500
and 3000 Hz by using the instructions, psycho-
metric procedure, and rating scale described by
Hawkins et al. (1987), carried out under insert
phones. Also, individual real-ear measures
were used to quantify the HL-to-SPL (sound
pressure level) transform appropriate to either
TDH or insert earphones. These were the real-
ear-to-dial difference (REDD) and real-ear-to-
coupler difference (RECD), respectively (Bagatto
et al., 2005). Prescriptive targets were gener-
ated by using the DSL [i/o] algorithm as im-
plemented in the Audioscan RM 500 (Cole and
Sinclair, 1998). Hearing instruments were in-
dividually selected, taking into account the
needs, preferences, and financial resources of
the patient. During the fitting appointment, un-
aided speech perception testing, and the prefit-
ting portion of a questionnaire for self-reported
hearing instrument benefit and satisfaction
were administered. 

Verification and Validation 

For new hearing instrument users, outcome mea-
sures were targeted for completion approximate-
ly 4 weeks after the initial hearing instrument fit-
ting, assuming no physical fit or feedback prob-
lems. If significant problems with the fitting oc-
curred or if other changes to the fitting were in-
dicated, the outcome measurement was suspend-
ed until a satisfactory fitting was obtained. The
observed trial period for new hearing instrument
users was therefore extremely variable, but all 31
users did receive some period of use before the
outcome evaluation (average trial period, 51
days; range, 7 to 272 days). For long-term hear-
ing instrument users, the outcome evaluation pro-
ceeded either with their own hearing instruments
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in 8 or after provision of replacement hearing in-
struments in 20 (average trial period, 53 days;
range, 0 to 164 days). The frequency response
and maximum output were verified by using ei-
ther 2-cc-coupler simulations of ear canal levels
(Seewald et al., 1999) or by direct measurement
of the real-ear aided response (REAR) with the
Audioscan RM500. If the hearing instrument fit-
ting was judged to be electroacoustically ade-
quate and the client reported that the fitting 
was physically comfortable, the audiologist ad-
ministered a test battery of outcome measures, 
as follows:

1. Speech recognition in noise was measured with
the Speech-in-Noise test developed by Etymotic
Research (Killion, 1997; Villchur, 1993; Killion
and Villchur, 1993). The test evaluates speech
recognition across four different S/N ratios: 15
dB, 10 dB, 5 dB, and 0 dB, at two presentation
levels, 83 dB SPL (70 dB HL) and 53 dB SPL
(40 dB HL), with 20 sentences in test level.
Five key words were scored per sentence, for a
total of 25 words per signal-to-noise ratio and
100 words per test level. The test manual rec-
ommends comparison of aided and unaided
scores at the 50%-correct point to estimate
aided benefit.

2. Aided loudness judgments were obtained using
the Contour instructions and rating scale (Cox
et al., 1997; Cox and Gray, 2001) administered
in the sound field (see Table 1). The stimulus
was the Rainbow passage (QMass CD) at 53,
70, and 83 dB SPL, presented at 1 meter, 0° az-
imuth. The three levels of speech were digital-
ly filtered to approximate the presumed input

levels and shapes for soft speech (53 dB SPL),
average conversational speech (70 dB SPL),
and loud speech (83 dB SPL). The measured
spectra are shown against these calibration tar-
gets in Figure 1. 

3. Self-reported hearing instrument benefit and 
satisfaction measures were obtained using 
the Client Oriented Scale of Improvement
(Dillon et al., 1997). Evaluation was made for
three to five listening situations nominated and
ranked in importance by the client during the
hearing instrument evaluation. After verifica-
tion, clients rated the degree of change (e.g.,
“worse” to “much better”) and final perfor-
mance ability (e.g., “hardly ever” to “almost al-
ways”) for each situation. 
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Table 1. Rating Scale for the Contour 
Test of Loudness Perception

Rating Descriptor

7 Uncomfortably Loud

6 Loud, but okay

5 Comfortable, but slightly loud

4 Comfortable

3 Comfortable, but slightly soft

2 Soft

1 Very Soft

Figure 1. Stimulus levels used for loudness ratings
of passages of speech. Calibration targets for three
overall levels of speech are shown: soft speech (53
dB SPL, ��), average speech (70 dB SPL, +), and
loud speech (83 dB SPL, �), all referred to the free
field (FF). The measured 1/3-octave band spectra at
each overall level are shown by the solid lines. 



Results of Verification Measures

Hearing instrument fittings were verified using an
Audioscan RM500 probe microphone system.
Responses for both speech-level measures and
maximum output were evaluated to determine
(1) the bandwidth over which the DSL target was
met for speech-weighted inputs with an overall
level of 70 dB (quantified using either the Swept
signal and/or the Dynamic signal), and (2) the
difference between the peak of the maximum
power output response and the predicted or mea-
sured loudness discomfort levels for that ear. 

At the final fitting, 85% of measured maxi-
mum power output responses had peaks that
were no higher than +3 dB above the loudness
discomfort level at the nearest frequency, indi-
cating that the maximum output of the hearing
instruments had been set to target in most of the
fittings. The remaining 15% of the fittings ex-
ceeded the +3 dB limit, typically only at the peak
of the maximum power output response. In all of

these cases, the fitting had used predicted loud-
ness discomfort levels. No fittings exceeded mea-
sured loudness discomfort levels, which were typ-
ically higher than the predicted values. 

Speech-level measures of frequency response
were evaluated to determine the bandwidth over
which the DSL targets were met to within ±5 dB.
The fit to within the ±5 dB range was visually as-
sessed from printed verification records generat-
ed by the Audioscan RM500, and coded to the
nearest audiometric frequency.2 The observed
limits of fit to targets are displayed by the pure-
tone average hearing level of the fitted ear in
Figure 2. The lower limit of the fit to targets was
250 to 500 Hz in 93% of fittings. The upper limit
of fit to targets was at or above 3000 Hz in 63%
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Figure 2. Observed limits of fit to targets for 89 ears in a clinical study using
DSL with adult hearing instrument users. The highest and lowest audiometric
frequencies that were within 5 dB of target are shown against the average hearing
level of the fitted ear. Target reference was the DSL 4.1 target for speech-level
inputs at 70 dB SPL. PTA = pure-tone average.

2Although a finer scale for indexing fit to targets would
have been desirable, it would also have been difficult to
achieve consistently given the small size of the
verification printouts.



of fittings. Excluding ears with severe-to-pro-
found losses (pure-tone average exceeding 71 dB
HL) and sloping (exceeding 35 dB between 3000
and 500 Hz) or reverse sloping losses (5 dB or
less, same range), 75% of the remaining 36 ears
had upper bandwidth limits at or above 3000 Hz.
The remaining fittings had been adjusted away
from target because of (1) user preference (4
ears), (2) feedback (3 ears), (3) occlusion effect
(1 ear), or (4) gain limitations in the fitted de-
vices (5 ears). In these cases, the gain was gener-
ally reduced either in restricted frequency regions
(for occlusion or feedback) or across frequencies
(for user preference). Reductions were on the
order of 10 dB. 

These findings suggest that many adult users
with lesser degrees of hearing loss were fitted
with hearing instruments that closely approxi-
mated the DSL target. More severe and more
sloping losses were more difficult to fit, howev-
er, and other users were underfitted according to
user preference. Furthermore, fittings above the
DSL target were not observed, and informal visu-

al inspection of the verification data suggested
that many fittings within the ±5 dB fitting range
were in fact slightly under target in most cases.
These findings may suggest that the clinicians in
this study used the DSL v4.1 target as a maximum
fitting level rather than fitting both above and
below the target levels. 

Aided Loudness Measures Results

Aided loudness ratings for normally hearing lis-
teners and the hearing instrument users in this
study are shown in Figure 3. The mean and 95%
confidence interval (CI) for the normally hearing
listeners are plotted as a solid line. The mean
aided loudness ratings from the hearing instru-
ment users are shown by the circles, with the 95%
CI shown by the vertical bars. Most of the hearing
instrument users had aided loudness ratings that
were within the normal range. On average, the
aided loudness ratings for the hearing instrument
wearers were slightly below the average normal
loudness ratings. The differential effects of linear
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Figure 3. Aided loudness ratings for both normally hearing listeners and hearing instrument users. The
mean and the ± 2 standard deviation range for the normally hearing listeners are plotted as solid lines.
The mean aided loudness ratings (�) from the hearing instrument users are shown, along with the ± 2
standard deviation range (vertical bars). Most hearing instrument users had aided loudness ratings that
were within the normal range. See Table 1 for category descriptors. FF = free field.



versus compression processing could not be eval-
uated in this sample because most of the hearing
instrument users wore hearing instruments with
compression processing.

Regardless of circuit type, 88% of the listen-
ers rated the 70 dB SPL speech signal in the com-
fortable range (i.e., somewhere between comfort-
able but slightly soft, and comfortable but slight-
ly loud). Of the remaining listeners, one rated it
as “soft” and four as “loud but OK.” The “loud but
OK” rating for 70 dB SPL speech was also ob-
served in five of the normally hearing listeners,

so it is difficult to determine whether such a rat-
ing should be deemed acceptable or unacceptable
on an individual basis. Overall, most of the hear-
ing instrument users rated the 70 dB SPL speech
within the comfortable range.

Speech Recognition Measures Results

The results obtained from the speech-in-noise test
of hearing impaired listeners are shown in Figure
4 vs the performance obtained from normally
hearing listeners. The average aided and unaided
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Figure 4. Unaided (Panel A) vs Aided (Panel B) results obtained from the speech-in-noise (SIN) test of hearing
impaired listeners. Mean performance is shown (�) along with the 95% confidence interval (vertical bars). 
The performance of a sample of normally hearing listeners is also shown (95% confidence interval, solid lines).



speech recognition performance is poorer than
was observed in normally hearing listeners for
both low-level and high-level speech and for both
aided and unaided listening. Some high-perform-
ing participants were able to achieve normal or
near-normal performance levels, and scores are
generally higher in the aided condition. 

The raw scores for each listener were used to
determine the 50%-correct point, in dB signal-to-
noise-ratio (SNR), for each listener. This point is
considered the speech reception threshold for
sentences (Nilsson et al., 1994). In some cases,
the test range of the speech-in-noise material did
not encompass the listener’s the speech reception
threshold for sentences and a linear extrapolation
was used to determine the SNR at which they
may have scored 50% correct. The differences be-
tween the unaided and aided the speech recep-
tion threshold for sentences for each listener were
derived to estimate aided benefit. Results re-
vealed average benefit of 1.9 dB SNR (standard
deviation, 8 dB) in the loud condition and 15.4
dB SNR in the soft condition (standard deviation,
11 dB). The extrapolation may have overestimat-
ed true benefit in some cases. However, a benefit

of approximately 10 dB SNR occurred at the 25%
performance point for the low-level condition,
without extrapolation. Regardless of the exact de-
gree of benefit, these results generally agree with
the expected profile of benefit for hearing instru-
ment fittings for this test, in that scores for the
loud speech condition should not be made worse,
whereas scores for the soft speech condition
should improve significantly (Killion, 1997). 

