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Testing and refining a loudness model for time-varying sounds
incorporating binaural inhibition

Brian C. J. Moore,a) Matthew Jervis, Luke Harries, and Josef Schlittenlacher
Department of Experimental Psychology, University of Cambridge, Downing Street, Cambridge CB2 3EB,
United Kingdom

(Received 29 September 2017; revised 23 February 2018; accepted 26 February 2018; published
online 16 March 2018)

This paper describes some experimental tests and modifications to a model of loudness for time-

varying sounds incorporating the concept of binaural inhibition. Experiment 1 examined the loud-

ness of a 100% sinusoidally amplitude-modulated 1000-Hz sinusoidal carrier as a function of the

interaural modulation phase difference (IMPD). The IMPD of the test sound was 90� or 180� and

that of the comparison sound was 0�. The level difference between the test and the comparison

sounds at the point of equal loudness (the LDEL) was estimated for baseline levels of 30 and 70 dB

sound pressure level and modulation rates of 1, 2, 4, 8, 16, and 32 Hz. The LDELs were negative

(mean¼�1.1 and �1.5 dB for IMPDs of 90� and 180�), indicating that non-zero IMPDs led to

increased loudness. The original version of the model predicted the general form of the results, but

there were some systematic errors. Modifications to the time constants of the model gave a better fit

to the data. Experiment 2 assessed the loudness of unintelligible speech-like signals, generated

using a noise vocoder, whose spectra and time pattern differed at the two ears. Both the original

and modified models gave good fits to the data. VC 2018 Acoustical Society of America.

https://doi.org/10.1121/1.5027246

[MD] Pages: 1504–1513

I. INTRODUCTION

This paper presents experimental data testing the model

described by Moore et al. (2016), which generates predic-

tions of the loudness of time-varying sounds, including

sounds that differ at the two ears. The model incorporates the

concept that a signal applied to one ear can reduce the inter-

nal response to a signal applied to the other ear (Moore and

Glasberg, 2007; Glasberg and Moore, 2010). This concept,

called binaural inhibition, has been used in some models

of sound localization and binaural unmasking (Lindemann,

1986; Breebaart et al., 2001), although in those models the

inhibition refers to specific classes of neurons with binaural

responses, whereas in the model it refers to a broadband con-

tralateral inhibition. Also, the binaural inhibition in the model

of Moore et al. (2016) may partly reflect the operation of the

medial olivo-cochlear reflex (Guinan, 2006). The concept of

binaural inhibition was introduced to account for the finding

of several recent studies that the level difference required for

equal loudness (LDEL) of a monaural and diotic sound is

5 to 6 dB, rather than the 10 dB that would occur if loudness

simply summed across the two ears (Scharf, 1969; Whilby

et al., 2006; Edmonds and Culling, 2009; Moore et al., 2014;

Schlittenlacher et al., 2014). The concept of binaural inhibi-

tion is also supported by data on the loudness of dichotic

sounds (Scharf, 1969; Gigerenzer and Strube, 1983; Glasberg

and Moore, 2010). In particular, Scharf (1969) showed that

the loudness of a tone presented to one ear could be reduced

by presenting a tone with a different frequency to the other

ear. When implementing the model, it was assumed that the

binaural inhibitory interactions are relatively broadly tuned,

consistent with the data of Scharf (1969).

The model described by Moore et al. (2016) is intended

to give accurate predictions of loudness in situations where

sounds differ at the two ears in spectrum, time pattern, or

both. The initial stages of the model are the same as for the

model of loudness for stationary sounds described by Moore

et al. (1997), with the modification proposed by Glasberg

and Moore (2006). The stages include for each ear a filter

to account for transmission of sound through the outer and

middle ear, calculation of the excitation pattern evoked by

the sound from the spectrum at the cochlea (Glasberg and

Moore, 1990), and transformation of the excitation pattern to

a specific loudness pattern (Moore, 2014; ANSI, 2007; ISO

532-2, 2017). The model for time-varying sounds was devel-

oped from the model described by Glasberg and Moore

(2002) and includes three stages with different degrees of

temporal smoothing, corresponding to instantaneous, short-

term, and long-term loudness. It is assumed that instanta-

neous loudness is not available to conscious perception,

although it may be represented in the brain (Thwaites et al.,
2016). Short-term loudness is meant to represent the loud-

ness of a short segment of sound, such as a word or a single

musical note, whereas long-term loudness is meant to repre-

sent the overall loudness of a longer segment of sound, such

as a sentence or a musical phrase.

