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To investigate how hearing loss of primarily cochlear origin affects the loudness of brief tones,
loudness matches between 5- and 200-ms tones were obtained as a function of level for 15 listeners
with cochlear impairments and for seven age-matched controls. Three frequencies, usually 0.5, 1,
and 4 kHz, were tested in each listener using a two-interval, two-alternative forced-choice~2I,
2AFC! paradigm with a roving-level, up–down adaptive procedure. Results for the normal listeners
generally were consistent with published data@e.g., Florentineet al., J. Acoust Soc. Am.99,
1633–1644~1996!#. The amount of temporal integration—defined as the level difference between
equally loud short and long tones—varied nonmonotonically with level and was largest at moderate
levels. No consistent effect of frequency was apparent. The impaired listeners varied widely, but
most showed a clear effect of level on the amount of temporal integration. Overall, their results
appear consistent with expectations based on knowledge of the general properties of their
loudness-growth functions and the equal-loudness-ratio hypothesis, which states that the loudness
ratio between equal-SPL long and brief tones is the same at all SPLs. The impaired listeners’
amounts of temporal integration at high SPLs often were larger than normal, although it was
reduced near threshold. When evaluated at equal SLs, the amount of temporal integration well above
threshold usually was in the low end of the normal range. Two listeners with abrupt high-frequency
hearing losses~slopes.50 dB/octave! showed larger-than-normal maximal amounts of temporal
integration~40 to 50 dB!. This finding is consistent with the shallow loudness functions predicted
by our excitation-pattern model for impaired listeners@Florentineet al., in Modeling Sensorineural
Hearing Loss, edited by W. Jesteadt~Erlbaum, Mahwah, NJ, 1997!, pp. 187–198#. Loudness
functions derived from impaired listeners’ temporal-integration functions indicate that restoration of
loudness in listeners with cochlear hearing loss usually will require the same gain whether the sound
is short or long. ©1999 Acoustical Society of America.@S0001-4966~99!04206-X#

PACS numbers: 43.66.Sr, 43.66.Cb, 43.66.Mk, 43.66.Ba@JWH#

INTRODUCTION

The purpose of the present study is to investigate tem-
poral integration of loudness in listeners with hearing impair-
ments of primarily cochlear origin. Whereas considerable
knowledge exists about the loudness of long-duration sounds
in impaired listeners~for review, see Hellman and Meisel-
man, 1993; Moore, 1995; Moore and Glasberg, 1997!, little
is known about the loudness of brief sounds. Because most
natural sounds are not steady state, but have amplitude peaks

that typically are much shorter than the 50–150-ms integra-
tion time generally assumed for loudness~for review, see
Scharf, 1978!, knowledge of the loudness functions for brief
sounds may be important for hearing-aid fitting and for gen-
eral understanding of impaired listeners’ auditory perception.
Moreover, our recent studies~Florentineet al., 1996; Buus
et al., 1997; Florentineet al., 1998! indicate that temporal
integration of loudness may provide rather direct information
about the form of the loudness functions for both brief and
long sounds.

To our knowledge, Pedersen and Poulsen’s~1973! study
on temporal integration of loudness in impaired hearing is
the only one published. They tested 24 listeners with co-
chlear impairments due to presbyacusis. The results indi-
cated that the impaired listeners’ amount of temporal
integration—defined as the level difference between equally

a!Parts of this paper were presented at the Hearing Aid Research and Devel-
opment Conference, September 1997, NIDCD/VA Bethesda, MD@Buus
et al., Proceedings of the 2nd Biennial Hearing Aid Research and Devel-
opment Conference~NIDCD/VA, Bethesda, MD, Sept. 1997!, 42# and at
the ASHA meeting, November 1997, Boston, MA@Buus et al., ASHA
Leader2~15!, 143#.

b!Electronic mail: buus@neu.edu
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loud short and long tones—was normal at 75 dB SPL and
larger than normal at 95 dB SPL. The normal and larger-
than-normal temporal integration for loudness found by Ped-
ersen and Poulsen~1973! contrasts with the reduced tempo-
ral integration that is generally found in measurements of
detection thresholds for brief signals in impaired listeners
~e.g., Florentineet al., 1988; Carlyonet al., 1990; for re-
view, see Moore, 1995! and certainly warrants further study.

To expand on Pedersen and Poulsen’s~1973! study, the
present study aims to investigate how the amount of tempo-
ral integration for loudness varies with level in impaired lis-
teners. The effect of level is important because the amount of
temporal integration varies markedly with level in normal
listeners ~e.g., Stephens, 1973; Poulsen, 1981; Florentine
et al., 1996, 1998; Buuset al., 1997! and the outcome of
comparisons between normal and impaired hearing appears
to depend on the SPL~Pedersen and Poulsen, 1973!. The
outcome may also depend on whether normal and impaired
listeners are compared at equal SL or equal SPL, as indicated
by the contrast between temporal integration for detection
~an equal-SL comparison! and for loudness~compared at
equal SPLs!. To provide insight into the effects of audiomet-
ric configurations, measurements were obtained using listen-
ers with cochlear impairments in a variety of audiometric
configurations. To allow comparisons at equal SLs and equal
SPLs, temporal integration for detection and temporal inte-
gration of loudness was measured as a function of level.

I. METHOD

A. Stimuli

The stimuli were tone bursts with equivalent rectangular
durations of 5 and 200 ms. The 5-ms tones consisted of a
6.67-ms raised-cosine rise followed immediately by a
6.67-ms raised-cosine fall. The 200-ms tones had a 195-ms
steady-state segment between the 6.67-ms rise and fall.
These envelope shapes ensured that most of the tone bursts’
energy was contained within the critical bandwidth for all
test frequencies. Even for the 5-ms tone burst, the energy
within the 100-Hz-wide critical band centered at 500 Hz
~Zwicker, 1961; Scharf, 1970! was only 1.3 dB less than the
overall energy.@The auditory-filter bandwidth at 500 Hz is
only about 75 Hz, but loudness of a constant-SPL stimulus
remains constant until its bandwidth exceeds the larger criti-
cal bandwidth~see Moore and Glasberg, 1986!. The present
stimuli were chosen with the aim of keeping loudness the
same as that for a narrow-band sound. Thus, the critical
bandwidth was used for evaluation of the 5-ms tones’ spec-
tral splatter.#

The fixed-level stimuli ranged from 5 dB SL to about
120 dB SPL for the 5-ms tone or the highest level that the
listener could comfortably tolerate, whichever was lower.
Levels were chosen in 5-dB steps up to 30 dB SL and in
10-dB steps at higher SLs. The test frequencies usually were
0.5, 1, and 4 kHz, but one normal listener was also tested at
8 kHz and one impaired listener was tested at 8 kHz instead
of 0.5 kHz to obtain measurements at two frequencies with
hearing loss.

B. Procedure

1. Absolute thresholds

To obtain a reference for setting the sensation levels,
absolute thresholds were measured for each of the stimuli
used in the loudness-balance experiment. The thresholds
were obtained with an adaptive procedure in a two-interval,
two-alternative forced-choice~2I, 2AFC! paradigm. Each
trial contained two observation intervals, which were marked
by lights and separated by 500 ms. The signal was presented
in either the first or the second observation interval with
equala priori probability. The listener’s task was to indicate
which interval contained the signal by pressing a key on a
small computer terminal. Two hundred milliseconds after the
listener responded, the correct answer was indicated by a
200-ms light. Following the feedback, the next trial began
after a 500-ms delay.

A single threshold measurement was based on three in-
terleaved adaptive tracks. For each track, the level of the
signal initially was set approximately 15 dB above the lis-
tener’s expected threshold. It decreased following three con-
secutive correct responses and increased following one in-
correct response. The step size was 5 dB until the second
reversal, after which it was reduced to 2 dB. Reversals oc-
curred when successive signal levels changed direction from
increasing to decreasing, or vice versa. On each trial, the
track was selected at random among the tracks that had not
yet ended, which they did after five reversals. The threshold
for one track was calculated as the average of the signal
levels at the fourth and fifth reversals. One threshold mea-
surement was taken as the average threshold across the three
tracks. This procedure converged on the signal level yielding
79.4% correct responses~Levitt, 1971!. Three such threshold
measurements~for a total of nine tracks! were obtained for
each listener and stimulus. The average across all measure-
ments was used as the reference to set the sensation level in
the loudness-balance experiments.

2. Loudness matches

Loudness matches between 5- and 200-ms tones were
obtained with a roving-level adaptive procedure in a 2I,
2AFC paradigm, similar to that used in a recent study~Buus
et al., 1998!. On each trial, the listener heard two tones sepa-
rated by 500 ms. The fixed-level tone followed the variable
tone or the reverse with equala priori probability. The lis-
tener’s task was to indicate which sound was louder by
pressing a key on a small computer terminal. The response
initiated the next trial after a 700-ms delay. No feedback was
given.