Self-Reported Benefit and Performance Results

The listening or communication situations nomi-
nated by the patients in this study are shown in
Figure 5, sorted by the number of patients who
nominated each as being targeted for improve-
ment with hearing instrument fitting. The three
most commonly identified situations were con-
versation with a small number of people (in quiet
and in noise) and being able to hear the televi-
sion or radio at a normal volume. The improve-
ment scores obtained from this sample of hearing
instrument users are shown in Figure 6. Results
are shown for the self-nominated communication
situations, in order of situation priority as well as
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Figure 5. Listening and communication situations nominated by adult hearing instrument users as priorities for
hearing instrument fitting on the Client Oriented Scale of Improvement.
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Figure 6. Results of the Client Oriented Scale of Improvement for a sample of adult hearing
instrument users fitted using the DSL Method. Panel A shows Degree of Change scores. Panel B shows
Final Ability scores. Each bar indicates the number of respondents indicating a given outcome rating.
Results are shown for the self-nominated communication situations, in order of situation priority, as
well as the average rating across situations for each listener.



the average rating across situations for each lis-
tener. Two score types are shown: (1) degree of
change, which estimates hearing instrument ben-
efit; and (2) final ability, which estimates hear-
ing instrument performance. In both measures, a
higher number indicates a more successful out-
come. The average degree of change was 4.1, cor-
responding to a rating of “better.” Similarly, the
mean final listening ability was 4.2, which falls
between ratings of “most of the time” and “almost
always.” The 95% CI around the final ability
scores ranged from 3.1 to 5, indicating that most
of the hearing instrument users in this sample
were able to function in high-priority listening
situations at least half of the time. Furthermore,
results indicate that the largest mean Client
Oriented Scale of Improvement scores were in sit-
uations of listening in quiet, listening to the tele-
vision or radio, and in conversation in a group
with noise in the background.

Summary and Implications

The results of this study indicate that the
DSL[i/o] prescription and associated clinical pro-
cedures provided good functional hearing out-
comes for this group of patients. However, some
patients did require gain reductions to achieve a
comfortable and preferred listening level from
their hearing instruments. Most fittings were be-
tween 5 dB under target and the target itself. No
fittings reported an increase in gain over the DSL-
prescribed level. Most patients in this study had
normalized loudness ratings, but a small number
had excessive loudness for high-level inputs.
Speech recognition scores and subjective ratings
of benefit and performance tended to be high and
in accordance with expectations for hearing in-
strument outcome. This is generally in agreement
with the literature on the application of the DSL
Method with the adult population. The pattern of
gain adjustment, however, may indicate that a
modification to the DSL Method is required if it is
to be applied to adults with acquired hearing loss
without routine gain reduction by the clinician.

Do Adults and Children Have 
Different Listening Requirements?

The two previous sections describe research that
may seem to be in conflict. Studies of children in-
dicate that the amplification levels prescribed by
DSL may be appropriate or acceptable, but stud-

ies with adults indicate that the DSL 4.1 levels
may exceed required or preferred levels, or both.
This raises an obvious question: do children and
adults have different listening requirements and
preferences?

Studies of infant speech discrimination have
shown that normally hearing infants aged 7 to 10
months old require greater stimulus levels than
are required by adults to discriminate between
speech sounds in quiet and in noise (Nozza,
1987; Nozza et al., 1990; Nozza, Miller et al.,
1991; Nozza, Rossman, and Bond, 1991).
Similarly, children with normal hearing require a
greater signal intensity than adults to reach max-
imal speech recognition performance (Elliott et
al., 1979; Elliot and Katz, 1980; Neuman and
Hochberg, 1982; Nabelek and Robinson, 1982;
Nittrouer and Boothroyd, 1990). Normally hear-
ing children also require higher signal-to-noise ra-
tios to reach maximal performance scores when
identifying sentences or consonants in noise
(Elliot et al., 1979; Fallon et al., 2002; Scollie, in
review) or a broader bandwidth when identifying
high-frequency fricatives (Kortekaas and
Stelmachowicz, 2000). Loudness growth compar-
isons between normally hearing children and
adults indicate that children require a 7-dB 
higher input to reach the same loudness level
(Serpanos and Gravel, 2000). 

Children with hearing impairment have also
been studied to determine the role of age-related
performance. Gravel et al. (1999) evaluated aided
sentence discrimination in noise with a group of
children with hearing losses. Children with lower
language scores needed higher signal-to-noise ra-
tios to correctly repeat sentences in noise than did
children with higher (more mature) language-age
scores. 

Children with hearing losses have different
speech signal requirements than their age-
matched peers with normal hearing, even when
listening to amplified signals. Studies comparing
children with normal and impaired hearing have
shown age-related interactions with level, band-
width, and sensation level in the perception of
fricatives or the use of semantic context in recog-
nizing words (Pittman and Stelmachowicz, 2000;
Stelmachowicz et al., 2000; Stelmachowicz et al.,
2001). One recent study demonstrated that chil-
dren with normal hearing or children with hear-
ing impairment require a higher Speech
Intelligibility Index (American National Standards
Institute, 1997) to achieve adult-like performance
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levels (Scollie, in review). In clinical practice,
children’s needs may lead experienced clinicians
to adjust children’s hearing instruments to provide
more gain than what would be used by adults.
Snik and Hombergen (1993) compared the use
gains from a sample of 95 children (2 to 12 years)
and 40 adults (18 to 77 years). Linear regression
analysis indicated that the children used 5 to 7 dB
more gain than was used by the adults.

If we can accept that children require a
greater acoustic signal level than is required by
adults, we may reasonably ask why this is. Some
investigations indicate that children’s phonemic
development and other aspects of auditory pro-
cessing continue to mature throughout the early
school years. For example, Hnath-Chisholm et al.
(1998) tested normally hearing children’s per-
ception of phonologic contrasts using a three-in-
terval forced choice procedure. They found a
strong age-related effect, with rapid improvement
between ages 5 and 7 years, that plateaued by
age 12. Blamey et al. (2001) studied a large co-
hort of children with congenital sensorineural
hearing loss. Their results indicate that audio-vi-
sual sentence recognition skills mature rapidly to
a language age of 7 years, after which a gradual
plateau occurs. 

Comparisons of the Hnath-Chisholm et al.
(1998) data with those reported by Nittrouer and
Boothroyd (1990) indicate that although differ-
ent speech tasks may have differently sloped age-
related increase in performance, the specific ages
at which changes occur seem relatively constant
across studies (Boothroyd, 1997). Moreover, the
changes do not seem attributable simply to poor
task performance, as error patterns vary with spe-
cific distinctive features by age, rather than the
more random pattern that would be expected of
attentional causes of the age-related trends. This
suggests a fundamental immaturity of the audi-
tory or phonologic system, or both, that does not
mature until approximately age 12 years, a pat-
tern that is generally consistent with that reported
in the developmental psychoacoustics literature
for nonspeech auditory perception (Wightman
and Allen, 1992; Allen and Wightman, 1994;
Allen and Bond, 1997; Allen et al., 1998). 

This theory finds support in developmental
studies of speech perception and production. For
example, although children perform more poorly
in noise, they make effective use of contextual
cues to aid their understanding of speech in noisy
environments. In a recent study, normally hearing

5 year olds, 9 year olds, and adults were asked to
repeat the last word of a sentence in a back-
ground of noise that was adjusted to allow for
similar performance across the age groups (Fallon
et al., 2002). All age groups demonstrated similar
degrees of improvement when listening to con-
text-rich vs low-context sentences. This indicates
that children as young as 5 years of age make
good use of semantic context when they are pro-
vided with audible speech at an age-appropriate
signal-to-noise ratio. Similarly, the developmen-
tal weighting shift hypothesis proposes a specific
developmental course, spanning ages 3.5 to 7.5
years, in which a normally hearing child refines
his or her perception and production of pho-
nemes (Nittrouer, 2002). In the early stages, the
child attends to and produces speech patterns
that correspond to large movements of the vocal
tract. Further development involves the child in-
tegrating the use of multiple, subtle acoustic
cues. This corresponds developmentally to im-
provements in the clarity of pronunciation be-
tween ages 3 and 8 years. 

In summary, not only do children with hear-
ing loss seem to require higher signal levels rela-
tive to adults, these trends seem to relate well to
the general literature on speech and language de-
velopment. However, most of the literature has
been obtained using tests of speech recognition. It
is less clear how these findings relate to the lis-
tening preferences of children vs adults. This may
be important: if the listening levels required by
children are not preferred, or if the preferences
of children and adults are similar despite differing
performance requirements, the application of the
adult-child differences in hearing instrument pre-
scription would be extremely unclear. The fol-
lowing section reports a comparative study of the
preferred listening levels of children and two
groups of adults (experienced vs inexperienced
hearing instrument users). 

The Laurnagaray and Seewald Study of
Adult/Child Preferred Listening Levels

This study aimed to determine whether the pre-
ferred listening level (PLL) differs between adults
and children who use hearing instruments and
whether adult PLLs differ between new and ex-
perienced adult users. A second purpose was to
compare measured PLLs to the DSL v4.1 recom-
mended listening level (RLL). It was hypothesized
that PLLs would be greater for children and for
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adults with hearing instrument experience, and
that both of these groups would have PLLs closer
to the DSL 4.1 RLL compared with the adult new
user group.

Participants

All participants received a standard audiometric
test battery including otoscopy, tympanometry,
air and bone conduction audiometry, and case
history. In addition, each subject’s RECD was
measured by using either a foam tip (for custom
hearing instrument wearers) or personal earmold
(for behind-the-ear wearers [BTE]). Audiometry
was conducted by using the same coupling meth-
ods to facilitate conversion of HL thresholds into
ear canal sound pressure levels.

Participants were evaluated during routine
clinical appointments in which the preferred lis-
tening level was determined as a routine post-fit-
ting outcome measure. Patients were included in
the study if they did not exhibit conductive hear-
ing loss, as determined by air versus bone con-
duction audiometry and tympanometry and if
they were able to independently manipulate the
volume controls of their hearing instrument(s).
The study cohort comprised 72 patients in three
groups: (1) 24 children who were full-time hear-
ing instrument users (14 boys, 10 girls; 8 to 18
years old; mean age, 12.5 years), (2) 24 experi-
enced adult hearing instrument users (11 men,

13 women; 30 to 78 years old; mean age, 62
years); (3) 24 new adult hearing instrument users
(12 men, 12 women; 35 to 79 years old; mean
age, 61 years). The degree of hearing loss was
moderate to severe, based on pure-tone averages.
The average and range of hearing losses by fre-
quency for each subject group are shown in 
Table 2.

Prescription and Hearing Instrument Fitting

Prescriptive targets were calculated according to
the DSL[i/o] algorithm (Cornelisse et al., 1995),
as implemented in DSL 4.1 for Windows software
(Seewald et al., 1997). Targets were generated
for 2-cc coupler gain for a 60-dB speech-weighted
signal, and 2-cc sound pressure level for a 90-dB
pure-tone signal. Hearing instrument selection
was done according to client need, financial re-
sources, and/or currently used hearing instru-
ment (e.g., previous hearing instrument users).
Accordingly, the participants had a variety of lin-
ear and nonlinear devices in analog and digital
formats. Most participants used BTE instruments
(n = 53), and the rest used in-the-ear (ITE) (n =
9) or completely-in-the-canal (CIC) (n = 10)
hearing instruments in the test ear. 