It is not obvious at which stage binaural inhibition and

summation across frequencies and ears should be incorpo-

rated in the model. Moore (2014) described a version of the

model in which the binaural inhibition was applied immedi-

ately after the calculation of instantaneous loudness for each

ear. However, this model failed to predict the loudness ofa)Electronic mail: bcjm@cam.ac.uk
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amplitude-modulated (AM) sounds that differed in the phase

of their envelopes across the two ears. Schematic illustra-

tions of such sounds are shown in Fig. 1. Moore et al. (2016)

showed that, at equal overall levels, AM pure tones with an

interaural modulation phase difference (IMPD) of 90� or

180� (middle and bottom panels of Fig. 1) were louder than

a diotic AM tone with IMPD¼ 0� (top panel of Fig. 1). To

predict this effect, Moore et al. (2016) modified the model

described by Moore (2014) by implementing binaural inhibi-

tion after the calculation of short-term specific loudness for

each ear, as illustrated by the block diagram in Fig. 2. This

reflects the idea that binaural inhibition takes some time to

occur. Moore et al. (2016) assumed that binaural summation

happened later and was implemented separately for short-

and long-term loudness. This led to correct predictions of

the loudness of tones with an IMPD, as described by Moore

et al. (2016).

In the experiment described by Moore et al. (2016), only

a single carrier level [70 dB sound pressure level (SPL)] and

two AM rates (4 and 16 kHz) were used. In the present paper

we present data using a similar task to that of Moore et al.
(2016), but using two carrier levels (30 and 70 dB SPL) and

using a wide range of AM rates (1, 2, 4, 8, 16, and 32 Hz).

This was done to provide data that could be used to determine

more precisely appropriate values for the time constants used

in the model. In addition, we present data on the loudness

of speech-like (vocoded) sounds whose short-term spectra

and levels differed at the two ears. The data were compared

with predictions of the model, which provided a rationale for

changing two of the time constants in the model. With the

modified time constants, the model fitted both sets of data

well. For a full description of the model, the reader is referred

to Moore et al. (2016).

II. EXPERIMENT 1: THE LOUDNESS OF AM SOUNDS
WITH AN IMPD

A. Subjects

Twenty normal-hearing subjects (ten female) were

recruited with ages ranging from 18 to 44 yrs (mean¼ 23

yrs). All had audiometric thresholds �20 dB hearing level

(HL) for all audiometric frequencies from 125 to 8000 Hz.

None had any history of hearing disorders.

B. Stimuli

The stimulus at each ear was a 1000-Hz sinusoid that

was 100% AM at rate fm. The carrier was in phase at the two

ears. The AM rates (1, 2, 4, 8, 16, and 32 Hz) were chosen to

span the range that is dominant in the envelope of speech

(Plomp, 1983) and to provide information that could be used

to determine the most appropriate values of the time con-

stants used in the loudness model. The test sounds had an

IMPD of 90� or 180�, as illustrated by the middle and bottom

panels in Fig. 1. For example, when the IMPD was 180�, a

peak in the envelope at one ear coincided with a minimum in

the envelope at the other ear. Subjects were required to com-

pare the loudness of each of these sounds to that of a com-

parison sound, which had IMPD¼ 0� (top panel in Fig. 1).

Either the test or the comparison sound was fixed in level at

30 or 70 dB SPL, while the other sound was varied in level.

The starting phase of the modulator in one ear was randomly

chosen (uniform distribution over the range 0�–360�), while
FIG. 1. (Color online) Schematic illustration of stimuli with IMPD values of

0� (top), 90� (middle), and 180� (bottom).
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preserving the IMPD. The duration was 1 s, including raised-

cosine rise and fall times of 5 ms.

Stimuli were generated digitally at a sample rate of

44.1 kHz. The signal was converted from digital to analog

form by a M-Audio Delta 44 audio interface (Cumberland,

RI) and passed through manual attenuators (Hatfield, 2125,

Hatfield, United Kingdom) to a Sennheiser HD580 headset

(Wedemark, Germany).

C. Procedure

The conditions were presented in 24 blocks; 6 values

of fm� 2 levels� 2 IMPDs. The order of the blocks was

pseudo-random and was different for each subject. A two-

interval, two-alternative forced-choice paradigm with a one-

up/one-down rule was used to estimate the level difference

between the test sound and the comparison sound at the point

of equal loudness (the LDEL). The interval between the two

sounds was 500 ms, and the test and comparison sounds

were equally often first and second (selected at random for

each trial). The task of the subject was to indicate whether

the first sound or the second sound in each trial was louder.