To reduce biases that may occur when only a single
fixed sound is presented in a series of trials~e.g., Florentine
et al., 1996!, six to 12 interleaved adaptive tracks were used
to obtain concurrent loudness matches at three to six levels
with both the short and the long tone varied. The track for
each trial was selected at random from all tracks that had not
yet ended, which they did after nine reversals. This proce-
dure produced a random variation in overall loudness, which
forced the listeners to base their responses only on loudness
judgments of the two sounds presented in the trial.@For fur-
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ther discussion of roving-level loudness-matching proce-
dures, see Buuset al. ~1997!.#

Because no more than six levels could be tested concur-
rently, the complete range of fixed levels usually was divided
into two or three ranges as necessary to encompass each
listener’s dynamic range. For normal listeners, a low range
included fixed levels between 5 and 20 dB SL, a middle
range included levels between 25 and 50 dB SL, and a high
range included levels between 60 and 90 dB SL. For im-
paired listeners, the ranges varied among listeners and fre-
quencies to ensure that each block of trials encompassed rea-
sonable ranges of fixed levels for both short and long tones.
If two or fewer levels within a range used for normal listen-
ers could be tested for a given impaired listener and fre-
quency, the number of ranges was reduced and the complete
range of levels was redistributed to yield blocks with ap-
proximately equal numbers of tracks. If fewer than seven
levels could be tested for a given listener and frequency, all
levels were usually tested in a single block.

Each track began with the variable stimulus set approxi-
mately 15 dB below the expected equal-loudness level.~If
that level was below threshold, the variable stimulus was set
to threshold.! This choice of starting levels ensured that the
listener heard some trials in which the short tone was clearly
louder and some in which the long tone was clearly louder.
For each track, the level of the variable tone was adjusted
according to a simple up–down procedure. If the listener
indicated that the variable tone was louder than the fixed
tone, its level was reduced; otherwise, it was increased. The
step size was 5 dB until the fourth reversal, after which it
was reduced to 2 dB. This procedure made the variable tone
converge towards the level at which it was judged louder
than the fixed tone in 50% of the trials~Levitt, 1971!. The
average level of the last four reversals was used as an esti-
mate of the level at which the variable tone had the same
loudness as the fixed-level tone~cf. Jesteadt, 1980!. Three
such matches were obtained for each listener and condition.

C. Apparatus

An APR 486/33 PC-compatible computer with a signal
processor~TDT AP2! generated the stimuli, sampled the lis-
teners’ responses, and executed the adaptive procedures. The
tone bursts were generated digitally with a 50-kHz sample
rate and reproduced by a 16-bit digital-to-analog~D/A! con-
verter~TDT DD1!. The output from the D/A was attenuated
~TDT PA4!, low-pass filtered~TDT FT5, f c520 kHz, 190
dB/octave!, attenuated again~TDT PA4!, and led to a head-
phone amplifier~TDT HB6!, which fed one earpiece of a
Sony MDR-V6 headset. This setup ensured that the stimulus
level could be controlled with a dynamic range of at least
130 dB. The listeners were seated in a sound-attenuating
booth.

For routine calibration, the output of the headphone am-
plifier was led to a 16-bit analog-to-digital~A/D! converter
~TDT DD1!, such that the computer could sample the wave-
form, calculate its spectrum and rms voltage, and display the
results before each set of matches.@The SPLs reported below
presume a frequency-independent output of 116 dB SPL for
an input of 1 V rms. The Sony MDR-V6 headset has a rea-

sonably flat~65 dB! free-field response across the range of
test frequencies. The SPL of 116 dB is close to that mea-
sured at 1 kHz in a 6-cc coupler~B&K 4152!.#

D. Listeners

Sixteen ears of 15 listeners with hearing impairments of
primarily cochlear origin were tested. The origin of the hear-
ing loss was diagnosed by the listeners’ ENT physicians on
the basis of a standardized audiological test battery, medical
tests, and the listeners’ history. Table I shows the diagnostic
information for the listeners. According to excitation-pattern
models of loudness in impaired listeners~Florentine and
Zwicker, 1979; Florentineet al., 1997; Moore and Glasberg,
1997!, the form of the loudness function may depend on the
impaired listener’s audiometric configuration. Certainly, it
has been shown that level discrimination in impaired listen-
ers depends on the audiometric configuration in a way that is
consistent with predictions of excitation-pattern models~Flo-
rentineet al., 1993!. Therefore, the impaired listeners were
divided into five groups based on the overall configurations
of their hearing losses as indicated by the listener IDs shown
in the first column.~A sixth group of normal controls is
shown at the bottom.! If the hearing loss increased more than
50 dB over any octave, it was characterized as an abrupt loss
~listeners A1 and A2!; such a steep loss is likely to indicate
that inner-hair cells are missing or nonfunctional in some
frequency region starting at the beginning of the slope~Hell-
man and Meiselman, 1993; Florentineet al., 1997!. If the
hearing loss was not abrupt and decreased 15 dB or more
over any two-octave interval, it was characterized as a rising
loss ~R1 to R3!. If the loss was neither abrupt nor rising, it
was characterized as flattish if it increased 20 dB or less over
all two-octave intervals~F1 to F3!, and as falling otherwise.
Because eight ears of seven listeners fell into the falling-loss
category, they were further subdivided into mild-to-moderate
losses~MF1 to MF4! and moderately-severe-to-severe losses
~SF1 to SF3!.

The second column shows the listeners’ genders and the
third, their ages. The impaired listeners’ ages ranged from 32
to 72 years, with an average of 46 years and a standard
deviation of 12.5 years. The test ear is indicated in the fourth
column and the listeners’ etiologies are shown in the fifth
column. Columns six through 15 show the audiometric
thresholds in dB HL at the standard audiometric frequencies.
The test frequencies used for each listener are indicated by
the bold entries, which show that the measurements encom-
passed conditions with hearing losses ranging from no sig-
nificant loss to 90 dB HL.

Seven listeners with normal hearing served as age-
matched controls. Their ages ranged from 25 to 58 years.
The average age was 46 years and the standard deviation
11.7 years. They had no history of hearing difficulties and
their audiometric thresholds were 15 dB HL or less at and
below 4 kHz; most of the middle-aged listeners had a small
threshold elevation at 6 kHz and N7 had a threshold of 25 dB
HL at 8 kHz. Listener N1 is the first author and N2 is the
third author. They and listener N3 were highly trained listen-
ers; the remaining normal listeners had no prior experience
in psychoacoustic experiments. Due to timing constraints,
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naive normal and impaired listeners practiced at most for 15
minutes, but careful instructions usually rendered practice
unnecessary.

E. Data analysis

For each listener, frequency, and SL, two separate points
of subjective equality were calculated for each stimulus pair:
the average of the tracks with the short tone fixed and the
average of the tracks with the long tone fixed. For each lis-
tener and frequency, polynomial fits were then made to the
combined data obtained with the long and the short tone
varied. Such fits were used because they provided a good
description of the entire data set, while avoiding problems of
how to average measurements taken at different loudness
levels. Visual inspection was used to determine a range of
polynomial orders that provided a good fit to the data. The
lowest-order polynomial within the range was used unless a
higher-order polynomial appeared to follow the data mark-
edly better over some range. The order of the polynomials
ranged from two to eight, but third- or fourth-order polyno-
mials were used in most cases. Generally, the fits were quite
good as indicated by an averager 2 of 0.968. The resulting
polynomials were then used to summarize the amount of
temporal integration as a function of level for each listener
and frequency by calculating the level difference between the

5- and 200-ms tones as a function of level of the 200-ms
tone.

To examine the statistical significance of the effects of
stimulus variables and differences among normal listeners, a
four-way analysis of variance~ANOVA ! ~SL of fixed
stimulus3frequency3long or short variable3listener! for re-
peated measures was performed~DATA DESK 6.0.2, Data De-
scription, Inc., Ithaca, NY, 1997!. The dependent variable for
this analysis was the level difference (L5 ms2L200 ms) be-
tween two equally loud 5- and 200-ms tones. Scheffe´ post
hoc tests for contrast~DATA DESK 6.0.2, 1997! were per-
formed when appropriate to explore sources of significant
effects and interactions. For all statistical tests, differences
were considered significant whenp<0.05.

To examine the effects of stimulus variables and differ-
ences among the different audiometric configurations, a four-
way ANOVA @SL of fixed stimulus3frequency3long or
short variable3group~five levels: abrupt, rising, flat, falling,
or normal!# was performed~DATA DESK 6.0.2, 1997! with the
level difference (L5 ms2L200 ms) as the dependent variable.
To limit the number of missing data, the analysis included
only levels between 5 and 40 dB SL and only frequencies of
0.5, 1, and 4 kHz. Again, Scheffe´ post hoctests for contrast
~DATA DESK 6.0.2, 1997! were used to explore sources of
significant effects and interactions.

TABLE I. Diagnostic information for the listeners.~See the text for further information.!