Hearing instruments were adjusted to meet
the prescribed frequency response and output-
limiting characteristic as closely as possible, based
on 2-cc measures of gain and OSPL-90. The vol-
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Table 2. Average, Maximum, and Minimum Hearing Threshold Levels by Frequency for Three Groups 
of Participants in a Study of Preferred Listening Levels of Hearing Instrument Users

Frequency (Hz)
250 500 1000 2000 4000 8000

Children Average 50 54 59 62 65 64

Minimum 15 20 20 30 25 20

Maximum 85 90 90 90 95 100

Experienced Adults Average 37 40 46 55 60 70

Minimum 20 20 20 40 45 45

Maximum 70 65 65 70 70 100

New Adults Average 39 42 46 54 64 69

Minimum 10 15 25 35 35 35

Maximum 70 70 70 70 80 95



ume control setting that most closely matched the
targets was noted and provided to each partici-
pant and/or caregiver as a recommended use set-
ting. Hearing instruments were adjusted to meet
DSL targets for both new and previous hearing
instrument users, for both adults and children. To
facilitate the evaluation of the preferred listening
level (and comparison to previous studies), the 2-
cc gain level at 2000 Hz was measured using a
Fonix FP-40 and was noted as a marker of the
recommended listening level (RLL). New hearing
instrument users were given a 15- to 20-day peri-
od of hearing instrument use before testing.

Preferred Listening Level: Procedure and Results

PLLs were measured in the better-hearing ear of
each participant, as determined by the four-fre-
quency pure-tone average (i.e., thresholds at 500,
1000, 2000, 4000 Hz). The contralateral ear was
plugged by leaving its hearing instrument in place,
but turned off. This monaural measurement of the
PLL was chosen to facilitate comparison with pre-
viously published comparisons with prescriptive tar-
gets (Ching et al., 1997; Scollie et al., 2000).
Because the DSL 4.1 targets do not employ a bin-
aural correction, no adjustment to targets was
made for binaural vs monaural fittings in this study.

A loudspeaker was located 1 meter away
from the test subject at 0° azimuth. Phonetically
balanced sentences (developed by J. M. Tato)
were routed from a CD player through the au-
diometer to the loudspeaker at 60 dB(A).
Stimulus levels were confirmed with a sound-
level meter (Lutron SL 40001) before testing,
using the “slow” setting. 

The volume control on the hearing instru-
ment was reduced to minimum and then each
subject was asked to adjust the volume control
until the talker sounded the best. Once the pa-
tient adjusted the volume control to the preferred
level, the hearing instrument was removed, tak-
ing care not to disturb the volume control posi-
tion, and the 2-cc coupler gain was measured and
noted at 2000 Hz. Each participant completed
this trial twice. The average test-retest difference
was less than 1 dB for all three groups, and no
individual participant varied by more than 6 dB.
Experienced adults and children had test-retest
differences of 4 dB or less. One-way analysis of
variance (ANOVA) indicated no significant group
effects for test-retest differences (F (2,69) =
1.065; p = 0.35).

ANOVA on the differences between the PLL
and RLL for each subject, by subject group, indi-
cates significant differences between the three
groups (F (2,69) = 258.2, p = 0.000). Tukey’s
honestly significant differences test indicated that
the three groups differed from one another re-
garding their agreement between PLL and RLL.
Children had PLLs that were closest to the target
(or RLL) value with the mean PLL at 2 dB below
the DSL v4.1 target. Experienced adults were the
next closest, with a mean PLL 9 dB below target.
New adult hearing instrument users had the low-
est PLLs, which were 11 dB below target on aver-
age. In summary, roughly an 8-dB difference in
PLL was observed between the adults and chil-
dren, and PLLs in adults increase by a small but
significant amount with hearing instrument use.

Individual PLLs are shown against prescribed
gain levels in Figure 7. This figure allows exami-
nation of whether the PLL/RLL agreement has
any relationship to hearing threshold levels, be-
cause higher target levels are due to higher
threshold levels. Linear regressions were comput-
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Figure 7. Recommended vs preferred listening levels
(measured in 2-cc coupler gain at 2000 Hz) for three groups of
subjects: children (��), new adult hearing instrument users (∆),
and experienced adult hearing instrument users (�). Regression
lines (see text for details) are shown for each subject group,
along with a diagonal line at target listening levels.



ed for each subject group to further examine
whether deviation from target was best charac-
terized as a simple offset (i.e., by the y-intercept
being greater than zero) or an interaction with
target level (i.e., by the slope being significantly
different than unity). The resulting regression
lines are also shown in Figure 7, with 95% CIs for
each coefficient estimate shown in Table 3.
Results indicate that the children’s PLLs did not
deviate significantly from the DSL target, as indi-
cated by CIs for the regression coefficients sur-
rounding zero (for the y-intercept) and unity (for
the slope). Results for the experienced adults
were somewhat different for the experienced
adults, with a y-intercept CI spanning zero but a
slope below unity. This finding is consistent with
PLLs closer to DSL targets for milder losses.
Results for the new adult users indicated a slope
CI spanning unity, while the y-intercept was less
than zero. This finding is consistent with adult
new users requiring a fixed correction to the DSL
4.1 target to reach PLL, regardless of hearing
threshold level.

Implications for Prescription

This study found significant differences between
the new and experienced adult patients’ prefer-
ences. Some authors have suggested that ac-
climatization may play a role in determining
whether the loudness associated with hearing in-
strument fitting is acceptable to an adult
(Gatehouse, 1993; Turner et al., 1996; Munro
and Lutman, 2003), but others argue that ac-
climatization does not play a role (Keidser and
Grant, 2001). Proponents of the acclimatization
view would speculate that a new hearing instru-
ment user might prefer a lower listening level
than would be attainable after an acclimatization

period. The results of this study support this, al-
though the magnitude of change in the PLL was
small (2 dB on average). 

The results of this study also indicate that rec-
ommended volume control settings from the
DSL[i/o] Method closely approximate children’s
preferred listening levels for speech inputs of 60
dB A. This finding replicates the results reported
by Scollie et al. (2000). In both this study and the
Scollie et al. study, the children had worn hearing
instruments that had been fitted according to the
DSL target and therefore may have acclimatized
to this listening level. In contrast, Ching et al.
(1997) found that children who had worn the
NAL-RP prescription had preferred listening levels
that were closer to the NAL-RP recommended lis-
tening levels. 

The contrast between these findings is diffi-
cult to interpret for two reasons. First, the studies
used different levels of technology, different ver-
sions of fitting methods, and different ranges of
hearing levels. Second, it is not clear from these
findings whether children’s preferences are more
influenced by prior experience or by a develop-
mental requirement for a higher listening level.
The marked difference between the adult and
child preferred listening levels in this study may
indicate that inherent adult-child differences are
an important factor to consider in electroacoustic
prescription. 

These results also indicate that the DSL[i/o]
Method likely overestimates preferred listening
levels for adult hearing instrument users, with the
greatest overestimation observed for inexperi-
enced adults. These findings may be specific to a
60-dB speech level and do not speak to the lis-
tening needs of adults with severe-to-profound
hearing loss, as they were not tested in this study.
Regardless, these results make clear the concept
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Table 3. Confidence Intervals (95%) for Estimates of Regression Coefficients Derived 
by Comparing DSL Target Gain Levels With Preferred Gains of Three Patient Groups

New Adult Experienced
Children Users Adult Users

Lower Upper Lower Upper Lower Upper
Bound Bound Bound Bound Bound Bound

Y-intercept* 2.47 1.65 -13.7 -6.87 -5.36 0.27

Slope 0.9 1.01 0.86 1.09 0.7 0.88

*The y-intercept unit is the difference between target and preferred levels.



that adults and children with hearing loss have
distinctly different preferences for listening level
in addition to the different listening level re-
quirements for speech recognition performance
described above. This finding is perhaps consis-
tent with the under-target trend for at least some
adults in the study reported earlier in this chapter
and possibly explains some differences between
targets generated by more adult-focused pre-
scriptive formulas (e.g., NAL-NL1, CAMFIT) and
more pediatric-focused methods (e.g., DSL). A
comprehensive prescriptive approach would need
to consider that adults and children not only re-
quire, but also prefer different listening levels,
perhaps by generating different prescriptions
based on client age.

Description of the New Algorithm

Philosophy and Introduction to Version 5.0

The two principles underlying this revision of the
DSL [i/o] algorithm are (1) to implement evi-
dence-based revisions and/or additions to the ap-
proach described as the DSL [i/o] v 4.1 algorithm
(Cornelisse et al., 1995; Seewald et al., 1997),
and (2) to change the scope of computation in
the algorithm to support specific hypothesis test-
ing in pediatric hearing instrument research.
Goals for DSL v5.0 include:

• avoiding loudness discomfort during hearing in-
strument use,

• recommending a hearing instrument frequency
response that ensures audibility of important
acoustic cues in a conversational speech signal
as much as possible,

• supporting hearing instrument fitting in 
early hearing detection and intervention 
programs,

• recommending compression characteristics that
are appropriate for the degree and configura-
tion of the hearing loss, the technology to be
fitted, and that attempt to make a wide range of
speech inputs available to the listener,

• accommodating the different hearing needs of
listeners with congenital versus acquired hear-
ing loss,

• accommodating the different hearing require-
ments of quiet and noisy listening environments.

The motivation for the first principle is likely fa-
miliar to most readers, as it is the general ap-
proach—pose an algorithm, evaluate it, revise,
and begin again—taken by most authors of pre-
scriptive formulas. This cycle of development and
revision has, to date, seen both the DSL and NAL
families of prescriptive procedures move through
approximately four major revisions along with a
greater number of minor ones. In this chapter, we
will describe a further collection of such evidence-
based revisions in the areas of assessment data,
transform data, target mapping, target modifica-
tion, and targets for clinical verification of hear-
ing instruments using either speech or non-speech
test signals. This section of the chapter will focus
primarily on target generation, summarizing the
status of evidence that motivates each change.
Where evidence is limited, we will describe the
limitations and suggest directions for future eval-
uative research.

Assessment Data Revisions 

As discussed by Bagatto et al. (2005), the DSL
Method defines assessment data, such as audio-
metric thresholds, in real-ear sound pressure level
so that age-related external ear canal acoustics
are removed from the target generation process.
Therefore, the main revisions in the area of as-
sessment data were not conceptual in nature, but
rather, involved the adoption of new normative
data (described by Bagatto et al.) and calibration
standards. Other changes have included the de-
velopment of an interpolation routine to ad-
dress the issue of partial audiometric data and
the inclusion of specific corrections for electro-
physiologic estimates of infant thresholds.
These changes are summarized in the follow-
ing sections. 

New Calibration Standards

In DSL 4.1, the audiometric calibration values
were compiled from a variety of sources. In DSL
v5.0, audiometric calibration data are taken en-
tirely from ANSI (American National Standards
Institute, 1996), which is an ISO-harmonized
standard. This should facilitate consistent agree-
ment of the internal calculations used by DSL
with those used by audiometers, probe micro-
phone measures, and manufacturers’ software
packages. Two specific decisions were made,
given a choice of multiple values within the ANSI
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1996 S3.6 standard. First, the standard contains
more than one reference equivalent threshold
sound pressure level (RETSPL) for TDH-series
phones to include the 39, 49, and 50 forms of this
transducer. The stored data for TDH phones in
DSL v5.0 correspond to the TDH-50 values. The
remaining TDH calibration options agree closely
with these values. 

Second, the RETSPL for insert phones is
available for a variety of couplers: the HA1 cou-
pler, the HA2 coupler, and an occluded ear sim-
ulator (OES; ANSI, 1996). Further, the HA2 cou-
pler described for use in audiometric calibration
has a shorter tubing length than is used for cou-
pler measurement of BTE hearing instruments
because it does not include the earmold simula-
tor (ANSI, 1996). DSL must derive target values
for BTE hearing instruments for infants and chil-
dren, so this coupler definition difference had to
be resolved. We have therefore taken the follow-
ing steps:3

• the insert phone RETSPL for the occluded ear
simulator (OES) defines the normal hearing
threshold used in the prescriptive algorithm,

• the difference between the OES and the HA1
RETSPLs was calculated and used to define an
average adult RECD,

• this RECD is used within the HL-to-SPL trans-
form for insert phones, whenever average adult
data are used. 