Within each block there were four interleaved adaptive

tracks: (1) with the level of the comparison sound fixed and

the level of the test sound varied, the latter starting 10 dB

above the former; (2) with the level of the comparison sound

fixed and the level of the test sound varied, the latter starting

10 dB below the former; (3) with the level of the comparison

sound varied and the level of the test sound fixed, the latter

starting 10 dB above the former; (4) with the level of the com-

parison sound varied and the level of the test sound fixed, the

latter starting 10 dB below the former. To encourage the sub-

ject to compare the two stimuli within a trial rather than mak-

ing comparisons to a long-term memory estimate of loudness,

the levels of both sounds within a trial were changed by an

equal amount, drawn from a uniform distribution between �5

and þ5 dB.

The order of the four interleaved tracks was random with

the constraint that a reversal had to occur for all of them

before moving on to the next step in the track. For each track,

the initial step size of 5 dB was reduced to 3 dB after one

reversal and to 1 dB after one more reversal. Six reversals

were obtained using the 1-dB step size. The mean level dif-

ference over the last four reversals for each track was taken

as the LDEL of the test and comparison sounds. The LDEL

values were averaged across the two tracks with starting level

differences of 610 dB, separately for the two tracks with the

comparison sound varied and the two tracks with the test

sound varied.

Before testing proper commenced, each subject completed

one practice block, using the test sound with IMPD¼ 180�.
The practice block was shorter than in the main experiment,

with only four reversals for each track.

D. Results

The results for one subject were highly variable and

showed a different pattern to that of the remaining subjects.

The results for that subject were excluded from further anal-

ysis, although none of the main outcomes was changed when

the data for that subject were included. The results for the

remaining 19 subjects are shown in Fig. 3. The squares show

LDEL values obtained when the comparison sound was var-

ied in level and the circles show LDEL values obtained

when the test sound was varied in level. Differences between

the circles and squares reflect biases, which were relatively

small (mostly less than 0.5 dB). The mean LDEL values are

indicated by the dotted lines. The asterisks show the mean

LDEL values obtained by Moore et al. (2016) using identical

stimuli and methods for fm¼ 4 and 16 Hz for the level of

FIG. 2. Block diagram of the loudness model of Moore et al. (2016).
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70 dB SPL. There is reasonably good agreement between the

two sets of results, although the LDEL values for the earlier

results for fm¼ 16 Hz are somewhat less negative than for

the present results.

The LDEL values were all negative, indicating that the

sounds with IMPD¼ 90� or 180� were louder than the corre-

sponding sounds with IMPD¼ 0�. Prior to analysis, the average

was taken of the LDEL values obtained when the comparison

sound was varied in level and those obtained when the test

sound was varied in level. A repeated-measures analysis of var-

iance was conducted on these averaged LDEL values with fac-

tors fm, level, and IMPD. Although there was a trend for the

LDEL values to decrease for the two highest values of fm, the

effect of fm was not significant: F(5, 90)¼ 1.82, p¼ 0.12. The

effect of level was also not significant: F(1, 18)¼ 0.45,

p¼ 0.51. The effect of IMPD was significant: F(1, 18)¼ 9.74,

p¼ 0.006. The mean LDEL values were �1.1 dB for IMPD

¼ 90� and �1.5 dB for IMPD¼ 180�. No interactions were

significant.

The solid lines in Fig. 3 show LDEL values predicted by

the model of Moore et al. (2016). These were generated as fol-

lows. For sounds like those used in experiment 1, the calcu-

lated long-term loudness fluctuates slightly, especially when

fm is low. The overall loudness can be predicted either from

the average of the long-term loudness values or from the max-

imum value of the long-term loudness. The rank-ordering of

the predictions for different sounds is similar for these two

methods. However, the maximum value of the long-term loud-

ness has been shown to give slightly more accurate predictions

of judged overall loudness than the mean long-term loudness

for a variety of transient sounds (Marshall and Davies, 2007)

and for unprocessed speech and speech that has been proc-

essed to increase or decrease its fluctuations in amplitude

(Zorila et al., 2016). Hence, in what follows, predictions of

overall loudness are based on the maximum value of the long-

term loudness. To generate predicted LDEL values, the input

level of one sound (the test or the comparison) was fixed at 30

or 70 dB SPL, the loudness was calculated, and then the input

level of the other sound (the comparison or the test) was itera-

tively adjusted to achieve the same predicted loudness.

The model correctly predicted that the LDEL values

should be negative, but there were some clear discrepancies

between the data and the predictions, especially for fm¼ 1, 2,

and 4 Hz and IMPD¼ 180�, where the model predicted LDEL

values that were 1–2 dB more negative than the obtained

values. The root-mean-square (RMS) deviation between the

obtained and predicted values was 0.80 dB and the largest sin-

gle deviation was 2.1 dB. Section IV describes how the time

constants of the model were modified to give a better fit to the

data.