ID Gender Age Ear Etiology 125 250 500 1 k 1.5 k 2 k 3 k 4 k 6 k 8 kHz

A1 F 51 L Hereditary,
noncongenital

210 210 25 60 60 55 45 45 65

A2 F 61 L Hereditary 5 10 5 5 35 60 85 90 90 95
R1 F 50 R Hereditary,

noncongenital
25 5 20 45 50 45 35 30 60

R2 M 37 L Hereditary
Konigsmark

55 50 50 40 35 30 55 55

R3 M 53 L Unknown 60 75 70 65 65 55 50 45 35
F1 M 36 L Hereditary 35 40 45 55 55 45
F2 F 33 L Hereditary 45 50 50 65 65 70 70
F3 F 35 L Congenital,

jaundice
70 70 80 80 90 85

MF1 M 45 R Unknown 5 10 15 5 0 20 35 50 55
MF2 M 65 L Hereditary,

noncongenital
0 0 15 30 40 40 50 65 75

MF3 F 49 L Hereditary,
noncongenital

0 10 20 35 45 45 45 50 80

MF4 F 40 R Hereditary,
congenital

15 20 45 50 45 50 45

SF1 M 72 L Unknown, 20 25 40 50 55 55 60 60 75 80
R noncongenital 20 25 40 60 65 70 75 80 95 .100

SF2 M 32 R Hereditary,
noncongenital

10 20 35 70 75 65 65 75 85

SF3 F 35 R Sudden,
unknown

10 40 60 80 75 70 70

N1 M 45 L Normal 5 25 0 0 5 0 0 20 10
N2 M 53 R Normal 5 0 0 0 0 0 0 30 15
N3 M 25 L Normal 5 0 5 0 0 25 5
N4 M 35 R Normal 5 0 0 5 5 15 15 15 5
N5 F 50 R Normal 5 5 5 5 0 0 10 0 10
N6 F 53 L Normal 15 5 0 0 0 10 15 20 15
N7 M 58 R Normal 5 0 0 5 10 10 20 25
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II. RESULTS

A. Normal listeners

Figure 1 shows the data obtained for the untrained nor-
mal listeners. The listeners’ judgments were generally quite
consistent, as indicated by the small error bars. The average
standard error was 2.3 dB.~It was even smaller for the
trained normal listeners, 1.8 dB; across all the normal listen-
ers it was 2.0 dB.! The roving-level procedure appeared suc-
cessful in reducing biases. The data obtained with the 5-ms
tone varied and with the 200-ms tone varied generally lie on
a single smooth function, but a few notable exceptions are
apparent~e.g., listener N4 at 0.5 and 1 kHz and N7 at 1 kHz!.
For these data sets, the judgments obtained with the 5-ms

tone fixed at 60 and 70 dB SL~i.e., when the long tone was
varied and the loudness level was in the low end of the high
range! deviate considerably from the smooth function and
show much larger amounts of temporal integration than the
other data. This phenomenon also was apparent in several
data sets for the trained normal listeners and in some data
sets for impaired listeners tested at frequencies with near-
normal thresholds. Despite these occasional deviations, a
polynomial fitted to the combined data for a single listener
and frequency generally summarized the data quite accu-
rately, as indicated by the solid lines. Across all the normal
listeners~a total of 18 functions!, r 2 ranges from 0.957 to
0.997 with an average of 0.982. In the following, these poly-

FIG. 2. The amount of temporal integration, defined as
the level difference between equally loud 5- and
200-ms tones, for normal listeners is plotted as a func-
tion of the SPL of the 200-ms tones. Each panel shows
data for a different listener, except that the lower-right
panel combines the data for N6, who was tested only at
0.5 kHz, and N7, who was tested only at 1 kHz. The
symbols show the data for detection thresholds and the
lines show the data for loudness matches, which are
derived from the fitted polynomials~see Fig. 1!. As
indicated by the legend in the top-left panel, different
symbols and line types indicate frequency.

FIG. 1. Loudness-balance judgments by four untrained
normal listeners. The level of the 5-ms tone is plotted as
a function of the level of the 200-ms tone. The unfilled
symbols show data obtained when the 200-ms tones
were varied; the filled symbols show data obtained
when the 5-ms tones were varied. Each column shows
the data for a different frequency. The top row shows
the data for listeners N6 and N7, who were tested at
only one frequency. The two lower rows of panels show
the data for listeners N4 and N5, who were tested at all
three frequencies. The error bars show plus and minus
one standard error calculated across the three repeti-
tions for each condition. The solid lines show polyno-
mial fits to the data and the dotted lines indicate equal
SPLs for the 5- and 200-ms tones. The distance be-
tween the dotted and solid lines indicates the amount of
temporal integration.

3468 3468J. Acoust. Soc. Am., Vol. 105, No. 6, June 1999 Buus et al.: Loudness and duration in cochlear losses

Downloaded 28 Jun 2010 to 192.38.67.112. Redistribution subject to ASA license or copyright; see http://asadl.org/journals/doc/ASALIB-home/info/terms.jsp



nomials are used to characterize how the amount of temporal
integration varies with level for each listener and frequency.

Figure 2 shows the amount of temporal integration as a
function of level for all the normal listeners. The lines show
the level difference between equally loud 5- and 200-ms
tones plotted as a function of the level of the 200-ms tones.
The threshold data are shown by the symbols. Each panel
shows data for a different listener, except that the data for N6
and N7 are combined in the lower-right panel. The amounts
of temporal integration for detection range from 7 to 16 dB
with no obvious differences among listeners and frequencies,
except that the 7-dB value is obtained at 8 kHz~the second-
lowest value is 9 dB at 1 kHz for N2!. The average amounts
of temporal integration for detection are 14.5 dB at 0.5 kHz,
13.3 dB at 1 kHz, and 11.8 dB at 4 kHz.

The amounts of temporal integration for loudness vary
considerably more across listeners, but, again, there is no
obvious trend across frequency. The temporal-integration
functions are quite similar across frequency for some listen-
ers ~e.g., N2 and N5! and when clear differences are appar-
ent, they are not consistent across listeners~e.g., N1 and N4!.
For all listeners~except perhaps N5! and all frequencies, the
amount of temporal integration clearly varies nonmonotoni-
cally with level and is largest at moderate levels. With a few
exceptions, the amount of temporal integration for loudness
at low levels approaches that obtained for detection. As the
level increases, the amount of temporal integration increases,
often dramatically. The maximal amounts of temporal inte-
gration vary from 13 dB~N5 at 4 kHz; 14.5 dB if the second
maximum at 97 dB SPL is used! to 36 dB~N2 at 0.5 kHz and
N4 at 1 kHz!. The averages of the maxima are 27 dB~67.3
dB standard deviation! at 0.5 kHz, 27 dB at 1 kHz~67.7
dB!, and 22 dB~65.9 dB! at 4 kHz. No obvious relations are
apparent among the maximal amount of temporal integration
for loudness, the level~SPL or SL! at which the maximum
occurs, the amount of temporal integration for detection, and
the detection threshold. At high levels, the amounts of tem-
poral integration generally decrease to reach roughly the
same values as those obtained for detection.

To provide a comparison for the data from the impaired
listeners, the combined data for the normal listeners are
shown as functions of SPL in Fig. 3 and SL in Fig. 4. Be-
cause no consistent effect of frequency was apparent across
listeners, the data are shown together for frequencies of 0.5
~long-dashed lines!, 1 ~short-dashed lines!, and 4 kHz~dotted
lines!. The two graphs are quite similar because the normal
listeners’ thresholds encompass only a relatively narrow
range of SPLs. Both show that the amounts of temporal in-
tegration encompass quite large ranges, especially at moder-
ate levels where the range exceeds 20 dB. The gray areas
show the ranges that will be considered as normal in evalu-
ating the data for impaired listeners. Because the set of nor-
mal data is relatively large, comprising a total of 17 func-
tions, the two extreme values at any level have been
excluded from these ‘‘standard’’ normal ranges. Even with
this trimming the standard normal ranges are considerable; at
moderate levels they range from about 12 to well over 30 dB
of temporal integration. At low and high SPLs, the standard
normal range is much narrower, ranging from 7 or 8 dB to

about 13 dB~see Fig. 3!; at high SLs it is also relatively
narrow, ranging from about 8 to 17 dB, but at low SLs it
ranges from about 7 to 23 dB~see Fig. 4!. Clearly, the
amount of temporal integration varies widely among normal
listeners.

The statistical analyses support these observations. A
three-way ~frequency3duration3listener! ANOVA for re-
peated measures of the thresholds for the listeners who were
tested at all three frequencies showed significant effects of
duration @F(1,4)51580, p<0.0001# and listener@F(4,60)
5270.5, p<0.0001#, as well as significant interactions of
listener and frequency@F(8,60)578.01, p<0.0001# and
of listener, frequency, and duration@F(8,60)57.59,
p<0.0001#. No effect of frequency and no interaction be-
tween frequency and duration were present. These findings
indicate that thresholds differ among listeners and are higher
for the 5-ms tones than for the 200-ms tones. On the average,
the thresholds do not differ among the three frequencies, but
they differ among listeners and among frequencies within

FIG. 3. The amount of temporal integration for loudness is plotted as a
function of the SPL of the 200-ms tone. Each line shows the data obtained
for a normal listener tested at 0.5~long-dashed lines!, 1 ~short-dashed lines!,
or 4 kHz ~dotted lines!. The gray area indicates a normal range that will be
used as a ‘‘standard’’ against which impaired listeners’ data can be evalu-
ated. It encompasses the range from the second lowest to the second highest
amount of temporal integration.