This solution has several advantages. First, it de-
fines a minimum audible pressure curve that is in
agreement with the calibration levels of a stan-
dardized audiometric transducer. Second, it al-
lows the RETSPL and the RECD to be defined for
the same coupler. Third, it ensures that ear canal
threshold values will be in agreement across au-
diometers, regardless of the coupler type (i.e.,
HA1, HA2, OES) used during audiometric cali-
bration. Overall, this avoids calculation errors
that could arise from poorly considered defini-
tions of couplers and normative RECD values.

Clearly, these modifications will cause some
change to the DSL targets independently of any
revisions made to the prescription algorithm it-
self. The impact of these modifications was in-

vestigated by calculating hearing instrument pre-
scriptions using the DSL 4.1 algorithm, using both
the DSL 4.1 and ANSI (1996) calibration values.
An audiogram of 0 dB HL was used to ensure that
observed changes were due to adjustments in au-
diometric calibration standards rather than being
reduced or altered by gain and/or compression.
Across frequencies, the target-to-target differ-
ences are no greater than 1.5 dB at a given fre-
quency for both speech-level targets and predict-
ed upper limits of comfort (see Figure 8). 

Electrophysiologic Estimates of Thresholds 

If audiometric thresholds are obtained using elec-
trophysiologic rather than behavioral measures,
other corrections may be required. DSL v5.0 will
support data entry from electrophysiologic mea-
sures of thresholds using the frequency-specific
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Figure 8. Comparison of DSL v4.1 targets derived using
ANSI 1989 and ANSI 1996 audiometric calibration
standards. Filled symbols represent targets generated using
ANSI 1989 values and open symbols show targets from
ANSI 1996. The solid and dashed lines without symbols
represent minimum audible pressure (MAP) values used in
DSL v4.1 and ANSI 1996 occluded ear simulator (OES).

3We gratefully acknowledge the significant
contributions of Bill Cole, president, Etymonic Design,
Inc., in developing this solution.



auditory brainstem response (ABR). Clinicians
may enter data in the normalized HL (nHL) scale
or in the estimated HL (eHL) scale (see Bagatto et
al., 2005 for a discussion of these terms). If the
nHL scale is used, stored DSL algorithm correc-
tions can be used to convert nHL data to a dB eHL
reference. Alternatively, clinicians can enter their
own (custom) dB nHL-to-dB eHL correction val-
ues. The DSL 5.0 default nHL-to-eHL correction
values were derived on a sample of children who
were tested using linearly gated 2-1-2 cycle tone
bursts, calibrated according to Stapells’ recom-
mendations (Stapells et al., 1990; Stapells, 2000).
A detailed description of this project is available
in this issue (Bagatto et al.). Clinicians who test
using ASSR procedures are advised to ensure that
the ASSR system is applying an nHL-to-HL cor-
rection that is valid for use with infants who have
hearing loss. If this is the case, data may be en-
tered directly into DSL by using the eHL scale. No
further correction will be applied when the eHL
scale is used. The eHL designation is simply used
to mark the thresholds as estimated rather than
behaviorally measured.

The end result of assessment data handling is
the transformation of clinician-entered thresholds
in dB HL (and loudness discomfort levels, if avail-
able) to a reference in ear canal SPL. In pediatric
audiology, it is common to have partial audio-
metric data, especially at the beginning of the au-
diologic confirmation process. Typically, clinical
practice guidelines recommend obtaining at least
two threshold data points before hearing instru-
ment fitting (The Pediatric Working Group,
1996). This is supported by DSL v5.0 by comput-
ing targets based on as few as two thresholds,
with interpolation to produce targets at the fre-
quencies in between the assessed thresholds. This
provides the clinician with a complete, or nearly
complete, set of target criteria for the purpose of
selecting initial hearing instruments. It should be
noted, however, that interpolated threshold val-
ues are not reported by the software so that con-
fusion does not arise about which thresholds have
or have not been directly measured. The impact
of this strategy is that partial audiometric data
can be used to generate a complete spectrum of
targets across frequencies. 

Definition of Inputs 

An important starting point for this revision was
the definition of speech inputs for use in defining

a functional range of speech in hearing instru-
ment prescription. Several studies have examined
changes in the overall level and spectral shape of
speech as vocal effort level changes (Pearsons et
al., 1977), taking into account the impacts of age
(Cornelisse et al., 1991; Pittman and Stelma-
chowicz, 2003), gender (Cox and Moore, 1988),
language (Byrne et al., 1994), and self-speech vs
speech of others (Cornelisse et al., 1991; Pittman
and Stelmachowicz, 2003). These reports provide
important details to supplement our knowledge
of the average level and shape for conversational
speech at a distance of 1 meter (Cox and Moore,
1988).

Effects of Vocal Effort

As vocal effort level increases from “casual” to
“shouted,” the overall level of speech increases
from about 56 dB to 84 dB SPL re: free field, on
average across men, women and children
(Pearsons et al., 1977). The spectral shape of the
speech also changes from a low-frequency em-
phasis to a mid-frequency emphasis—shouted
speech peaks in the range of 1250 to 1600 Hz
rather than the 500-Hz peak characteristic of nor-
mal vocal efforts. Conversational-level speech, or
speech with a normal vocal effort, is most often
measured from a distance of 1 meter. This type
of speech has been reported as having an overall
level of nearly 60 dB SPL in studies reported on
the topic (Pearsons et al., 1977; Cox and Moore,
1988). Other levels are more typically used in
hearing instrument prescriptions and/or fitting
equipment, however. An overall level of 70 dB
SPL is common, even though it is an estimate of
a vocal effort level somewhat between “raised”
and “loud” rather than “conversational.” This is
likely due to historical reasons. The 70-dB esti-
mate was conceived when linear gain hearing in-
struments were popular, and it was generally ac-
cepted that people tended to raise their voices
when speaking to someone wearing a highly vis-
ible hearing instrument. The convention of using
70 dB SPL to define average speech inputs has
led several authors to report a version of their
measured spectrum that has been adjusted to an
overall level of 70 dB SPL (Cox and Moore,
1988; Cornelisse et al., 1991; Byrne et al.,
1994). As well, most commonly used generic
prescriptive formulas use an overall level of 70
dB SPL to define conversation-level speech in-
puts for WDRC targets as well as the input level
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in target gain calculations for use with linear
hearing instruments (Seewald et al., 1993;
Ching et al., 1997; Seewald et al., 1997; Dillon,
1999). For linear fittings, use of a somewhat
higher level may be warranted to prevent hear-
ing instrument rejection because of loudness dis-
comfort during raised vocal efforts of conversa-
tional partners.

In the current era of hearing instrument pre-
scription, however, we may wish to acknowledge
a few major changes. First, hearing instruments
now offer some degree of level-dependent pro-
cessing for most degrees of hearing loss, allowing
the hearing instrument to adjust itself for a range
of speech input levels. Second, hearing instru-
ments are now smaller and less visible than in
previous years, even in the BTE category, for most
levels of hearing loss. Together, these two devel-
opments may adjust our priority away from the
traditional 70 dB SPL estimate of conversational
level speech and toward attempting to provide
support for communication with a conversational
partner who is using a normal vocal effort. This
change would be in better agreement with the
test levels used by the Speech Intelligibility Index
(ANSI, 1997).

These considerations motivate several
changes in the definition of “speech” in the DSL
Method. Figure 9 illustrates some of the speech
spectra assumed by DSL v4.1 compared with cor-
responding spectra assumed by version 5.0.
Version 4.1 had the goal of fitting the widest pos-
sible range of inputs into the residual auditory
area of the listener (Cornelisse et al., 1995).
Accordingly, the widest possible range of speech
spectra was selected to illustrate the widest pos-
sible effect of WDRC technology. The “loud” esti-
mate was selected from the “shout” vocal effort
data averaged across men, women, and children,
reported by Pearsons et al. (1977).4 The “soft” es-
timate is similar to the “casual” vocal effort data
from the same data set. The “average” speech
spectrum was, for pediatric hearing instrument
fittings, an arithmetic average of two speech spec-
tra reported by Cornelisse et al. (1991). The first
spectrum was the speech of men, women, and
children measured from 1 meter, with an average

vocal effort adjusted to match an overall level of
70 dB SPL. The second spectrum was the levels
of children’s speech (72 dB SPL) measured at the
location of a BTE hearing instrument microphone
placed on the talker (i.e., an estimate of self-
speech, see below for more information). These
two spectra were arithmetically averaged5 to se-
lect a speech spectrum that was midway between
the two per 1/3-octave band. This compromise
was termed the “UWO Child” speech spectrum
and is used to reflect the notion that children
spend some of the time listening to the speech of
others and some of the time listening to their own
speech. The UWO Child spectrum was also ad-
justed to have an overall level of 70 dB SPL.
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Figure 9. Unaided long term average speech spectra
assumed by the DSL Method in versions 4.1 (thin lines) and
5.0 (thick lines) when representing low-, moderate-, and high-
level speech. See text for specific details regarding sources and
overall levels.

4Data from the Pearsons study have also been re-
published, in part, by Olsen (1998) in order to facilitate
access to the results of the study.

5Because this was not intended to determine the average
decibel level of the two spectra combined, power
addition was specifically not done in this calculation. 



Several of these decisions have been revised
in developing DSL v5.0 (Figure 9). The soft
spectrum has an overall level of 52 dB SPL, se-
lected from the overall level of casual speech pro-
duced by women (Pearsons et al., 1977). How-
ever, the Pearsons et al. spectra for casual vocal
effort levels show likely noise floor contamination
above 3150 Hz, as indicated by a steadily rising
spectrum that is not consistent with the typical
spectral shape of speech signals. Therefore, we
chose the spectral shape associated with normal
vocal effort and attenuated it to have an overall
level of 52 dB. The “conversation” spectrum is the
average spectrum reported by Cox and Moore
(1988) at an overall level of 60 dB SPL. The
“loud” spectrum is derived from loud speech of
men, women, and children and has an overall
level of 74 dB SPL (Pearsons et al., 1977). 

The change to the loud spectrum was made
for several reasons. First, the descriptor loud is
more accurate if the corresponding vocal effort
level is used. Second, we felt that loud speech is
more frequently encountered in real communica-
tion situations than is shouted speech. Finally, we
wanted to provide a set of targets that could be
used within probe-microphone verification
and/or loudness rating protocols that would
allow clinicians to detect and troubleshoot loud-
ness problems. Shouted speech does not allow
this, because even normally hearing listeners are
apt to rate it as uncomfortably loud (see also
Figure 2). In contrast, normally hearing listeners
would likely rate 74 dB speech as either “loud but
OK” or “comfortable but slightly loud.” Therefore,
clinicians who wish to assess loudness normal-
ization and acceptability will be better able to de-
tect problematic loudness if a 74 dB SPL rather
than an 82 dB SPL speech signal is used.
Similarly, use of a 60 dB SPL level to represent
conversational speech may be more likely to elic-
it a normal loudness rating of “comfortable,” al-
lowing the clinician to assess loudness comfort
more directly than if a 70-dB speech signal is used
(see also Figure 2). Finally, it is likely that speech
at other input levels may be of interest. Therefore,
clinical applications of DSL v5.0 may support gen-
eration of targets for levels other than these three
pre-defined spectra.