III. EXPERIMENT 2: THE LOUDNESS OF DICHOTIC
SPEECH-LIKE SOUNDS

A. Rationale

The test sounds used in experiment 1 differed in their

temporal envelopes at the two ears, but used only a single

sinusoidal carrier. To provide a more general test of the loud-

ness model, we wanted to use stimuli whose spectra were

dynamically varying, and where the dynamic variations were

FIG. 3. Values of the level difference required for equal loudness (LDEL) of a comparison sound (100% AM tone with 0� IMPD) and a test sound with 100%

AM and an IMPD of 90� (left panels) or 180� (right panels), plotted as a function of modulation rate. The squares show LDEL values obtained when the com-

parison sound was varied in level and the circles show LDEL values obtained when the test sound was varied in level. Points are slightly laterally offset from

their correct positions on the x axis to avoid overlap of symbols. The level of the fixed sound was 30 dB SPL (top) or 70 dB SPL (bottom). Error bars show 61

standard error. The mean LDEL values are indicated by the dotted lines. The asterisks show the mean LDEL values obtained by Moore et al. (2016) using

identical stimuli and methods for fm¼ 4 and 16 Hz for the level of 70 dB SPL. Predictions of the model of Moore et al. (2016) are shown by solid lines.

Predictions using the model with modified time constants, as described in Sec. IV, are shown by dashed lines.
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different across the two ears. A real-life example of stimuli of

this type is when there are two talkers, one to the left and one

to the right of the listener. However, if such stimuli were used,

the listener would almost certainly perceptually segregate the

two sound sources and would probably judge the loudness of

just one of them (McAdams et al., 1998). The loudness model

does not include any form of auditory scene analysis and cal-

culates the loudness that would occur if the whole auditory

stimulus were perceived as one auditory object.

To overcome this difficulty, we decided to use four-channel

noise-vocoded speech (Dudley, 1939) derived from two differ-

ent passages (A and B) of speech from the same talker. Channel

outputs derived from passage A were mixed with channel out-

puts from passage B, so as to make completely unintelligible

stimuli, and the combinations of channels were different for the

two ears, creating independent spectro-temporal patterns at the

two ears; see below for details. Informal listening and subjective

reports by the subjects confirmed that the sounds appeared

speech-like, that they were unintelligible, and that they were per-

ceived as a single auditory object.

B. Subjects

Eight normal-hearing subjects (six female) were tested.

None of them participated in experiment 1. Their ages ranged

from 18 to 35 yrs (mean¼ 23 yrs). All had audiometric

thresholds �20 dB HL for all audiometric frequencies from

125 to 8000 Hz. None had any history of hearing disorders.

C. Stimuli

The input to the noise vocoder was based on two pas-

sages of speech (A and B) produced by the same female

speaker. The passages were each 14 s long and were each

extracted from a single longer recording. The speech samples

used during the experiment were 2-s segments of A and B

extracted from the longer A and B passages. They were cho-

sen pseudo-randomly by hand, taking care that each segment

contained fluent speech without any artefacts like breathing

or over-emphasis of specific words. The RMS level of the 2-s

segment of the unprocessed speech extracted from passage B

was adjusted so that the calculated loudness of the segment

matched the calculated loudness of the 2-s segment extracted

from passage A (based on the peak value of the long-term

loudness predicted by the model of Moore et al., 2016).

The vocoder used sixth-order bandpass filters whose

edge frequencies (3-dB down points) and center frequencies

were equally spaced on the ERBN-number scale, which has

units Cams (Glasberg and Moore, 1990; Moore, 2012). The

channel edges fell at 3.4 Cams (101 Hz) and 12.4 Cams

(642 Hz); 12.4 and 21.4 Cams (2070 Hz); 21.4 and 30.4 Cams

(5832 Hz); and 30.4 and 39.4 Cams (15 800 Hz). The enve-

lope of the signal at the output of each channel was extracted

via half-wave rectification and lowpass filtering using a third-

order filter with a cutoff frequency of 50 Hz. These envelopes

were used to modulate a pink-noise carrier, and the resulting

signals were bandpass filtered using the same filters as used

for analysis. This gave the desired channel signals, which are

designated by channel number from 1 to 4.

Two dichotic test signals were created. For one, denoted

13_24, channel signals 1 and 3 derived from segment A were

added to channel signals 2 and 4 derived from segment B and

presented to the left ear, while channel signals 2 and 4 derived

from segment A were added to channel signals 1 and 3 derived

from segment B and presented to the right ear. For the other,

denoted 12_34, channel signals 1 and 2 derived from segment

A were added to channel signals 3 and 4 derived from segment

B and presented to the left ear, while channel signals 3 and 4

derived from segment A were added to channel signals 1 and

2 derived from segment B and presented to the right ear. A

diotic comparison stimulus was created by adding all four

channels derived from segment A to all four channels derived

from segment B, reducing the level of the mixture by 3 dB

so as to equate the overall power of the test and comparison

stimuli, and presenting the mixture to both ears. The stimuli

were generated and presented using the same equipment as for

experiment 1.