FIG. 4. Same as Fig. 3, except that the amount of temporal integration is
plotted as a function of the 200-ms tone’s sensation level, SL.
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listeners. The average amounts of temporal integration differ
neither across frequency nor among listeners, but highly re-
liable differences in temporal integration across frequency
are present within listeners.

Table II shows the results of the ANOVA for the
amounts of temporal integration calculated from the
loudness-balance data. The top half shows the significance of
stimulus effects and the bottom half shows the significance

of differences among listeners. Frequency and all interac-
tions with it are not significant. This finding indicates that no
consistent effect of frequency is present in the data. In con-
trast, the effect of SL is highly significant, which reflects the
nonmonotonic effect of level on the amount of temporal in-
tegration for loudness. The effect of variable~5- or 200-ms
tone varied! and the interaction between SL and variable are
also significant. These findings indicate that equal SL does

FIG. 5. Same as Fig. 1, but for three listeners with
flattish hearing losses.

TABLE II. Four-way analysis of variance for repeated measures of loudness matches by the five normal
listeners who were tested at all three frequencies. The dependent variable is the level difference between the
short and the long tone when they were judged to be equally loud. The stimulus variables frequency~Frq; 3
levels: 0.5, 1, and 4 kHz!, sensation level~SL; 12 levels: 5,10,15,20,25,30,40,...,90 dB SL!, and variable~Var;
2 levels: short varied or long varied! are fixed factors. Listener~Lsr; 5 levels: N1 through N5! is a random
factor.

Source d f
Error
d f

Sums of
squares Mean square F-ratio Prob

Const 1 4 371 191 371 191 98.99 0.0006
Frq 2 8 2 309 1 155 2.630 0.13
SL 11 44 16 879 1 534 7.320 <0.0001
Frq3SL 22 87 1 306 59.37 1.629 0.058
Var 1 4 160.4 160.4 10.12 0.034
Frq3Var 2 8 22.08 11.04 0.4471 0.65
SL3Var 11 44 3 754 341.3 9.133 <0.0001
Frq3SL3Var 22 87 492.3 22.38 1.339 0.17
Lsr 4 716 14 999 3 749 226.1 <0.0001
Frq3Lsr 8 716 3 512 439.1 26.47 <0.0001
SL3Lsr 44 716 9 223 209.6 12.64 <0.0001
Frq3SL3Lsr 87 716 3 171 36.45 2.198 <0.0001
Var3Lsr 4 716 63.42 15.85 0.9560 0.43
Frq3Var3Lsr 8 716 197.6 24.70 1.489 0.16
SL3Var3Lsr 44 716 1 644 37.37 2.253 <0.0001
Frq3SL3Var3Lsr 87 716 1 454 16.71 1.007 0.46
Error 716 11 874 16.59
Total 1073 79 641
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not yield equal loudness for short and long tones. Loudness
balances with the short tone fixed at some SL are performed
at a different loudness level than those with the long tone
fixed at the same SL, and the results obtained in the two
conditions differ because the amounts of temporal integra-
tion depend on loudness level. The bottom half of the table
shows that the effects of frequency, SL, and the interaction
between frequency and SL vary among listeners. These find-
ings indicate that individual listeners show highly reliable
differences in the form of their temporal-integration func-
tions at different frequencies, but as noted above the differ-
ences are not consistent across listeners.

Additional analyses of covariance~ANCOVAs! showed
that the maximal amount of temporal integration for loud-
ness was uncorrelated with the level at which it occurred, the
listeners’ threshold at the test frequency, and their temporal
integration for detection. Likewise, the level at which the
maximal amount of temporal integration occurred was un-
correlated with both the threshold for the 200-ms tone and
with the amount of temporal integration for detection. How-
ever, a two-way ANCOVA~age3frequency! revealed that
the maximal amount of temporal integration for loudness
increased significantly with age@F(1,11)57.06,p50.022)#,

whereas there was no significant effect of age on the level at
which the maximum occurred. The effect of age on the maxi-
mal amount of temporal integration for loudness is surprising
and may be a spurious result caused by the relatively small
amounts of temporal integration obtained for listener N5,
who was the second youngest of the normal listeners.

B. Listeners with cochlear impairments

To provide an example of the data obtained for impaired
listeners, Fig. 5 shows the loudness matches obtained for the
three listeners with flattish hearing losses. The impaired lis-
teners’ judgments were usually very consistent, as indicated
by the small error bars. The average standard error for the
data in Fig. 5 was 1.3 dB.~The average standard error for all
the impaired listeners’ data was slightly larger, 1.6 dB, but
was still smaller than that obtained for the trained normal
listeners.! As for the normal listeners, the data obtained with
the 5-ms tone varied and with the 200-ms tone varied gen-
erally lie on a single smooth function, except that the data for
listener F1 show some separation between the low- and high-
level segments of the functions, qualitatively similar to the
separation observed in some normal listeners. For this lis-
tener, 25 dB SL was included in both sets. The results were
the same in both sets when the 4-kHz long tone was varied,
but the remaining data at 25 dB SL show 10 dB more tem-
poral integration in the high than in the low set. Listener F2
had 20 dB SL included in both the low and high sets at 4
kHz and listener F3 had 15 dB SL included in both sets at
0.5 and 1 kHz. No discrepancy between the low and high
sets is apparent in these conditions.

Despite the occasional deviations between the low and
high sets, the fitted polynomials generally summarize the
data quite accurately, as shown by the solid lines. Across all
the impaired listeners~a total of 43 functions!, the averager 2

is 0.962. The range ofr 2 is 0.910 to 0.998, except that two
functions yieldedr 2 of 0.720~F3 at 4 kHz! and 0.876~MF2
at 0.5 kHz!. The low correlation for F3 at 4 kHz is a result of
her six data points encompassing only about a 10-dB range
of levels. The low correlation for MF2 at 0.5 kHz results
because he shows a relatively large range effect and his data
encompassed only about a 55-dB range of levels.

Figure 6 shows the amount of temporal integration as a
function of SPL for all the impaired listeners plotted in the
same manner as Fig. 2. For comparison, the ‘‘standard’’ nor-
mal range from Fig. 3 is shown together with the data for
each listener. The amounts of temporal integration for detec-
tion by the impaired listeners range from 4 to 14 dB and are
mostly lower than those for the normal listeners. Generally,
the amount of temporal integration for detection appears less
than normal whenever the threshold is elevated. Listener
MF3 at 0.5 kHz is the only exception. The impaired listen-
ers’ average amounts of temporal integration for detection
are 10.0 dB at 0.5 kHz, 8.6 dB at 1 kHz, and 6.0 dB at 4
kHz; these values are about 5 dB lower than those for normal
listeners.

The amounts of temporal integration for loudness vary
even more for the impaired than for the normal listeners. As
for normal listeners, no obvious trend across frequency is
apparent and the amount of temporal integration for loudness

FIG. 6. The amount of temporal integration for loudness obtained for 15
listeners with impairments of predominantly cochlear origin plotted in the
same manner as Fig. 2. The gray area in each panel indicates the standard
normal range for the amount of temporal integration as a function of SPL
~see Fig. 3!. Except for the bottom row, each row shows data for listeners
with different overall audiometric configurations~see Sec. I D for the clas-
sification criteria!. Data for flattish audiograms are shown in the top row,
rising audiograms in the second row, moderately severe and severe losses
with falling audiograms in the third row, and mild-to-moderate losses with
falling audiograms in the fourth row. The bottom row shows data for two
listeners with high-frequency losses and abruptly falling audiograms and for
the fourth listener with a mild-to-moderate loss and a falling audiogram.
Labels by selected functions in the panels for SF1, MF1, and A2 designate
test conditions that cannot be identified from the legend in the top-left panel.
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at low sensation levels generally approaches that obtained
for detection, but a few exceptions may be present~e.g., A1
and SF3 at 4 kHz!. For the majority of listeners and frequen-
cies, the amount of temporal integration varies nonmonotoni-
cally with level and is largest at some moderately low sen-
sation level. As the level increases above 5 dB SL, the
amount of temporal integration usually increases, often dra-
matically. The maximal amounts of temporal integration
vary from 9 ~F2 at 4 kHz; 8 dB if the maximum of F2’s
1-kHz function is used, but this function does not appear to
reach its maximum within the range of levels tested! to 48
dB ~A1 at 0.5 kHz!. The averages of the maxima are 20 dB
~69.7 dB standard deviation! at 0.5 kHz, 20 dB at 1 kHz
~67.4 dB!, and 21 dB~68.4 dB! at 4 kHz. These averages
are 7 dB lower than normal at 0.5 and 1 kHz, and 1 dB lower
than normal at 4 kHz. The maximal amount of temporal
integration for loudness in impaired listeners does not appear
related to the level~SPL or SL! at which it occurs or to the
detection threshold, if the data for the listeners with abrupt
losses are omitted. It also appears unrelated to the amount of
temporal integration for detection. On the other hand, the
SPL at which the maximum occurs generally increases with
the threshold, whereas the SL of the maximum decreases as
the threshold increases.