Speech of Other Talkers versus Own Speech

All of the spectra discussed above pertain to re-
ceiving speech from other talkers. For children,

monitoring of their own speech is an important
component of learning to produce spoken lan-
guage. Acoustically, one’s own speech reaches
one’s own ear, allowing a child to hear his or her
own vocal productions, at least for children with
normal hearing. For a child with hearing loss, the
self-speech spectrum may not be high enough in
level to allow self-monitoring, particularly at the
high frequencies where speech levels are typically
low and hearing thresholds are typically elevated.

Specific spectra for self-speech were original-
ly described by Cornelisse et al. (1991). In DSL
v5.0, the child self-speech spectrum from
Cornelisse et al. is used for children aged 5 to 18
and is reduced by 3 dB for children younger than
age 5 (Pittman and Stelmachowicz, 2003). For
adults, self-speech is defined from the adult spec-
trum, also reported by Cornelisse et al. Unlike
previous versions of DSL, in DSL 5.0 these self-
speech spectra are not used to prescribe targets
for frequency shaping but can be used to generate
descriptions of the aided levels of self-speech. This
is in part due to the prevalent use of multichannel
compression. In DSL 3.1, linear gain hearing in-
struments were optimized to handle a spectrum
midway between that of self-speech and speech
from others by changing the frequency-gain func-
tion. Multichannel compression can be expected
to better accommodate the rapid changes be-
tween receiving the two forms of speech than this
older, linear gain strategy. Therefore, we have re-
moved the self-speech input option from compu-
tations that drive frequency shaping. This change
does not alter the high-frequency gain require-
ment for WDRC instruments.

Removing the self-speech spectrum from the
frequency-gain calculations does not diminish the
importance of optimizing auditory self-monitor-
ing in pediatric hearing instrument fitting. Recent
research indicates that high frequency audibility
is an important factor in the speech and language
development of children with hearing loss
(Stelmachowicz et al., 2004). Rather, we wish to
think differently about the technologies that may
be applied to achieve good audibility of a child’s
own speech. To support this, we encourage the
use of multichannel compression and provide tar-
get spectra that describe the audibility of self-
speech, assuming that the hearing instrument is
set to the DSL 5.0 targets for the speech of others.
Such information can be important in trou-
bleshooting developmental deficits in the pro-
duction of specific speech sounds or for guiding
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the development of verification systems that sim-
ulate “own speech” as a test condition. 

Summary and Implications

The two sections above have explained the de-
tailed rationales for selecting certain speech spec-
tra as points of reference within the DSL Method.
More specifically, they have discussed several
changes in philosophy that have been made from
the 4.1 iteration of DSL to the current version 5.0.
Two primary changes have been made. First, the
range of input levels that receive primary pre-
scriptive consideration now extends from 52 to
74 dB SPL rather than extending to shouted levels
of speech at 82 dB SPL. Second, the conversa-
tional speech spectrum is now referenced to 60
dB SPL and is no longer shaped to reflect the
spectrum of one’s own speech. These reference
speech targets will be applied in the next section
in a revised nonlinear prescriptive algorithm.

Target Generation

As described by Seewald et al. (2005) in this
issue, the DSL[i/o] algorithm is a generic pre-
scriptive algorithm that computes targets for
hearing instrument performance that are matched
to the hearing threshold levels, age, and hearing
instrument fitting characteristics of the individual
hearing instrument user. Version 4.1 of DSL was
designed with a WDRC stage at each frequency.
That is, the algorithm was not originally devel-
oped to include a compression threshold, nor did
it account for the effects of multichannel vs sin-
gle-channel compression. Clinical application of
DSL 4.1 used specific input levels for speech-
weighted signals and did not employ a binaural
correction, venting corrections, or adjustments for
conductive losses. In the following sections, we
will describe several modifications to the
DSL[i/o] algorithm within DSL v5.0. The modifi-
cations described below use the DSL[i/o] algo-
rithm as a starting point, with additional consid-
eration given to the structure of the input/output
plot to include multiple stages of processing as
well as new definitions for output limiting, com-
pression thresholds, and adjustments for the in-
dividual profiles of hearing instrument users who
may have congenital or acquired hearing losses,
monaural or binaural fittings, and who may use
single or multiple channels of compression in ei-
ther quiet or noisy environments.

The DSL[i/o] algorithm comprises a very
broad compression phase that begins at 0 dB HL,
reflecting the goal of loudness normalization
(Cornelisse et al., 1995). An illustration of this
target approach is provided in Figure 10 for a
hearing threshold level of 50 dB HL. In clinical
applications of the DSL[i/o] algorithm, higher
compression thresholds could be applied to re-
flect the actual compression characteristics of
the fitted hearing instrument, but the [i/o] al-
gorithm itself attempts to make audible a very
broad range of inputs. In DSL v5.0, we use the
DSL[i/o] algorithm as a starting point but mod-
ify it to apply WDRC to a somewhat smaller
input range. These inputs are specifically select-
ed to be those that are most important for func-
tional communication.
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Figure 10. The DSL[i/o] target input/output function
(thick line) for a 50 dB HL threshold at 1000 Hz, com-
puted using a loudness normalization strategy. The
input levels are plotted in dB SPL in the sound field
(SF). The output levels are plotted in dB SPL in the real
ear (RE). The dashed lines represent the limits of the
auditory area at this frequency. The diagonal line
represents unaided signals (unity gain). Detection
thresholds have been converted to dB RE SPL and used
to predict upper limits of comfort (both shown by
dashed lines).



To achieve this, we have developed a multi-
stage input/output (m[i/o]) algorithm that in-
cludes four stages of processing: (1) expansion,
(2) linear gain, (3) compression, and (4) output
limiting (Figure 11). These m[i/o] stages reflect
conventional digital signal processing for ampli-
tude control in many modern digital hearing in-
struments. The multistage algorithm uses prede-
fined input ranges to delineate the four process-
ing stages. For example, the compression stage is
intended to include some or all of the conversa-
tional speech range, with fewer of the softer in-
puts of the speech range included in the com-
pression stage as hearing levels increase. The
input stages are then grouped across frequencies
according to the channel structure of the hearing
instrument. The final result of these computations
is a series of target input/output functions that
define how a multichannel, multistage device
should respond to speech inputs across vocal ef-
fort levels. The following sections will describe
how each stage is computed, how the general
strategy is modified to take into account how
older and younger hearing instrument users’
needs differ, and how quiet and noisy environ-
ments are handled by hearing instrument signal
processing.

Output Limiting 

Generic hearing instrument prescriptions must
define generic output limiting targets, despite the
large differences between methods, for the clini-
cal verification of output limiting vs manufactur-
ers’ internal definition of output limiting and
hearing instrument signal processing for high-
level real-world signals. Clinically, hearing in-
strument output limiting is typically measured
with a high-level (i.e., 90 dB SPL or greater) nar-
rowband test signal input. In contrast, hearing in-
strument manufacturers create software parame-
ters that control the output levels of the device it-
self, often according to the internal definition of
output used by the signal processor. This is de-
fined per channel and may be specific to peak
levels, RMS levels, or both peak and RMS levels,
which can be expected to differ by 5 to 10 dB, de-
pending upon the channel structure of the hear-
ing instrument (Dillon, 2001). Mismatches be-
tween a generic target and the programmed
and/or verified maximum output of the hearing
instrument may therefore result if two different
definitions of maximum output are compared. An
illustration of this is shown in Figure 12. A single-
channel hearing instrument with output compres-
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Figure 11. Conceptual illustration of the computational stages included in the DSLm[i/o]
algorithm. WDRC = wide-dynamic-range compression.
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sion limiting and an adaptive release time was
measured with both a pure-tone sweep at 90 dB
SPL and with a 2-minute passage of speech6 at 83
dB SPL. Based on input/output functions, this
hearing instrument was in saturation for the both
the pure tone and the speech signal. Both mea-
sures may therefore be considered estimates of the
maximum output of this hearing instrument. 

The amplified speech signal was analyzed to
derive the long-term average speech spectrum,

measured in dB RMS per 1/3-octave band, and
the peaks and valleys of speech, measured as the
99th and 30th percentiles in the amplitude distri-
bution per 1/3-octave band, over the entire 2-
minute sample, with an FFT time window of 125
msec. These speech analyses are generally con-
sidered standard measurement definitions for the
electroacoustic analysis of the spectrum and dy-
namic range of speech. Equivalent methodology is
used in describing the speech spectrum and dy-
namic range by the literature that is frequently
used to define our knowledge of the speech input
signal to hearing instruments (Cox, 1985; Cox et
al., 1988; Cox and Moore, 1988; Byrne et al.,
1994; Olsen, 1998). The 99th percentiles of the
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Figure 12. Electroacoustic evaluation of two high-level signals measured on the same hearing
instrument. Displayed curves indicate the measured levels of an aided 90 dB SPL pure-tone
sweep (*), the aided dynamic range (thin lines) and long-term average speech spectrum (thick
line) of speech are presented at 82 dB SPL. Insets show input/output plots for the same aid,
measured for speech-weighted noise (right) and pure tones (left) at 500 (*), 1000 (��), 2000
(��), and 4000 Hz (+).

6For details of instrumentation and methodology, see
Scollie and Seewald (2002).



amplitude distribution are generally used to de-
fine the peaks of speech (Dunn and White, 1940),
which may be an appropriate measurement of
maximum output levels for a speech signal
(Scollie and Seewald, 2002). The distance be-
tween the 99th percentile and the LTASS defines
the crest factor of the speech signal. 

Both RMS and percentile-based analysis of
speech can be used in combination with pure tone
or other narrowband measures to assess maxi-
mum output in several ways. First, note in Figure
12 that the aided pure-tone sweep produced the
highest levels of all estimates of hearing instru-
ment output. Second, note that the aided pure-
tone sweep is a close estimate of the aided peaks
of speech in those frequency regions that corre-
spond to the peak gain and output area of this
hearing instrument’s frequency response (i.e.,
1000 to 4000 Hz). Third, note that the aided
LTASS measurement is approximately 10 to 15
dB below the aided peaks of speech and much
further below the aided pure-tone measurement.
Depending upon which estimate is used, the max-
imum output of this hearing instrument could be
considered to be 112 dB SPL, 108 dB SPL, or 96
dB SPL. The first two values are narrowband,
short-duration measures (or a close approxima-
tion to this), while the third, lowest value, is with-
in a broadband long-term average spectrum. This
speaks to the importance of a specific definition
of measurement type when discussing maximum
output, particularly with the advent of digital
hearing instruments that use broadband and/or
multichannel output limiting strategies. 

Version 5.0 of DSL provides three variables
that may be used in defining output limiting: (1)
the user’s narrowband upper limits of comfort
(ULC), which should not be exceeded by any
aided narrowband signal regardless of input
level; (2) targets for narrowband inputs of ex-
actly 90 dB SPL—these targets may be slightly
below the upper limits of comfort if the hearing
instrument is not fully saturated by a 90-dB
input; and (3) a broadband output limiting
threshold (BOLT). This BOLT value, although in-
tended for use with broadband inputs, is also de-
fined per 1/3-octave band so that it may be used
as a frequency-specific limit within spectral
analyses of speech. Each of these target types
may be used for slightly different purposes, de-
pending upon the test signals at hand, and/or the
user’s knowledge of the signal processing char-
acteristics of the hearing instrument to be test-

ed. Clinical applications of DSL v5.0 may offer
one, some, or all of these options so that an ap-
propriate target can be provided.