D. Procedure

The procedure was the same as for experiment 1. An

adaptive procedure with four interleaved tracks was used to

estimate the LDEL of each test stimulus and the comparison

stimulus. The LDEL of the two test stimuli was also estimated.

E. Results

The mean results are shown in Fig. 4 by open bars. The

LDEL values for the two test stimuli when compared to the

comparison stimulus were negative (about �3 dB), indicating

that the two dichotic stimuli needed to be about 3 dB lower in

level than the comparison stimuli to achieve equal loudness.

This implies that if the levels were equated, the dichotic test

stimuli would be louder than the diotic comparison stimulus.

The LDEL when the two test stimuli were compared with

each other (13_24 vs 12_34) was very slightly positive. The

predictions of the model are shown by the gray bars. The

FIG. 4. Results of experiment 2. The open bars show LDEL values for dich-

otic speech-like test stimuli (13_24 and 12_34) relative to a diotic compari-

son stimulus and for the two dichotic test stimuli relative to each other.

Error bars show 61 standard error. The gray-shaded bars show predictions

of the model of Moore et al. (2016). The black bars show predictions of the

model with revised time constants, as described in Sec. IV.
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predicted LDEL values were close to the obtained values. In

summary, speech-like dichotic stimuli with differences in time

pattern and spectrum across the two ears were louder than cor-

responding diotic stimuli. This effect was correctly predicted

by the loudness model of Moore et al. (2016).

IV. MODIFYING THE TIME CONSTANTS OF THE
MODEL

The loudness model of Moore et al. (2016) predicted the

general form of the results obtained in experiment 1, but with

some systematic discrepancies. In this section, we describe

how the time constants of the model were modified to give

a better fit to the data of experiment 1 without adversely affect-

ing the fit to other sets of data. Note that predictions of the

data from experiment 2 were only slightly affected by the time

constants of the model, which is why we focused on fitting the

data for experiment 1.

In the model of Moore et al. (2016), the instantaneous

specific loudness pattern is calculated from an estimate of the

short-term spectrum of the signal reaching the cochlea. This

pattern is updated every 1 ms. The short-term specific loud-

ness is calculated from a running average of the instantaneous

specific loudness, separately for each center frequency (CF),

using a process resembling the way that a control signal is

generated in an automatic gain control (AGC) circuit, with an

attack time, Ta, and a release time, Tr. This is implemented as

follows. S0n is defined as the running short-term estimate of

specific loudness at the time corresponding to the nth frame,

Sn as the instantaneous specific loudness at the nth frame, and

S0n�1 as the short-term specific loudness at the time corre-

sponding to frame n-1. If Sn> S0n�1 (corresponding to an

attack, as the instantaneous specific loudness at frame n is

greater than the short-term loudness at the previous frame),

then

S0n ¼ aaSn þ ð1� aaÞS0n�1; (1)

where aa is a constant that is related to Ta,

aa ¼ 1� expð�Ti=TaÞ; (2)

where Ti is the time interval (1 ms) between successive val-

ues of the instantaneous specific loudness.

If Sn � S0n�1 (corresponding to a release, as the instanta-

neous specific loudness at frame n is less than the short-term

loudness), then

S0n ¼ arSn þ ð1� arÞS0n�1; (3)

where ar is a constant that is related to Tr,

ar ¼ 1� expð�Ti=TrÞ: (4)

Moore et al. (2016) set the values of aa and ar to 0.045

and 0.02 (Ta¼ 22 ms, Tr¼ 50 ms), respectively. The value of

aa was chosen to give reasonable predictions of the way that

loudness varies with duration, although there is considerable

variability across studies in this regard (Scharf, 1978). The

value of ar was chosen to give reasonable predictions of the

long-term loudness of AM sounds. The fact that aa is greater

than ar means that the short-term specific loudness can

increase relatively quickly when a sound is turned on, but it

takes somewhat longer to decay when the sound is turned

off; the decay may correspond to persistence of neural activ-

ity at some level in the auditory system.