Except near threshold, the impaired listeners’ amounts
of temporal integration usually are within the normal range,
and at high SPLs they exceed the top of the normal range in
about half the conditions tested. A few impaired listeners are
clearly different from normal. Listener F2 shows less-than-
normal amounts of temporal integration for loudness at al-
most all SPLs, and the two listeners with abrupt losses, A1
and A2, have obviously abnormal temporal-integration func-
tions. As shown in the bottom row of Fig. 6, these listeners

yield larger-than-normal amounts of temporal integration at
the frequencies just below their abrupt losses~0.5 kHz for
A1 and 1 kHz for A2!. The maximal amount of temporal
integration for A1 is nearly 48 dB, which is more than 11 dB
above the largest amount of temporal integration obtained
for any normal listener at any frequency. A large maximum
is also obtained for listener A1 at 4 kHz and for listener A2
at 0.5 kHz. In summary, once the level is somewhat above
threshold, the impaired listeners usually show amounts of
temporal integration for loudness that are as large as, or
sometimes even larger than, that obtained for normal listen-
ers tested at the same SPL. The normal or larger-than-normal
temporal integration for loudness contrasts with impaired lis-
teners’ reduced temporal integration for detection. As dis-
cussed below, this contrast may indicate that the comparison
between normal and impaired listeners depends on whether it
is made at equal SPLs or equal SLs, because the data for
detection necessarily represent an equal-SL comparison.

Whereas the amounts of temporal integration at high
SPLs are larger than normal in about half the conditions
tested when normal and impaired listeners are compared at
equal SPLs, the tendency towards abnormally large temporal
integration disappears almost completely if the comparison
between normal and impaired listeners is made at equal SLs.
This is illustrated in Fig. 7, which shows the amounts of
temporal integration obtained for the impaired listeners plot-
ted as a function of SL. Only five functions have segments
above the standard normal area. Four of those come from the
listeners with abrupt losses. The fifth function is for MF4 at
4 kHz. It exceeds the normal range for a few dB near the
highest SLs. On the other hand, 16 of the 43 functions have
segments that fall below the normal range, and the central
tendency is clearly towards the low end of the normal range
for the groups with flattish, rising, and mild-to-moderate fall-
ing audiometric configurations. Thus, it appears that when
normal and impaired listeners are compared at equal SLs, the
amounts of temporal integration are generally normal or, for
some groups, slightly less than normal. The clearest excep-
tion is listeners with abrupt hearing losses, who show unusu-
ally large amounts of temporal integration for loudness
whether the comparison to normal listeners is at equal SPL
or equal SL.

The preceding figures showed the results with listeners
divided according to the overall configuration of their audio-
grams. Apart from the two listeners with abrupt losses, no
clear differences among the groups were apparent. One
might hypothesize that a clearer separation among the
temporal-integration functions could be obtained by consid-
ering the course of the hearing loss above the test frequency.
This hypothesis follows from findings that the amount of
temporal integration appears to be related to the slope of the
loudness function~Florentineet al., 1996, 1998; Buuset al.,
1997! and that the growth of loudness depends to some ex-
tent on upward spread of excitation~e.g., Hellman, 1974;
Florentine et al., 1997!. However, grouping the temporal-
integration functions according to the local shape of the au-
diogram as defined by the change in hearing loss over one
~for the 4-kHz functions! or two octaves~for lower frequen-
cies! above the test frequency did not improve the order of

FIG. 7. The amount of temporal integration for loudness as functions of SL
in the 15 impaired listeners is plotted in separate panels for each audiometric
group. The gray area shows the standard normal range for the amount of
temporal integration as a function of SL~see Fig. 4!.
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the data appreciably. Whether the temporal-integration func-
tions were compared at equal SPLs or at equal SLs, the con-
sistency within classes was, at best, only slightly better than
that obtained when listeners were grouped according to their
overall audiometric configurations. Although this finding
may seem counterintuitive, it agrees with the excitation-
pattern model for impaired listeners. Upward spread of exci-
tation combined with abnormally fast growth of specific
loudness can restore normal growth of loudness, even if the
hearing loss limits the spread of excitation to only about one
octave~Florentineet al., 1997!.

The statistical analyses are consistent with the observa-
tions on the SL data. As shown in Table III, the ANOVA
showed significant effects of SL and variable~short or long!,
and a significant interaction of variable and SL. The first
effect indicates that the amount of temporal integration var-
ies with sensation level for both normal and impaired listen-
ers and generally increases with SL over the 5-to-40-dB
range included in the analysis. The latter effects most likely
reflect the findings that short and long stimuli at equal SL
generally are not equally loud and that different amounts of
temporal integration are obtained at different loudness levels.
In addition to these stimulus effects, the effect of overall
audiometric configuration and all two-way interactions with
the stimulus variables are significant. Some of these effects
undoubtedly reflect effects of hearing loss, but because the
hearing-impaired groups consist of two to four listeners, the
effects may also reflect interlistener differences, which are
large.

The Scheffe´ post hoctests for contrast showed highly
significant differences among the groups. Averaged over all
stimulus conditions included in the analysis, the listeners
with abrupt losses showed significantly larger amounts of
temporal integration than the normal listeners, whose tempo-

ral integration was larger than those for the rising and falling
losses. The latter two groups did not differ significantly, but
their amounts of temporal integration were significantly
larger than those for the listeners with flattish losses. The
interactions with SL, frequency, and variable show that the
differences among listeners depended somewhat on these
stimulus variables, but significant differences similar to those
between the grand means for each group were present for a
number of SLs and at most frequencies.

Additional ANCOVAs on the effects of frequency,
threshold for the 200-ms tone, and age on the impaired lis-
teners’ amounts of temporal integration for detection showed
a significant effect of frequency@F(2,29)53.568,p50.041#
and a significant interaction between the threshold for the
200-ms tone and frequency@F(2,29)53.505,p50.043#. The
effects of age and interactions with it were not significant. To
explore the interaction between the threshold for the 200-ms
tone and frequency, separate ANCOVAs were performed on
the relation between the threshold and the amount of tempo-
ral integration. These analyses showed that the amount of
temporal integration decreased significantly as the threshold
increased at 0.5@F(1,11)528.58, p50.0002# and 1 kHz
@F(1,12)510.88, p50.0064#, whereas the relation did not
reach significance at 4 kHz.

An ANCOVA of the impaired listeners’ maximal
amount of temporal integration of loudness showed no sig-
nificant dependence on frequency, the threshold for the
200-ms tone, or the SPL at which the maximum occurred
when the listeners with abrupt losses were excluded from the
analysis.~The low thresholds and large amounts of temporal
integration obtained for the abrupt losses at low frequencies
produced significant effects of the threshold and SPL at
which the maximum occurred.! On the other hand, the SPL
at which the maximal amount of temporal integration oc-

TABLE III. Four-way analysis of variance for loudness matches by all the listeners grouped according to the
overall configuration of their audiograms. The dependent variable is the level difference between the short and
the long tone when they were judged to be equally loud. The independent variables sensation level~SL; 7
levels: 5, 10, 15, 20, 25, 30, and 40 dB SL!, frequency~Frq; 3 levels: 0.5, 1, and 4 kHz!, variable~Var; 2 levels:
short varied or long varied!, and audiometric group~AGp; 5 levels: normal, abrupt, falling, flatish, and rising!
are fixed factors.

Source d f
Sums of
squares Mean square F-ratio Prob

Const 1 596 837 596 837 16 803 <0.0001
SL 6 18 369 3 061 86.19 <0.0001
Frq 2 190.2 95.12 2.678 0.069
SL3Frq 12 237.3 19.78 0.5568 0.88
Var 1 1 386 1 386 39.01 <0.0001
SL3Var 6 731.1 121.9 3.431 0.0023
Frq3Var 2 65.66 32.83 0.9243 0.40
SL3Frq3Var 12 304.5 25.38 0.7145 0.74
AGp 4 20 682 5 170 145.6 <0.0001
SL3AGp 24 3 941 164.2 4.623 <0.0001
Frq3AGp 8 3 863 482.8 13.59 <0.0001
SL3Frq3AGp 48 1 978 41.21 1.160 0.21
Var3AGp 4 986.5 246.6 6.943 <0.0001
SL3Var3AGp 24 749.4 31.23 0.8791 0.63
Frq3Var3AGp 8 222.0 27.75 0.7811 0.62
SL3Frq3Var3AGp 47 794.4 16.90 0.4758 1.00
Error 2072 73 598 35.52
Total 2280 148 392
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curred increased significantly with the threshold for the
200-ms tone at the test frequency, whether the abrupt-loss
listeners were included@F(1,35)574.86,p<0.0001# or not
@F(1,30)534.68,p<0.0001#, and the SL at which the maxi-
mum occurred decreased significantly as the threshold for
the 200-ms tone increased both with@F(1,35)543.39,
p<0.0001# and without @F(1,30)563.74, p<0.0001# the
abrupt-loss listeners.