Narrowband Output Limiting Targets

Narrowband predictions of the listener’s ULC are
best compared to narrowband hearing instrument
measurements. The goodness-of-fit to this type of
target may be assessed by clinicians (i.e., using
electroacoustic measurements) or by hearing in-
strument manufacturer’s fitting modules (i.e., to
set narrowband output limiting controls within
the hearing instrument’s signal processor). Test
signals that are appropriate for electroacoustic
measurements include pure tones, warbled pure
tones, and measurements of short duration, high-
level components of speech. The fit-to-targets
goal is that the measured levels should not ex-
ceed the predicted ULC. This type of target has
been used within the DSL Method for several ver-
sions (Seewald et al., 2005). The targets are gen-
erated by a quadratic equation that relates ear
canal thresholds to the predicted ULC and limits
the predicted values to a maximum of 140 dB SPL
in the ear canal. These equations are available as
predictions within DSL v5.0, or may be replaced
with measured ULC values, if available.

Broadband Output Limiting Targets

The BOLT defines the frequency-specific satura-
tion kneepoint for the 1/3-octave band RMS lev-
els of speech signals. This variable is computed to
allow the calculation of a frequency-specific satu-
ration stage, while also acknowledging that the
input signal is broadband. The BOLT is useful
when prescribing hearing instruments that em-
ploy broadband output limiting or when making a
1/3-octave band analysis of aided high-level sig-
nals for comparison to target levels.

The BOLT level is placed at a fixed level
below the narrowband ULC. This fixed distance
between the BOLT and the ULC was defined
through a combination of literature review and
data re-analysis. Literature review was targeted
at (1) the relative success of hearing instrument
fittings employing a known output limiting strat-
egy, (2) comparison of the DSL-predicted ULCs
to those of other prescriptive formulas, and (3)
loudness summation for high-level narrowband
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versus broadband signals. Research indicates that
hearing instruments with appropriate narrow-
band output limiting are successful in avoiding
loudness discomfort in real-world use (Dillon and
Storey, 1998; Munro and Patel, 1998). Also, com-
parison of the experimentally validated NAL pre-
scription of output limiting with the DSL-pre-
scribed ULCs indicates that they are highly similar
(see Figure 13). Both of these findings, along with
the appropriate loudness results obtained with
linear and WDRC fittings in our laboratory
(Jenstad et al., 1997), encourage us to maintain
the DSL-predicted ULC equations. 

To supplement the narrowband ULCs with an
additional broadband target, two questions had
to be answered. First, how far below the narrow-
band ULC should the long-term average speech
spectrum be limited to avoid loudness discom-
fort? Second, how much compression of the un-
aided crest factor of speech is observed in nonlin-

ear hearing instruments? By considering these
two factors in combination, we arrived at a solu-
tion that simultaneously allows the peaks of
speech to be placed at or near the ULCs (as
shown in Figure 12), yet limits the LTASS to a
level that would not be inappropriately loud.
Bentler and Pavlovic (1989) found that the
threshold of discomfort for an 8-component pure-
tone complex was 16 dB below the threshold of
discomfort for a single pure tone. Pure-tone
thresholds of discomfort are typically compared
with the peaks of speech, which are assumed to
be 10 to 15 dB above the RMS levels of speech.
Therefore, this experimental result may be best
interpreted as a requirement to place the RMS
levels of speech approximately 16 dB below the
threshold of discomfort, which places the peaks
of speech 1 to 6 dB below the threshold of dis-
comfort. For the purposes of DSL v5.0, we will
take the median of this range and assume 3 dB of
broadband loudness summation after accounting
for the crest factor of speech. 

An accurate prescription of this 3-dB goal re-
quires knowledge of the actual crest factor (i.e.,
the difference between the peaks and LTASS of
speech) observed in hearing-aid-processed
speech. Raw data describing the aided LTASS
from a set of 41 linear and nonlinear hearing in-
struments has been previously reported (Scollie
et al., 2001). The recordings from this study were
re-analyzed to determine the peaks of speech (for
the 82 dB SPL stimulus). The difference between
the speech peaks and the previously reported
LTASS data was computed to estimate the crest
factor for each hearing instrument. The average
crest factor per frequency ranged from 9.2 to 13.9
dB, across all hearing instruments in the sample.
A subset of hearing instruments was selected to
determine the maximum effects of compression
in 6 fast-acting7 nonlinear devices and 13 linear
devices fitted to equivalent audiograms. Figure
14 (panel a) shows the mean crest factors for 
four test frequencies along with standard devia-
tions. The mean crest factors between the two
groups of hearing instruments differ by no more
than 1.6 dB, and the range of ±1 standard devi-
ation overlaps considerably at all test frequen-
cies. Similar results were found for a comparison
of linear and multichannel hearing instruments:
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Figure 13. Target real-ear aided response (REAR)
levels for four frequencies from two prescriptive formulas
(DSL[i/o] and NAL-NL1) for flat hearing threshold levels
ranging from 0 through 110 dB HL. Target calculations
assume an adult user, TDH phones, and a behind-the-ear-
style hearing instrument with one channel.

7Defined as having release times less than 100 msec.



crest factors differed by no more than 1.9 dB,
with the range of crest factors overlapping con-
siderably between the two groups of devices
(Figure 14, panel b). Planned comparisons with a
Bonferroni correction indicated that no statisti-
cally significant differences existed between the
crest factors observed for high-level speech be-
tween linear and fast-acting nonlinear hearing
instruments.

Based on these data, the average crest factor
of speech is approximately 10 dB when processed
by conventional hearing instruments. Although
this estimate changes somewhat between hearing
instruments, the changes cannot be reliably at-
tributed to either fast-acting compression effects
or multichannel signal processing, at least as they
are quantified and/or described by conventional
standards. Therefore, the BOLT has been set at
13 dB below the ULC in DSL 5.0. This corre-
sponds with a hearing instrument fitting that
places the peaks of speech 3 dB below the ULC.
The addition of the BOLT to the i/o algorithm de-
fines the limiting stage displayed in the
DSLm[i/o] target function for 1/3-octave bands
of speech (Figure 15). The addition of the BOLT
parameter to the algorithm should result in a pre-
scription that limits the output of speech signals
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Figure 14. Comparison of measured crest factor for speech from linear hearing instruments vs either nonlinear,
fast-acting hearing instruments (a) or nonlinear, multichannel hearing instruments (b).

Figure 15. Comparison of DSL[i/o] and DSLm[i/o] target
input/output functions, shown as thick and thin lines
respectively. The dashed lines mark the detection thresholds and
upper limits of comfort. The target level for 60-dB speech in this
band is also shown for reference (�). See Figure 10 for fitting
details. RE = real ear; BOLT = broadband output limiting
threshold; WDRC = wide-dynamic-range compression.



more appropriately by taking into account the
headroom required for speech signal processing.

Compression

Compression is used in hearing instrument signal
processing for two general purposes: (1) WDRC,
an automatic volume control that acts gradually
over a wide range of input levels, sometimes ad-
justed with the goal of normalizing loudness per-
ception; and (2) output compression limiting
(OCL), an output limiter that uses a high com-
pression ratio to prevent high-level inputs from
saturating the hearing instrument receiver and/or
exceeding a user’s ULC. For the purposes of this
document, the OCL form of compression is con-
sidered a form of signal processing used to meet
output-limiting targets (see previous section). The
remainder of this section will focus on the WDRC
form of compression.

The DSL[i/o] algorithm used a specific ap-
proach to the use of WDRC, in which normal-
ization of frequency-specific loudness was the
goal. The algorithm computed a narrow-band,
curvilinear, target input-output function that
would amplify all input levels to a normal loud-
ness (see Figure 10, see also Seewald et al.,
2005). This loudness mapping procedure was re-
peated at each audiometric frequency, resulting
in a series of nine input/output plots that were
used to prescribe frequency responses at any
input level.

In the DSLm[i/o] algorithm, the specific ap-
proach is not necessarily that of loudness nor-
malization for two reasons. First, current loud-
ness models do not account for the adult-child
differences in preferred listening level reported
earlier in this chapter, nor for the developmental
differences in listening requirements that are ev-
ident in the literature. Second, loudness normal-
ization attempts to make all sounds audible and
normally loud. It is not likely that this is an ap-
propriate goal for low-level background noise,
nor is it an attainable goal given the noise floor of
most hearing instruments. Therefore, we wish in-
stead to use compression processing to meet the
goals of providing audibility and comfortable
loudness of important speech cues, given some
consideration for the general limits of hearing in-
struments and the limited dynamic range of the
individual hearing instrument user. This requires
consideration of conversational speech and the
range of speech across vocal effort levels, and

building a compression stage that spans as much
of this as possible. 

The process begins with the computation of
the DSL v4.1: DSL[i/o] prescription, limited as
described above. This is followed in DSL v5.0:
DSL m[i/o] by prescription of a compression
threshold and the definition of gain for speech
within the compression region. These two com-
putations will be described below.

Prescribing the WDRC 
Compression Threshold (CT)

The first step in this process is to define the low-
est speech level that can reasonably be considered
a candidate for WDRC processing in real hearing
instruments worn in real environments. This
functions as a prescribed compression threshold
that should be attainable with conventional tech-
nology. More ambitious goals for WDRC can be
incorporated into DSL 5.0 by overriding the cal-
culated levels. It should be noted that this degree
of matching the target CT to the actual CT of the
hearing instrument may require a software-as-
sisted approach to be clinically feasible. As well, it
may require a closed and well-fitted earmold
and/or an effective feedback controller for the in-
strument to be wearable without feedback. The
WDRC CT, like other variables in the m[i/o] tar-
get function, are defined as 1/3-octave band lev-
els of speech. The prescribed overall levels of the
compression thresholds range from approximate-
ly 30 dB SPL to about 70 dB SPL re: free field, as
a function of hearing level (Figure 16).

The rationale for the compression threshold
is, by necessity, largely hypothesis-based. Very lit-
tle evidence exists that determines an appropri-
ate compression threshold prescription, particu-
larly as it would relate to single vs multichannel
compression devices. Therefore, the six points
shown in Figure 16 are proposed as initial start-
ing points for compression thresholds in this ver-
sion of DSL. The third-order polynomial function
that runs through them is proposed as a nonlinear
function that can be used as a prescription algo-
rithm. This strategy requires experimental valida-
tion, both of the general concept (i.e., that com-
pression threshold should vary as a function of
hearing level) and the specific values used.

The compression threshold is intended to
keep the gain in the hearing instrument high,
even at low inputs, so that low-level speech
recognition is supported. This adjustment is made
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assuming that the compression ratio will also in-
crease as hearing loss increases, as already com-
puted by the DSLm[i/o] algorithm. The points of
0 and 15 dB HL were set to 15 dB above the
sound field calibration level for 0 dB HL as a com-
promise between audibility for low-level speech
vs low-level background noise in relatively quiet
environments. For listeners with losses of about
40 dB HL, DSL-based WDRC fittings allowed ceil-
ing speech recognition and loudness normaliza-
tion for speech at an input level of 48 dB SPL
(Jenstad et al., 1999; 2000). The remaining
points were determined through review of attain-
able and successful pilot WDRC fittings in our lab-
oratory that attempted to maintain the compres-
sion stage across as broad a speech input range
as possible. For severe-to-profound hearing loss-
es, the fitting goal was modified to use WDRC as
a means for controlling the loudness of high-level
speech. For application in the frequency-specific
target i/o plots, this overall strategy was convert-
ed to use ear canal SPL thresholds rather than HL
thresholds and was applied using frequency-spe-
cific levels of speech and threshold level.