In the model of Moore et al. (2016), binaural inhibition is

applied immediately after the calculation of the short-term

specific loudness, as shown in Fig. 2. It is assumed that the

binaural inhibition is broadly tuned, consistent with the data

of Scharf (1969). To implement this, the short-term specific

loudness pattern at each ear is initially smeared or smoothed

by a process resembling convolution with a Gaussian-shaped

weighting function. Let INHIPSI(i) denote the factor by which

the short-term smoothed specific loudness evoked by the signal

at one ear is reduced after inhibition produced by the signal at

the contralateral ear, where the frequency is represented by the

ERBN-number i in Cams. The inhibition is modeled by

INHIPSIðiÞ ¼ 2= 1þ fsechðN0CONTRAðiÞsmoothed=
h

N0IPSIðiÞsmoothedÞg
h
i
; (5)

where N0CONTRA and N0IPSI represent the smoothed short-term

specific loudness values for the contralateral and ipsilateral

ears, respectively, sech represents the mathematical function

hyperbolic secant, and h¼ 1.598. The reader is referred to

Moore et al. (2016) for full details. The short-term loudness

for each ear is calculated by summing the inhibited short-

term specific loudness values over CFs on the ERBN-number

scale from 1.75 to 39 Cams (Glasberg and Moore, 1990;

Moore, 2012). The overall binaural short-term loudness is

obtained by summing the short-term loudness values across

the two ears.

The long-term loudness for each ear is calculated from

the short-term loudness for that ear, again using a form of

averaging resembling the operation of an AGC circuit, with

parameters aal [related to the attack time of the averager, as

described in Eq. (2)] and arl (related to the release time of

the averager).

Moore et al. (2016) set the values of aal and arl to 0.01

and 0.0005 (corresponding to Tal¼ 99 ms and Trl¼ 2000 ms),

respectively. These were chosen to give reasonably accurate

predictions of the overall loudness of sounds that are AM at

low rates (Moore et al., 1999). Also, the fact that aal is greater

than arl means that the long-term loudness can increase rela-

tively quickly when a sound is turned on, but it takes a long

time to decay when the sound is turned off. The overall long-

term loudness is calculated by summing the long-term loud-

ness values for each ear.

To obtain a better fit to the LDEL values shown in Fig. 3,

the values of the four time constants, aa, ar, aal, and arl were

adjusted so as to minimize the RMS deviation between the

obtained and predicted LDEL values. Initially, we found the

optimum combination of aal and arl, using a grid method

(with many combinations of aal and arl). In this plane, the

minimum formed a “valley” stretching from both aal and

arl being small to both of them being large The RMS
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deviation for any point in this valley was less than 0.02 dB

above the global minimum RMS deviation. For this reason we

decided to adjust arl and keep aal fixed, so that predictions for

temporal integration were not changed. Then, a similar grid

method was used to find the optimum combination of aa

and ar. The best-fitting values of the constants were aa¼ 1

(Ta¼ 0), ar¼ 0.033 (Tr¼ 30 ms), aal¼ 0.01 (Tal¼ 99 ms), and

arl¼ 0.00133 (Trl¼ 751 ms), which led to an RMS deviation

of 0.41 dB. The original time constants were: aa¼ 0.045,

ar¼ 0.02, aal¼ 0.01, and arl¼ 0.0005. Hence the largest

changes were reductions in the attack time used for calculating

short-term loudness and the release time used for calculating

long-term loudness, with a small change in the release time

used for calculating short-term loudness. The value of aa¼ 1

is problematic, since it implies an instantaneous attack for

short-term loudness. However, the goodness of fit was only

slightly affected by the exact value of aa, and a good fit was

still obtained when aa was set to the original value of 0.045

(Ta¼ 22 ms); the best-fitting values of the other parameters

were not changed by this choice of aa, and the RMS deviation

in this case was 0.46 dB. It should be noted that the best choice

of ar was almost independent of aa, and was close to 0.033 for

any aa. In what follows, we use the following constants to gen-

erate predictions of the model: aa ¼ 0.045 (Ta¼ 22 ms),

ar¼ 0.033 (Tr¼ 30 ms), aal¼ 0.01 (Tal¼ 99 ms), and

arl¼ 0.00133 (Trl¼ 751 ms). The model using these time con-

stants is referred to as the “modified model.”

The predictions of the data from experiment 1 obtained

using the modified model are shown by the dashed lines in

Fig. 3. The model predicted the general trends in the data

well. The discrepancies between the obtained and predicted

values were markedly smaller for the modified model than

for the original model. For the modified model, the RMS

deviation between the obtained and predicted LDEL values

was 0.46 dB. The largest deviation was 0.86 dB. The grand

mean obtained values of the LDELs for IMPDs of 90� and

180� were �1.10 and �1.48 dB, whereas the predicted val-

ues were �1.07 and �1.66 dB, respectively. The grand mean

obtained values of the LDELs for the levels of 30 and 70 dB

SPL were �1.23 and �1.35 dB, whereas the predicted values

were �1.29 and �1.44 dB, respectively. The grand mean

obtained and predicted LDEL values for each AM rate are

shown in Table I, with predictions of the original model in

parentheses. There is a very good correspondence between

the predicted and obtained values for the modified model,

the largest deviation being 0.53 dB.