III. DISCUSSION

A. Comparison with other data

The present data for normal hearing are in good agree-
ment with data from previous studies~Florentineet al., 1996,
1998! that used 1-kHz tones with the same temporal param-
eters as those in the present study. The average amount of
temporal integration at 5 dB SL was about 13 dB in the
present study, similar to the values of about 12 dB obtained
by Florentineet al. ~1996! and 15 dB obtained by Florentine
et al. ~1998!. Likewise, the amount of temporal integration
obtained at 90 dB SPL in the present study was 13 dB, which
is close to the 11 dB reported by Florentineet al. ~1996! and
14 dB reported by Florentineet al. ~1998!. The maximal
amount of temporal integration of the average data was 26
dB in the present study, which is close to the maximum of 27
dB obtained by Florentineet al. ~1998! but somewhat larger
than the 18 dB obtained by Florentineet al. ~1996!. Given
that the individual listeners in the three studies show maxima
varying from about 12 to about 36 dB, it is not surprising
that the maximal amounts of temporal integration vary some-
what across studies.@It should be noted that N1 and N3 also
were tested by Florentineet al. ~1996!. The maximal
amounts of temporal integration for these listeners at 1 kHz
are about 5 dB larger in the present than in the previous
experiment. This discrepancy may reflect differences be-
tween the roving-level procedure used in the present experi-
ment and the fixed-level procedure used by Florentineet al.
~1996!.#

The only previous data for impaired listeners are diffi-
cult to compare directly with the present data because com-
parisons between tones of widely different durations were
only made indirectly. Pedersen and Poulsen~1973! varied
only the shorter tone in a pair and the durations of the tones
always differed by a factor of 2. The total amount of tempo-
ral integration between 5- and 320-ms tones was estimated
by adding the level differences measured for all the pairs
between these durations. Whereas this procedure makes the
listeners’ judgments relatively easy, the estimates of the total
amount of temporal integration are susceptible to accumula-
tion of systematic biases. At high levels, the variable tone
typically is set to a level slightly below that required for
equal loudness~e.g., Stevens, 1955; Scharf, 1961; Port,
1963; Florentine et al., 1996!, which would cause the
amount of temporal integration to be underestimated when
only the short tone is varied. Thus, it is not surprising that
the amounts of temporal integration reported by Pedersen
and Poulsen~1973! are smaller than those obtained in the
present study. Nevertheless, the present study is qualitatively
consistent with the previous study in that both found a ten-

dency towards larger amounts of temporal integration in im-
paired listeners than in normal listeners when the groups are
compared at equal, high SPLs. However, when normal and
impaired listeners are compared at equal SLs, the amount of
temporal integration for impaired listeners tends to be in the
low end of the normal range, except when the hearing loss is
abrupt~see Fig. 7!. Indeed, the amount of temporal integra-
tion for detection~i.e., at 0 dB SL! generally is reduced when
the threshold is elevated by cochlear hearing losses, as has
been shown by many previous studies~for review, see Flo-
rentineet al., 1988!, as well as in the present study.

It also may be instructive to compare the effects of hear-
ing impairment on temporal integration of loudness to those
of partial masking, because it often has been suggested that
partial masking increases the rate of loudness growth near
masked threshold in a manner similar to the abnormally fast
growth of loudness that is typical of listeners with cochlear
hearing losses~e.g., Steinberg and Gardner, 1937; Richards,
1973; see also Florentine and Buus, 1986; Buus and Floren-
tine, 1989!. Two studies have measured temporal integration
of loudness under partial masking~Richards, 1977; Floren-
tine et al., 1998!. Although neither study aimed to simulate
any particular impaired listener, qualitative comparisons may
be made with the present study. Both studies of partial mask-
ing found that temporal integration at high levels was unaf-
fected by the presence of a masker, which is similar to the
finding that the amount of temporal integration for most im-
paired listeners tested at high SPLs is equal to or slightly
larger than that for normal listeners tested at the same SPLs.
In addition, Florentineet al. ~1998! found that the maximal
amount of integration decreased and occurred at increasingly
higher-tone SPLs as the masker level increased. The SL at
which the maximum occurred decreased as the masker level
increased. These findings are qualitatively similar to those
for impaired listeners. The present study shows that the
maximal amount of temporal integration tends to be smaller
in impaired listeners than in normal listeners, except in cases
of abrupt loss. The SPL at which the maximum occurs in-
creases as the hearing loss increases, but the SL decreases.

It should be noted that the present study did not find an
orderly relation between the listeners’ thresholds and their
maximal amounts of temporal integration, contrary to the
orderly decrease of the maximal amount of temporal integra-
tion with increasing masker level reported by Florentine
et al. ~1998!. This difference between hearing loss and mask-
ing may be understood by considering the mechanisms of
threshold elevation in the two cases. In Florentineet al.’s
~1998! study, the threshold elevation was caused by on-
frequency masking, which most likely is excitatory~Del-
gutte, 1990! and increases threshold by increasing the activ-
ity in the auditory channel tuned to the signal, thus requiring
the signal to produce more activity before it can be heard. In
any event, elevating the threshold by masking evokes a uni-
form mechanism of threshold elevation across listeners, and
it is not surprising that an orderly relation is obtained be-
tween the amount of threshold elevation and the maximal
amount of temporal integration, which reflects the shallowest
slope of the loudness function, as explained later.

Cochlear hearing loss appears to involve two indepen-
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dent mechanisms of threshold elevation. One is a loss of
transduction efficiency by the inner hair cells, which pro-
duces a loss that may be considered similar to an attenuation
of the neural output~e.g., Florentine and Zwicker, 1979! or
an attenuation of the acoustic signal~Patuzzi, 1993; Moore
and Glasberg, 1997!. In either case, the hearing loss does not
change the form of the loudness function, but shifts it down
along the loudness axis or to the right along the signal-level
axis. The other mechanism is a loss of mechanical amplifi-
cation of the basilar-membrane vibration by the outer-hair
cells, which causes a loss of compression and alters the form
of the loudness function~Yates, 1990b; Ruggero and Rich,
1991; Patuzzi, 1993; Moore and Glasberg, 1997!. Because a

given amount of hearing loss can result from different
amounts of inner- and outer-hair-cell damage, the amount of
alteration to the loudness function caused by a given amount
of hearing loss can vary among listeners. Accordingly, it is
not surprising that no orderly relation between the amount of
hearing loss and the maximal amount of temporal integration
is obtained in the present study.

In conclusion, it appears that the effects of partial mask-
ing on temporal integration of loudness are very similar to
those of a typical cochlear impairment, but are much more
orderly. The difference in orderliness probably occurs be-
cause masking involves a uniform mechanism of threshold
elevation, whereas hearing loss involves two mechanisms
that allow the effects of a given hearing loss to vary among
listeners.

B. Relation between temporal integration and growth
of loudness in impaired listeners

Previous papers suggested that a close relationship
might exist between the temporal-integration function and
the growth of loudness~Florentineet al., 1996, 1998; Buus
et al., 1997!. The relationship can be quantified by assuming
that the ratio between the loudnesses of a long and a short
tone of equal SPL is independent of the SPL. Although it has
yet to be investigated whether this simple relation is strictly
true across the entire dynamic range, the assumption of a
constant-loudness ratio yields a relation between temporal
integration and growth of loudness that appears very useful.
If one assumes that the loudness of a 200-ms tone is, for
example, four times the loudness of an equal-SPL 5-ms tone,
the loudness functions for both tones can be derived from the
temporal-integration function, except for a multiplicative
constant. In other words, the equal-loudness-ratio hypothesis
does not provide an estimate of the absolute loudness. Any
pair of loudness functions for 5- and 200-ms stimuli plotted
on a logarithmic scale of loudness may be moved vertically
without losing consistency with the temporal-integration
functions. This vertical movement is similar to the normal-
ization generally applied to direct measurements of the loud-
ness function by the method of magnitude estimation.

As shown in Fig. 8, the equal-loudness-ratio assumption
means that the loudness functions for the 5- and 200-ms
tones are parallel when they are plotted in the conventional
manner with loudness on a logarithmic scale as a function of
the SPL of the tone. That is, the vertical distance between the
loudness functions is constant, owing to the assumption of a
level-independent loudness ratio between them. The amount
of temporal integration is the horizontal distance between the
functions at some fixed loudness. Accordingly, the loudness
functions must be steep when the amount of temporal inte-
gration is small, and shallow when it is large.