Polynomial fits were re-computed for each fre-
quency. The final product of this work is a series
of frequency-specific equations that relate hear-
ing threshold level to a prescribed compression
threshold. For steeply sloping losses, a higher
compression threshold is prescribed in the high
frequencies vs the lower frequencies. Therefore,
at each frequency, the input range associated
with WDRC processing is defined as the range be-
tween CT and the first input level that would be
limited by either the long-term average speech
spectrum at BOLT or the peaks of speech at ULC.

As mentioned earlier, the notion of prescrib-
ing a variable CT based on hearing levels is a
new, hypothesis-driven aspect of DSL v5.0.
Experimental evaluation of this feature is neces-
sary. In clinical implementation of DSL v5.0, the
prescribed compression threshold can be either
used or overridden with a modified compression
threshold. This may be an important factor to
consider when using DSL v5.0 with some tech-
nologies. For example, when fitting WDRC tech-
nology for severe and profound losses, it may be
possible to use a lower CT than recommended by
DSL if the higher gains can be achieved without
feedback. In fittings with well-fitted earmolds
and/or effective feedback cancellation schemes,
such a strategy may be well worth pursuing.

Prescribing Gain Within the WDRC Stage

The second step in the process is to prescribe the
gains that should be applied within the WDRC
stage. Target levels and compression ratios are
initially computed using the DSL[i/o] algorithm.
However, recall that this algorithm reflects an en-
tirely compressive goal of hearing instrument fit-
ting. The DSL m[i/o] algorithm restricts the input
range over which this compressive algorithm is
applied by using the HL-dependent algorithm for
CT described above. Therefore, the DSL[i/o] al-
gorithm is used to compute a target for speech at
60 dB SPL, unless this would fall below the
WDRC CT. If this occurs, the level of the CT is
used. The WDRC stage is then defined as the
straight line with a slope that equals the com-
pression ratio target that passes through this
DSL[i/o]-derived speech target. The WDRC stage
ends where it meets the limiting stage on the
upper side and terminating at the CT on the lower
side (see Figure 15). Below this level, a linear
gain rule is applied. Above the BOLT level, the i/o
function is limited with an infinite ratio.
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Figure 16. Relation between hearing threshold levels (dB HL)
and proposed input levels (dB SPL in the sound field) for the
wide-dynamic-range compression (WDRC) threshold. The solid
line is a third-order polynomial fit to a set of hypothesized
compression threshold values (�). Dashed lines indicate the
range of speech inputs considered by DSL 5 (i.e., 52 and 74 dB
SPL), for reference.



If the hearing instrument also offers expan-
sion, the linear stage may be limited to span only
the input range between the compression thresh-
old and a point that is 10 dB below the RMS level
of soft speech. It is assumed that input signals
below this level are likely background noise. As
with the compression threshold, the expansion
threshold can be overridden with the known
threshold used by the device. Below the expan-
sion threshold, an expansion stage is computed
with a nominal expansion ratio of 1/10. This
stage of processing produces negative gain tar-
gets, and should therefore be disabled when
working with hearing instruments that do not
offer this type of processing, or when the status of
expansion processing in the device is unknown. 

Effective Compression Ratio

Typically, description of compression ratios in the
hearing instrument industry is done to report the
slope of the hearing instrument’s input/output
function between the compression threshold and
the limiting threshold. This type of compression
ratio is usually measured via pure tone input/out-
put plots and only applies to the WDRC stage of
the hearing instrument’s signal processing. In
cases with high compression thresholds, this nar-
rowband compression ratio measurement may
not reflect the hearing instrument’s processing
characteristics for real-world signals. This type of
compression ratio is computed within DSL v5.0,
but is also supplemented by another definition of
compression ratio, termed the “effective” com-
pression ratio (ECR). This calculation fixes a spe-
cific input range, regardless of the current com-
pression threshold setting, so that the ECR mea-
surement is always an indicator of how much
compression is present across a functional range
of speech inputs, from soft to loud (but not shout-
ed) speech. This value is intended to functionally
describe the amount of long-term compression of
inputs that will be encountered by the listener. It
is not intended to be an electroacoustic descriptor
for verification, although it does provide a gener-
al indication of the amount of compression re-
quired. Depending on hearing loss, these input
levels can potentially be processed by the limit-
ing, WDRC, linear, or perhaps even the expansion
stage of the DSL m[i/o] algorithm. Therefore, the
effective compression ratio value is increased
whenever the soft-loud input range is partially or
completely processed within the WDRC or limit-

ing phase. Conversely, it is reduced whenever any
portion is processed by the expansion stage.

Modifying DSLm[i/o] for Individual Fittings
Binaural Fittings

Various authors have attempted to measure the
degree of binaural loudness summation (BLS) in
listenings with and/or without hearing impair-
ment. Dermody and Byrne (1975) evaluated BLS
in binaural hearing instrument users using 1/3-
octave band noises ranging from 10 to 40 dB sen-
sation level at 3 frequencies. The average BLS
ranged from 2.3 to 5.5 dB. Other evaluations of
BLS tend to indicate larger values as the stimulus
level increases on the order of 3 dB at threshold
and 10 dB at the loudness discomfort level
(Haggard and Hall, 1982; Hall and Harvey, 1985;
Bentler and Nelson, 2001). However, Hawkins et
al. (1987) reported that the degree of BLS is
strongly related to psychophysical procedure, re-
porting BLS at loudness discomfort levels that
ranged from 0.4 to 10.3 dB across procedures.
BLS was smallest (and near zero) when loudness
discomfort levels were measured using a clinical
procedure. Nonetheless, BLS measured via adap-
tive procedures was reported to be 5 to 7 dB in
the vicinity of the most comfortable level for
speech-weighted noise. In summary, low- to mid-
level signals show clear evidence of BLS in the
range of 3 to 5 dB when measured with speech
noise or narrowband noise. BLS likely increases
with bandwidth and may increase with input
level.

In DSL v5.0, prescribed targets for speech are
reduced by 3 dB across input levels for binaural
fittings (Figure 17). The reduction of 3 dB, rather
than 5 dB, is likely a conservative estimate but
was chosen for several reasons. Specifically, other
new features of v5.0 also result in gain reduction
(see sections on adult targets, output limiting,
compression thresholds, and targets for noisy en-
vironments), so the binaural correction was made
conservatively to preserve audibility, particularly
for pediatric fittings. The amount of BLS may vary
between individual listeners, so clinical applica-
tion of binaural targets may require an individu-
alized approach, when possible. 

Adult Fittings

There is current debate on the interpretation of
loudness judgements made near the detection
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threshold. Some authors argue that loudness
growth near threshold is extremely rapid, indi-
cating that listeners do not truly perceive “soft-
ness” for sounds at or near the threshold (Buus,
Müsch, and Florentine, 1998; Buus and Floren-
tine, 2002). Others argue that this is not the case
(Moore, 2004). However, the sensation level
range of this debate encompasses only the first 5
to 10 decibels of the normal dynamic range. In
studies of loudness over the first 20 decibels
above threshold, categoric scaling judgments
across a group of normal hearing individuals were
defined by ratings of “inaudible” to “very soft”
(Launer, 1995). Because DSL [i/o] is based on
loudness normalization, the input dynamic range
for target calculation extends to the threshold of
normal hearing, labeled “Imin” in the publication
of DSL[i/o] (Cornelisse et al., 1995). The inclu-
sion of inputs as low as 0 dB HL may produce a
higher compression ratio and gain for low-to-
moderate levels than may be desirable for adult
hearing instrument users. 

We performed simulations of fittings made
with and without the 0 to 20 dB HL region in-

cluded in the input range of the DSL m[i/o] for-
mula. For a 50 dB HL, this correction reduces the
gain for 60-dB speech by approximately 7 dB
(Figure 18). This is in good agreement with the
adult-child differences in preferred gain reported
earlier and with adult-child loudness growth dif-
ferences reported in the literature (Serpanos and
Gravel 2000).

For hearing instrument fitting in adult listen-
ers with acquired hearing impairment, this allows
the prescription to fit to the maximum of the 18-
to 30-year-old normal hearing range, or 20 dB
HL, rather than to the minimum of the normal
hearing range, corresponding to 0 dB HL. In DSL
m[i/o], this correction is applied before calcula-
tion of the multistage input/output algorithm.
This results in a lower level of prescribed gain for
the entire target input-output function, and a
lower compression ratio. The effect of the correc-
tion is therefore nonlinear, in that it causes a dif-
ferent amount of reduction at different input lev-
els. The correction for adult-acquired hearing
losses was applied to 10 audiograms spanning the
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Figure 17. Comparison of monaural and binaural target
input/output functions generated by the DSLm[i/o]
algorithms, shown as thin and thick lines respectively. 
See Figure 10 for fitting details.

Figure 18. Comparison of pediatric/congenital and
adult/acquired target input/output functions generated by
the DSLm[i/o] algorithms, shown as thin and thick lines
respectively. See Figure 10 for fitting details. 



mild-through-profound range, with a range of
slopes (Table 4). Resulting target values were
compared with targets derived without the cor-
rection (i.e., the pediatric-congenital prescrip-
tion), shown as four frequency average thresholds
and targets in Figure 19. The slight variations ob-
served across HL values are due to the differences
in slope for the 10 test audiograms. The differ-
ence in prescriptive targets is largest for mild-to-
moderate losses. A smaller correction is applied
as hearing level increases, with differences of
about 3 dB for hearing losses in the 80 dB HL re-
gion. This is a desired effect, because it maintains
audibility of speech for severe and profound hear-
ing losses. The adult targets are recommended for
use with hearing instrument users who have ac-
quired hearing loss. Further experimental evalua-
tion of the age-related correction is required.
Clinical application of this correction will allow
the clinician to indicate whether the hearing im-
pairment was congenital (or at least early in life)
vs acquired postlingually, likely as an older adult.
Put differently, the age correction is not tied in
any way to the birth date of the patient but,
rather, is a clinical choice to be made on an indi-
vidual basis. 

Prescriptions for Use in Noise

The hearing instrument prescription generated in
DSL v5.0 is specific to either quiet or noisy listen-
ing environments. For quiet environments, the
DSLm[i/o] algorithm is used as described above,
aiming for a high level of audibility even for low-
level sounds. However, in noisy environments,
this level of audibility may amplify background
noise. A variety of technologies are available for
use in noisy environments, ranging from person-
al FM systems, to directional microphones, to al-
ternative hearing instrument memories employ-
ing noise attenuation processing or alternative
frequency responses using reduced gain. The
noise prescription within DSL v5.0 is aimed at the
latter strategy. Obviously, technologies such as
FM systems or directional microphones are
preferable to this strategy, as they are effective in
increasing signal-to-noise ratio and thereby im-
proving speech intelligibility. However, these
technologies are not always available for various
reasons, including device and/or financial limita-
tions. Therefore, DSL v5.0 will generate a lower-
gain prescription for use in noise that aims to (1)
preserve audibility of acoustic cues in speech that
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Table 4. Hearing Threshold Levels, in dB HL, for 10 Theoretical Audiograms 
Used in Generating Targets from the DSLm[i/o] Algorithm

Frequency (Hz)
250 500 750 1000 1500 2000 3000 4000 6000

A 30 30 30 30 30 30 30 30 30

B 30 30 35 35 40 40 45 45 50

C 30 30 35 40 45 50 60 70 75

D 30 35 40 45 50 60 80 90 90

E 50 50 50 50 50 50 50 50 50

F 50 50 55 55 60 60 65 65 70

G 50 50 50 55 65 70 80 90 95

H 70 70 70 70 70 70 70 70 70

I 70 70 75 75 80 80 85 85 90

J 90 90 90 90 90 90 90 90 90



are expected to contribute most to intelligibility,
and (2) raise the compression threshold to reduce
the gain applied to background noise. Both pedi-
atric and adult prescriptions may be modified for
use in noisy listening environments. 