We consider in Sec. V the predictions of the modified

model for other time-varying sounds. Note that, for steady

diotic sounds, the predictions of the model are essentially the

same as those of the model for steady sounds (ANSI, 2007;

ISO 532-2, 2017).

V. PREDICTIONS OF THE MODIFIED MODEL

A. Temporal integration of loudness

Experiments involving loudness matches between sounds

of different durations have shown that the loudness of a sound

with fixed intensity increases with increasing duration up to

some “critical duration” and then reaches a plateau (Port,

1963). The critical duration has often been estimated to be

100–200 ms. However, estimated values of the critical duration

vary markedly across studies, from 10 to over 500 ms, proba-

bly because subjects find it difficult to compare the loudness of

sounds with different durations (for a review see Scharf,

1978). It has been proposed that reaction times are related to

loudness (Chocholle, 1940). Reaction times in response to

tone bursts decrease with increasing duration of the bursts

for durations up to about 40 ms, and then reach a plateau

(Schlittenlacher and Ellermeier, 2015). This is consistent with

the idea that the loudness of a sound of fixed intensity hardly

changes for durations greater than 40 ms.

For comparison with predictions of the model, we chose

data obtained in a round-robin study with many subjects

(Pedersen et al., 1977) using 1-kHz tones and data from the

same laboratory reported by Poulsen (1981) for 1 - and 4-kHz

tones. These data were recently analyzed by Hots et al.
(2014) who showed that the dynamic loudness model of

TABLE I. Comparison of grand mean obtained and predicted LDEL values

for each AM rate, with predictions based on the model with modified time

constants, as described in the text. Predictions of the original model are

given in parentheses.

AM rate, Hz Obtained LDEL, dB Predicted LDEL, dB

1 �1.29 �1.24 (�2.21)

2 �1.28 �1.78 (�2.37)

4 �1.55 �1.97 (�2.20)

8 �1.44 �1.66 (�1.64)

16 �1.18 �1.05 (�0.94)

32 �1.00 �0.47 (�0.42)

FIG. 5. Level required for a tone burst with duration from 5 to 320 ms to

have the same loudness as a tone with a duration of 640 ms and a level of

55 dB SPL, for frequencies of 1 kHz (upper panel) and 4 kHz (lower panel).

Solid lines show predictions based on the maximum short-term loudness for

the modified model. Filled circles show data of Poulsen (1981) and open

squares show data of Pedersen et al. (1977).
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Chalupper and Fastl (2002) did not give a good fit to the data,

while a modified model with two parallel temporal integration

stages with different time constants, as proposed by Kumagai

et al. (1984), gave a better fit. The symbols in Fig. 5 show the

level needed for a tone pulse with duration from 5 to 320 ms

to have the same loudness as a tone pulse with duration of

640 ms and a level of 55 dB SPL. The upper panel shows data

for a 1-kHz tone [open squares for Pedersen et al. (1977) and

filled circles for Poulsen (1981)] and the lower panel shows

data for a 4-kHz tone (Poulsen, 1981). The solid lines show

predictions of the modified model based on the maximum

value of the short-term loudness. For both frequencies, the

predicted level decreased with increasing duration up to about

80 ms and then reached a plateau, whereas the data showed a

small decrease when the duration was increased to values

above 80 ms. The biggest deviation between the data and pre-

dictions occurred for the shortest duration. The deviations of

the predictions from the data are comparable to those for the

model of Chalupper and Fastl (2002).

B. Loudness of speech and speech-like sounds

The use of a shorter release time for the long-term loud-

ness did not markedly change the predictions of the model

for speech sounds and speech-like sounds. Predictions of the

results of experiment 2 obtained with the modified model are

shown as black bars in Fig. 4. The predictions are very simi-

lar to those obtained using the original model, and corre-

spond very well to the obtained data. The RMS error was

0.30 dB for the original model and 0.35 dB for the revised

model; the difference was not significant. The mean LDEL

was �2.0 dB for the data, �2.1 dB for the original model,

and �1.8 dB for the revised model.

The revised model also gave reasonably accurate predic-

tions of the loudness of speech sounds that were processed

to decrease or increase their dynamic fluctuations (Zorila

et al., 2016).

C. The loudness of AM sounds

Data on the loudness of AM sounds in comparison to

steady sounds show considerable variability across studies

(Bauch, 1956; Hellman, 1985; Moore et al., 1999; Zhang

and Zeng, 1997; Grimm et al., 2002), probably because sub-

jects find it difficult to make such comparisons. Based on a

review of the literature, Glasberg and Moore (2002) con-

cluded that for sounds with very low AM rates, the loudness

corresponds to a level between the RMS level and the peak

level. For sounds with AM at intermediate rates, the loud-

ness corresponds to a level close to the RMS level. For

sounds with AM at high rates, the spectral sidebands may be

resolved (at least for sinusoidal carriers), which usually leads

to an increase in loudness; the modulation rate at which this

first occurs increases with increasing CF (Bauch, 1956).