As illustrated by the arrows in the figure and explained
in the caption, the equal-loudness-ratio hypothesis predicts
that the slope of the loudness function is roughly inversely
proportional to the amount of temporal integration. The pro-
portionality constant depends on the vertical distance be-
tween the functions; that is, the value of the fixed-loudness
ratio. The ratio is unknown because it depends on the dura-
tions of the short and long tones and on how loudness grows

FIG. 8. Relation between the amount of temporal integration for loudness
and the loudness function for normal and impaired listeners. The bottom
panel shows the temporal-integration functions for normal listeners~aver-
aged across listeners and frequencies; solid line! and for impaired listener
MF3 at 1~dashed line! and 4 kHz~dotted line!. The top panel shows loud-
ness functions for 200-~thick lines! and 5-ms tones~thin lines! derived from
these temporal-integration functions under the assumption that the ratio of
their loudnesses is 4.2 at all SPLs both for normal listeners and for the
impaired listener. The arrows to the dotted lines illustrate the application of
the equal-loudness-ratio hypothesis to MF3’s data. When the 200-ms tone is
at 70 dB SPL, the amount of temporal integration is just over 8 dB and its
loudness is just below 0.3 sones. The loudness of the 5-ms tone is 4.2 times
less, or about 0.07 sones. To match the temporal-integration data, the loud-
ness of the 5-ms tone must grow from 0.07 sones at 70 dB SPL to 0.3 sones
at just over 78 dB SPL. This indicates that the loudness function must be
quite steep; the exponent is about 10 dB3log~4.2!/8 dB50.79. When the
200-ms tone is at 90 dB SPL, the amount of temporal integration is near 22
dB and the loudness is about 5.5 sones. The loudness of the 5-ms tone is
again 4.2 times less, or about 1.3 sones. To match the temporal-integration
data, the loudness of the 5-ms tone must grow from 1.3 sones at 90 dB to 5.5
sones at 112 dB SPL. This indicates that the loudness function must be
rather shallow; the exponent is about 10 dB3log~4.2!/22 dB50.28.
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with duration. However, the fixed ratio can be estimated by
requiring the loudness function obtained from the temporal-
integration function of normal listeners to approximate the
‘‘standard’’ loudness function. For the loudness functions in
Fig. 8 the ratio is 4.2, which yields a normal loudness func-
tion close to Zwislocki’s~1965! modified power function,
except at high levels. As noted above, the vertical position of
the loudness functions cannot be determined from the
temporal-integration functions. The normal loudness func-
tions in Fig. 8 are positioned to yield a monaural loudness of
about 0.5 sones for a 200-ms tone at 36 dB SL~correspond-
ing to a binaural loudness of 1 sone at 40 dB SPL in the free
field!.

The solid lines in Fig. 8 shows the average normal
temporal-integration function~lower panel! and the loudness
function ~upper panel! derived from it when the loudness
ratio between 200- and 5-ms tones at equal SPLs is 4.2 at all
SPLs. To maintain the constant vertical distance between the
5- and 200-ms loudness functions, they are steep when the
amount of temporal integration is small, and shallow when it
is large. The primary difference between the normal loudness
function shown in Fig. 8 and the standard modified power
function ~Zwislocki, 1965! is that the former shows a steep-
ening at high levels, because the amount of temporal integra-
tion decreases at high levels. It is noteworthy that the normal
loudness function in Fig. 8 is at least qualitatively similar to
the compressive transfer function used in the models of
Moore, Oxenham, and colleagues~Moore et al., 1996; Ox-
enham and Moore, 1997; Oxenhamet al., 1997; Moore and
Oxenham, 1998!. The loudness function derived from our
temporal-integration measurements also shows features simi-
lar to the mechanical input/output function measured at the
basilar membrane. The amplitude of basilar-membrane vi-
bration grows more slowly with acoustic amplitude at mod-
erate levels than at low and high levels~e.g., Robleset al.,
1986; Yates, 1990a!.

To explore the implications of the equal-loudness-ratio
hypothesis for the present data, one may assume that the
loudness ratio between equal-SPL 200- and 5-ms tones is the
same in normal and in typical impaired listeners, as illus-
trated by the vertical arrows. If the equal-loudness-ratio hy-
pothesis holds and if a typical hearing loss does not alter the
loudness ratio between short and long tones, the similarities
and differences between the normal and impaired temporal-
integration functions should reflect similarities and differ-
ences between normal and impaired loudness-growth func-
tions. This is illustrated by the broken lines in Fig. 8, which
show temporal-integration functions~lower panel! and the
corresponding loudness functions~upper panel! for listener
MF3 at 1~dashed lines! and 4 kHz~dotted lines!. Again, the
vertical position of the loudness functions cannot be deter-
mined from the temporal-integration functions. The loudness
functions for MF3 are positioned to yield close-to-normal
loudness at high levels, consistent with complete recruit-
ment. This position also is consistent with clinical estimates
of her loudness function at 4 kHz. The horizontal distance
between the normal loudness functions and MF3’s loudness
functions at 4 kHz~that is, the gain required to produce
normal loudness at 4 kHz! is within 2 dB of that estimated

from category-scaling measurements of loudness functions
for normal listeners and for MF3 in another laboratory.

As shown by the dotted line in the bottom panel, MF3’s
temporal-integration function at 4 kHz showed a relatively
small amount of temporal integration, just over 8 dB, at 70
dB SPL ~about 10 dB SL for the 200-ms tone!. Because the
vertical distance between the 5- and 200-ms loudness func-
tions is fixed, her loudness functions must be quite steep to
yield a horizontal distance of only 8 dB. This is consistent
with the recruitment that usually results from cochlear im-
pairment. For high-SPL tones at 4 kHz, MF3 shows more
temporal integration than normal listeners, which indicates
that her loudness function may be shallower. Overall, MF3’s
data at 4 kHz appear consistent with a loss of compression at
low SLs whereas considerable compression may be present
at levels above 90 dB SPL. In terms of excitation-pattern
models of loudness in impaired listeners~Florentine and
Zwicker, 1979; Moore and Glasberg, 1997!, calculations in-
dicate that all of her hearing loss is due to outer-hair-cell
damage~Moore, personal communication!.

The temporal-integration data for MF3 at 1 kHz are
quite different from those at 4 kHz. Near threshold and at
high levels her amount of temporal integration is about 12 or
13 dB, which is comparable to that obtained for normal lis-
teners near threshold and around 95 dB SPL. However,
MF3’s data show only a very small effect of level on the
amount of temporal integration, which causes the predicted
loudness functions to be nearly perfect power functions. The
loudness functions predicted for MF3 at 1 kHz have about
the same slope as the normal listeners’ loudness functions
near threshold, but are steeper than those for normal listeners
at the same SPLs. This indicates that some recruitment is
present. The slope at high levels is similar to normal when
evaluated at equal SPLs, consistent with complete recruit-
ment. Again, the loudness functions derived from MF3’s
temporal-integration data appear to indicate that her hearing
loss is due to outer-hair-cell damage.

According to the excitation-pattern models of loudness
in impaired listeners~Florentine and Zwicker, 1979; Moore
and Glasberg, 1997!, the form of impaired listeners’ loud-
ness functions can vary widely depending on the extent to
which the hearing loss is due to damage of inner- or outer-
hair cells. According to the equal-loudness-ratio hypothesis,
the form of the temporal-integration function changes with
the form of the loudness function. Therefore, the wide varia-
tion of the temporal-integration functions obtained for the
impaired listeners is likely to reflect varying proportions of
inner- and outer-hair-cell damage. The dominant trends of
the present data certainly seem to agree with expectations
derived from the general properties of loudness growth in
impaired listeners. The normal or slightly larger-than-normal
temporal integration obtained for impaired listeners at high
SPLs indicates that impaired listeners’ loudness functions
should have normal or slightly flatter-than-normal slopes at
high levels. This seems consistent with measurements and
theories of loudness in impaired listeners~e.g., Miskolczy-
Fodor, 1960; Florentine and Zwicker, 1979; Florentineet al.,
1997; Hellman and Meiselman, 1991; Moore and Glasberg,
1997!, which typically show nearly normal growth of loud-
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ness in cochlear-impaired listeners tested at high levels, well
above their elevated thresholds. Indeed, the excitation-
pattern model of loudness for impaired listeners can predict
even shallower-than-normal loudness functions for impaired
listeners at high levels~Moore, personal communication!.
Likewise, the tendency of most impaired listeners to show
less-than-normal amounts of temporal integration at and near
threshold is consistent with these listeners’ steeper-than-
normal growth of loudness for tones near threshold~e.g.,
Miskolczy-Fodor, 1960; Hellman and Meiselman, 1991;
Moore and Glasberg, 1997!.

The finding that maximal amounts of temporal integra-
tion tend to be smaller than normal in most impaired listen-
ers indicates that the most compressive part of the loudness
function is steeper in impaired than in normal listeners. This
notion is consistent with the idea that cochlear impairments
lead to a reduction or even complete loss of compression
~Moore and Glasberg, 1997!. Listeners with abrupt losses are
an exception because their loudness functions are flatter than
normal for frequencies close to the highest frequency of
near-normal hearing~Hellman, 1994; Florentineet al., 1997;
McDermottet al., 1998!. Accordingly, one would expect lis-
teners with abrupt losses to show larger-than-normal
amounts of temporal integration at frequencies close to the
onset of an abrupt loss. The present data for two listeners
with abrupt losses fulfill this expectation.

C. Implications for signal processing in hearing aids

The loudness functions shown in Fig. 8 also have inter-
esting implications for the design of hearing aids intended to
restore impaired listeners’ perception of loudness to normal.
The gain required for loudness restoration may be estimated
as the horizontal distance between the loudness function for
normal listeners and that for the impaired listener. Figure 9
shows the hearing-aid gain estimated in this manner for MF3
at 1 and 4 kHz. The gain for 1-kHz stimuli decreases steadily
with increasing sound level to reach 0 dB at high levels. This
estimate is consistent with the notion that wide-dynamic-
range compression is best suited to restore impaired listen-

ers’ loudness growth~Barfod, 1978; Killion, 1993!. The gain
function for 4-kHz stimuli is within 2 dB of that derived
from clinical category-scaling measurements obtained for
MF3, as noted in the discussion of the loudness functions in
Fig. 8. This gain function also decreases for input levels up
to just over 90 dB SPL, but increases somewhat at higher
levels due to the apparent compression in MF3’s 4-kHz loud-
ness function at high levels. Despite the departure from con-
stant gain at high levels, the 4-kHz gain function is reason-
ably close to that provided by a hearing aid with wide-
dynamic-range compression. The findings of gain functions
consistent with those derived from other measurements of
loudness in impaired listeners indicate that the temporal-
integration data for impaired listeners are likely to reflect the
properties of their loudness functions and a level-
independent loudness ratio between long and short tones.