Two corrections are made if a noise program
is selected. First, the frequency response is
weighted using the “average speech” band im-
portance function initially described by Pavlovic
(1987) and later included in the Speech
Intelligibility Index standard (ANSI, 1997). The
importance function is compressed by a factor of
two before application to prevent large reductions
in audible bandwidth, which are known to reduce
speech intelligibility in noise (Skinner and Miller,
1983). This particular weighting was chosen as
the least age- and material-dependent of pub-
lished importance functions. Second, the com-
pression threshold is raised by 10 dB to reduce
the gain for background noise (i.e., when the talk-
er is not speaking). Together, these two correc-
tions result in a lower sensation level at lower

and higher frequencies and less gain for low-level
inputs than would be prescribed by the targets for
use in quiet environments. This may be effective
for increasing the acceptability of noisy signals
(Dean and McDermott, 2000), assuming that
three conditions are met: (1) the compression is
sufficiently fast-acting to reduce gain for back-
ground noise when the speaker is talking, (2) the
speaker raises his or her voice to a positive sig-
nal-to-noise ratio; and (3) the 10 dB increase
given to the compression threshold is correctly
placed. This approach to prescribing a different
set of amplification characteristics for use in noisy
environments requires experimental evaluation to
determine if acceptability of noise is increased. It
is not expected that this approach will improve
speech intelligibility and, therefore, is best con-
sidered as one of a family of options that exist for
managing noisy environments for hearing instru-
ment users.

Multichannel Compression

The DSL m[i/o] calculations can be modified to
correspond to the channel structure of hearing
instruments that use multiple channels of com-
pression. The 1/3-octave band frequencies are
grouped into common channel families defined
by the crossover frequencies in the hearing in-
strument, and the multistage input/output algo-
rithm is re-computed per channel. This results
in a single compression ratio target per channel.
The gains within the compression region of the
resulting i/o target plots are also adjusted so
that the prescribed frequency response is pre-
served, at least for mid-level signals. Essentially,
this requires slight frequency re-shaping to pre-
vent hearing instruments with different channel
structures from providing a different frequency
response for mid-level speech signals. There-
fore, targets at moderate input levels show very
little effect of channelization, while targets for
very high and very low inputs show a somewhat
greater effect. For example, the difference be-
tween a single-channel and a 17-channel pre-
scription is as large as 4 dB for an audiogram
sloping to a severe high frequency loss
(Audiogram G in Table 4). This assumes that
the hearing instrument’s frequency response is
smooth, regardless of the channel structure (i.e.,
targets do not assume large notches in frequency
response shape in the region of crossover 
frequencies). 

Scollie DSL Multistage Input/Output Algorithm

189

Figure 19. Average real-ear output targets for DSL v5.0 as
a function of four-frequency pure-tone average threshold
values (dB HL), for pediatric/congenital and adult/acquired
target types in DSL v5.0. PTA = pure-tone average; 
RESP = real-ear sound pressure level.



Conductive Losses

Listeners with conductive and/or mixed hearing
losses have higher loudness discomfort levels and
prefer a higher level of use gain than do listeners
with hearing loss that is entirely sensorineural in
nature (Berger, 1980; Carlin and Browning,
1990; Walker, 1997a; Walker, 1997b; Liu and
Chen, 2000). Several strategies developed to ac-
count for these effects in hearing instrument pre-
scription have been proposed in the literature.
When prescribing maximum output, some suggest
increasing the estimate of loudness discomfort
level by the air-bone gap, or at least by a large
proportion of the air-bone gap (Dillon and Storey,
1998; Walker, 1998). When prescribing gain,
some suggest prescription and summation of sep-
arate gain prescriptions for the conductive and
sensorineural hearing loss, once the bone con-
ducted thresholds have been corrected for the
Carhart effect (Walker, 1997a; Dillon and Storey,
1998). At least one laboratory evaluation suggests
that adult hearing instrument users with mixed
hearing loss preferred a listening level equivalent
to the NAL prescription plus gain equivalent to
the conductive portion of their hearing loss
(Walker, 1998). Another evaluation suggests that
hearing instrument users with mixed hearing loss-
es used about 6 dB more gain than hearing-
matched peers with sensorineural losses (Carlin
and Browning, 1990). However, both the Carhart
effect and the impact of conductive loss on loud-
ness discomfort levels are variable across individ-
uals, making accurate estimation difficult
(Gatehouse and Browning, 1982; Walker, 1997a,
1998; Liu and Chen, 2000). This would likely be
further complicated in pediatric applications
where frequent partial data occur, making a fre-
quency-specific correction rather difficult. Also,
successful corrections proposed in the literature
have recommended a greater gain increase when
based on the NAL prescription (Walker, 1997b)
than other studies based on the half-gain rule
(Berger, 1980) and caution against fully applying
gain increases from laboratory studies in real-
world hearing instrument fittings until further
evaluation is completed (Walker, 1998). 

In a nonlinear prescription that is based on
an input/output function, adjustments to the
loudness discomfort level estimate will cause the
input/output function to steepen, becoming more
linear and employing more gain. This strategy has
been applied in DSL v5.0, but with several limits.

First, targets in DSL are not allowed to exceed
140 dB SPL in the ear canal, regardless of circuit
type or the presence of conductive hearing loss.
Second, predictions of the ULC are increased by
25% of the uncorrected air-bone gap, averaged
across the frequencies of 500, 1000, 2000, and
4000 Hz. This was done, rather than a frequency-
specific correction, to avoid large modifications
to the prescribed frequency response, given the
rather large effects that this can have on per-
ceived sound quality and intelligibility (Walker,
1998). This results in a correction approach that
provides a smaller correction as hearing level in-
creases (often because the 140 dB limit to the
loudness discomfort level is reached). Gain in-
creases to conversational speech are 5 to 9 dB at
most (i.e., assuming a conductive overlay of 60
dB) between hearing threshold levels of 30 and
90 dB HL (Figure 20). This amount of reduction
is in agreement with increases reported in studies
of use gain in real environments by hearing in-
strument users with conductive or mixed hearing
losses (Berger, 1980; Carlin and Browning,
1990).
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Figure 20. Effect of applying a conductive correction to the
prescribed gains for conversational speech. Prescribed 2-cc
coupler gains (average gain for 500, 1000, 2000 Hz) for four flat
hearing losses are shown, assuming either sensorineural loss or
various degrees of conductive overlay within the stated hearing
threshold level.. 



Sample Prescriptions: DSL v4.1 versus DSL 5.0

The previous sections have explained the ratio-
nales for several changes made to the DSL[i/o]
prescriptive algorithm to generate a new version,
the DSL multistage input/output algorithm, or
DSLm[i/o], for use in the version 5.0 of the DSL
Method. The main effects of these changes are (1)
output limiting that is more appropriate for
speech signals, (2) a change to define targets for
a different range of speech inputs, (3) generation
of targets for different listening situations and dif-
ferent ages of hearing instrument wearers, and
(4) more detailed matching of the target i/o prop-
erties with the compression characteristics of
modern hearing instruments. The impacts of
some of these changes are illustrated in Figures
21 through 23. Essentially, for any one hearing

loss, up to four different prescriptions may be
generated: (1) an infant or child using a hearing
instrument in a quiet environment, (2) an infant
or child in a noisy environment in the absence of
other noise reduction technology; or (3) and (4)
these two options modified for use with adults.
Four such prescriptions are shown for a moder-
ate-to-moderately severe hearing loss. First, the
pediatric/quiet prescription was developed,
which is generally similar to the DSL 4.1 pre-
scription for inputs of 70 dB SPL (Figure 21,
panel a). If the 60 dB SPL definition of conversa-
tional speech is used, the targets will appear
lower simply because the input level is lower
(Figure 21, panel b). This does not reflect a
change in prescriptive goals, but is likely a more
realistic depiction of the aided levels of conversa-
tional speech.
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Figure 21. (a) DSL v5.0 prescriptive targets for a pediatric hearing instrument user for a speech input of 70 dB SPL
(solid heavy line), displayed in an SPLogram format that shows threshold (��), predicted upper limit of comfort (*),
and the DSL v4.1 targets for 70 dB SPL speech (+). All targets are shown as long-term average speech spectra in
1/3-octave bands. (b) DSLlm[i/o] targets for speech at 60 dB SPL input levels are shown by the thin line.



For severe-to-profound and/or steeply slop-
ing losses, new target limits may cause the DSL
v5.0 prescription to appear lower than the DSL
v4.1 prescription. The new limits for output lim-
iting of speech may cause targets to be limited at
lower levels than were used in DSL v4.1. An ex-
ample of this is shown in Figure 22. The DSL v5.0
target for 70 dB SPL speech inputs appears to
have been reduced by about 5 dB relative to the
DSL 4.1 target (panel a). However, this limit al-
lows headroom for the peaks of speech (panel b).
The lower target is, therefore, a realistic limit for
speech signals and is not intended to diminish
importance of high-frequency audibility for chil-
dren. When the listener’s dynamic range is less
than the 30 dB input dynamic range of a speech
signal, electroacoustic limits may mean that

some parts of the speech signal are inaudible to
avoid discomfort.

As described above, adults with acquired
hearing losses will be prescribed a lower level of
audibility than would be provided for infants or
children. This difference is illustrated for the
same audiogram, assuming the same HL to SPL
transform,8 for input levels ranging from 52-74
dB SPL, along with the DSL v4.1 prescription
(Figure 23). The prescription shown for use in
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Figure 22. DSL v5.0 and DSL v4.1 (+) prescriptive targets for pediatric hearing instrument user with a sloping
hearing loss. Format follows that of Figure 21. Panel a: Targets for the Long Term Average Speech Spectrum are
shown. Panel b: Assumed levels of the peaks and valleys of speech are superimposed (- - -).

8This assumes that the adult and child have
equivalent ear canal characteristics. This is unlikely,
but allows direct target comparisons to be made for
the purposes of this illustration. 



quiet environments is somewhat lower in overall
level for adults (panel b) than for children (panel
a). The reduction in target levels also results in
lower prescribed levels for lower-level speech.
This prescription can be modified further for use
with binaural fittings or for use in noise. Despite
the various ranges of gain used in these four pre-
scriptions, audibility of the peaks of speech
(which would be 10 dB above each of the plotted
target spectra) would be maintained in the im-
portant 500 to 3000 Hz band for all prescriptions.
This reflects the goals of the DSL Method, to pro-
vide audibility and comfort of a broad bandwidth
of speech, as described in Chapter 1 of this vol-
ume (Seewald et al.).
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Figure 23. DSL v5.0 and DSL v4.1 (+) prescriptive targets for a pediatric hearing instrument user and an adult
hearing instrument user with equivalent hearing losses of 50 dB HL and equivalent ear canal acoustics. Format
follows that of Figure 21. Panel a shows targets for the pediatric user, for speech inputs of 52, 60, 70, and 74 dB SPL.
Panel b shows targets for the adult user for the same input levels. 
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