Clinical loudness measurements used to estimate suit-
able gain characteristics for hearing aids usually employ
tones of relatively long durations, such that the gain func-
tions may be most appropriate for long-duration stimuli. Al-
though many natural sounds are characterized by brief peri-
ods of relatively high intensity surrounded by periods of
lower intensity, little consideration has been given to produc-
ing the appropriate gain for brief stimuli. The present data
for temporal integration together with the equal-loudness-
ratio hypothesis provide estimates of loudness functions for
both long and short stimuli, and allow gain functions for both
to be derived. If the loudness ratio between long and short
stimuli is the same in normal and impaired listeners, the
normal and impaired loudness functions for short stimuli are
displaced vertically from those for long stimuli by the same
amount. Accordingly, the horizontal distances are main-
tained, which results in the prediction that the gain required
to restore loudness of a sound of a given SPL is the same for
long and short stimuli.

The requirement of identical gain for short and long
stimuli with the same SPL can be approximated if a fast
attack time is used for the compression hearing aid. To pro-
duce normal temporal variation in the loudness, a fast release
time may also be desirable. However, compression schemes
in which both the attack and the release are fast reduce the
modulation depth of time-varying stimuli. Such a reduction
in modulation depth may be undesirable because impaired
listeners’ sensitivity to amplitude modulation generally is
similar to or worse than normal~e.g., Bacon and Viemeister,
1985; Hall and Grose, 1989; Bacon and Gleitman, 1992;
Moore et al., 1992!. Moreover, the overall loudness of a
time-varying sound often is close to the loudness of its peaks
~Fastl, 1975; Zwicker, 1977, 1984; Zwicker and Fastl, 1990;
Zhang and Zeng, 1997!. @The overall loudness may be closer
to the average loudness when the modulation depth is mod-
erate ~Moore et al., 1998!, but in this case the difference
between the average loudness and the peak loudness is rela-
tively small.# Thus, compression with a fast attack time may
be sufficient to produce near-normal loudness in impaired
listeners, and it is unclear whether a fast release time is nec-
essary or even desirable.

The prediction of identical gains for long and short
stimuli resulted from the assumption that hearing impairment

FIG. 9. Predicted hearing-aid gain necessary to restore normal loudness for
listener MF3 is plotted as a function of input level for tones at 1~dashed
line! and 4 kHz~dotted line!. The predictions are identical for 5- and 200-ms
tones.
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did not alter the loudness ratio between long and short tones.
Whereas this assumption seems reasonable for most listeners
with cochlear impairments, it has yet to be verified. In addi-
tion, it may be incorrect for some listeners such as F2, who
shows markedly lower-than-normal amounts of temporal in-
tegration. Unusually small amounts of temporal integration
may reflect an abnormally rapid adaptation of neural activity
in the auditory system, which is likely to reduce the rate at
which loudness increases with duration. This would result in
a smaller-than-normal loudness ratio between long and short
tones. The amount of temporal integration for F2 at 4 kHz
was only about 4 dB near her threshold of 68 dB SPL, in-
creased to a maximum of about 9 dB around 90 dB SPL, and
decreased to about 6 dB at high SPLs. These small amounts
of temporal integration would imply very steep loudness
functions, if the loudness ratio between long and short tones
were normal. If the loudness ratio between 200- and 5-ms
tones is assumed to be reduced to about 2.3 by abnormal
adaptation, however, the loudness functions predicted for F2
have the same slope as the normal loudness functions at high
SPLs as shown in Fig. 10.

Because the abnormal adaptation ought to reduce the
loudness of long-duration stimuli, the vertical position of the
predicted loudness functions in the top panel of Fig. 10 was
chosen to show normal loudness for 5-ms tones at high lev-
els, but reduced loudness~incomplete recruitment! for long
tones. The gain functions predicted for loudness restoration
are shown in the lower panel. As for the listener with a
normal loudness ratio between long and short tones~and,
presumably, normal adaptation!, the gain functions require
wide-dynamic-range compression. However, due to F2’s al-
tered loudness ratio between long and short tones, the gain
required for 5-ms tones is no longer the same as that for
200-ms tones. The gain for a 5-ms tone~dotted line! de-
creases to 0 dB at high levels as follows from the assumption
of complete recruitment; the gain for a 200-ms tone~dashed
line! also decreases with increasing level, but is always
higher than that for the 5-ms tone. Whereas the gain for any
given input SPL and the detailed form of the gain function
depend critically on the vertical position chosen for F2’s
loudness functions, the prediction of higher gain for long
than for short stimuli does not. It results from the assumption
of a reduced loudness ratio.

The goal of having higher gain for long than for short
sounds may be met by properly designed digital signal pro-
cessing. However, such processing is likely to introduce an
undesirable delay and/or distortion to the signal envelope,
which could reduce speech intelligibility and outweigh any
advantage gained by restoring loudness. Therefore, it may be
advantageous to use the same gain for brief and long signals,
even in cases of abnormal adaptation and unusually small
amounts of temporal integration. Certainly, a duration-
independent gain function ought to provide a reasonable ap-
proximation to restoration of normal loudness because the
gains required for brief and long signals of equal SPL usu-
ally differ by only a few dB. However, the optimal gain for
listeners with abnormal adaptation may be slightly lower
than the gain derived from loudness measurements with long
signals.

IV. SUMMARY

The present study obtained measurements of loudness
balance between 5- and 200-ms tones at various frequencies
to assess how temporal integration for loudness varies with
level in 15 listeners with hearing impairments of predomi-
nantly cochlear origin and in a control group of seven age-
matched listeners with normal hearing. The main conclu-
sions are:

~1! The amount of temporal integration for loudness, defined
as the level difference between equally loud 5- and
200-ms tones, varies nonmonotonically with level and
shows a maximum at moderate SLs in all normal listen-
ers and in most impaired listeners.

~2! The effect of level on the amount of temporal integration
varies considerably among normal listeners and varies
even more among impaired listeners.

~3! The amount of temporal integration for loudness near

FIG. 10. Loudness functions and predicted hearing-aid gain necessary to
restore normal loudness for listener F2, who showed very small amounts of
temporal integration. The upper panel shows loudness functions for 5-~thin
lines! and 200-ms tones~thick lines! for normal listeners~solid lines! and
for listener F2 at 4 kHz~dotted lines!. The lower panel shows the hearing-
aid gain predicted as the horizontal distance between the normal and im-
paired loudness functions for 5-~dotted line! and 200-ms tones~dashed
line!. Because F2’s abnormally small amounts of temporal integration were
assumed to reflect abnormal adaptation of auditory activity, the equal-
loudness-ratio hypothesis predicts that a higher gain is needed to restore
loudness for 200- than for 5-ms tones.

3478 3478J. Acoust. Soc. Am., Vol. 105, No. 6, June 1999 Buus et al.: Loudness and duration in cochlear losses

Downloaded 28 Jun 2010 to 192.38.67.112. Redistribution subject to ASA license or copyright; see http://asadl.org/journals/doc/ASALIB-home/info/terms.jsp



threshold generally approaches that for detection and
tends to be smaller in impaired listeners than in normal
listeners.

~4! The amount of temporal integration for loudness at high
SPLs usually is about the same or even slightly larger in
impaired listeners than in normal listeners tested at the
same SPLs.

~5! When evaluated at equal SLs, the impaired listeners tend
to show normal or less-than-normal amounts of temporal
integration, except when the hearing loss is abrupt—i.e.,
increases more than 50 dB per octave above the test
frequency.

~6! The amounts of temporal integration for loudness in lis-
teners with abrupt losses are much larger than normal for
frequencies at or somewhat below the highest frequency
of near-normal thresholds.

~7! The large amounts of temporal integration obtained for
listeners with abrupt losses are consistent with these lis-
teners’ flatter-than-normal loudness functions and the
hypotheses that the loudness ratio between equal-SPL
long and short tones is independent of SPL and is the
same in normal and most impaired listeners.

~8! Overall, the results for impaired listeners appear consis-
tent with expectations based on knowledge of the gen-
eral properties of their loudness-growth functions and
the equal-loudness-ratio hypothesis. The large variation
of the impaired listeners’ temporal-integration functions
may reflect large variation in their loudness-growth func-
tions resulting from differing balances between inner-
and outer-hair-cell dysfunction.

~9! Application of the equal-loudness-ratio hypothesis to the
present data indicates that the hearing-aid gain necessary
to restore normal loudness is independent of stimulus
duration for most impaired listeners. However, some im-
paired listeners have abnormally small amounts of tem-
poral integration, which may result from abnormally fast
adaptation of auditory activity. For these listeners, the
gain required for restoring normal loudness may be
higher for long than for brief stimuli.
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