To generate predictions of the loudness of AM tones,

we determined the level of a steady tone that gave the same

predicted long-term loudness as an AM tone of the same fre-

quency. For AM rates up to about 10 Hz, the long-term loud-

ness fluctuates slightly. This corresponds to the subjective

impression of listeners when attempting to judge the overall

loudness of sounds with low-rate AM. The listeners com-

plain that it is difficult to make a judgment of overall loud-

ness because the loudness is continually changing. To make

predictions for these cases, we used the peak value of the

long-term loudness evoked by the AM tone.

The solid black and gray lines in the upper panel of Fig. 6

show predictions of the modified and original models, respec-

tively, for a 4000-Hz carrier with 100% sinusoidal AM at rates

from 2 to 500 Hz, using a reference level of 70 dB SPL. The

figure shows the difference in RMS level between the modu-

lated and unmodulated tone required to give equal loudness

(the LDEL). If loudness were determined by the peak level for

low AM rates, the LDEL would be �4.2 dB. The predicted

difference for the modified model is about �3 dB for the 2-Hz

modulation rate and increases to about þ1.3 dB as the AM

rate increases up to 100 Hz. This is within the range of the

empirical data. For AM rates above 100 Hz, the predicted

LDEL decreases, reaching about �1.5 dB for the AM rate of

500 Hz, because the spectral sidebands are resolved and loud-

ness summation across frequency occurs. Again, this is consis-

tent with the experimental data (Bauch, 1956; Zhang and

Zeng, 1997). The predictions for a 1000-Hz carrier are shown

by the dashed black and gray lines for the modified and origi-

nal models, respectively. They are similar to those for the

4000-Hz carrier, except that the predicted LDEL for the modi-

fied model starts to decrease for AM rates above 50 Hz and

the decrease for high AM rates is larger. This happens because

the bandwidth of the auditory filter is smaller at 1000 Hz than

at 4000 Hz (Glasberg and Moore, 1990), so spectral sidebands

are resolved at lower AM rates at 1000 Hz than at 4000 Hz

(Kohlrausch et al., 2000).

The black and gray lines in the lower panel of Fig. 6

show predictions of the modified and original models,

respectively, for a 4000-Hz carrier with sinusoidal AM on a

decibel scale; we refer to this as dB modulation. Loudness

matches to sounds of this type were obtained by Moore et al.
(1998, 1999). The peak-to-valley ratio of the modulation

FIG. 6. The difference in RMS level required for predicted equal loudness of

an AM tone and an unmodulated tone (the LDEL), plotted as a function of

the AM rate, using the modified model (black lines) and original model (gray

lines). The carrier frequency was 4 kHz (solid lines) or 1 kHz (dashed lines).

The modulation was sinusoidal on a linear scale with 100% modulation depth

(top) or on a dB scale with peak-to-valley ratio of 60 dB (bottom).
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was 60 dB. With this modulation depth, the ratio of the peak

value of the envelope to the RMS value is 8.1 dB. The pre-

dicted variation of the LDEL values with frequency was sim-

ilar to that obtained with “linear” AM (upper panel), but the

LDEL values differed. For the 2-Hz AM rate, the predicted

LDEL was about �3.3 dB. For AM rates above 5 Hz the

LDEL became positive, reaching about þ6 dB for the 50-Hz

rate. These results are broadly consistent with the empirical

data. For high AM rates, the LDEL decreased and became

negative. This can be attributed to the spectral spread of the

dB-modulated signal, which started to become significant for

the 100-Hz modulation rate. Again, the predictions were

similar for the 1000-Hz carrier (dashed line) except that the

LDEL became negative at a lower AM rate than for the

4000-Hz carrier.

Overall, the predictions of the modified model are simi-

lar in form to those for the original model and are well

within the range of the empirical data.

VI. CONCLUDING REMARKS

The model described by Moore et al. (2016) incorporates

the concept of binaural inhibition and can be used to predict

loudness for situations where the sounds at the two ears are

different, as is often the case in everyday life. The predictions

of the model showed some systematic deviations from the

data obtained in experiment 1 (RMS error¼ 0.8 dB), which

assessed changes in loudness produced by changes in IMPD.

More accurate predictions were obtained by modifying some

of the time constants used in the model, specifically by slightly

reducing the release time of the fast averager used to calculate

short-term loudness and the release time of the slow averager

used to calculate long-term loudness (RMS error¼ 0.46). Both

the original and modified versions of the model gave accurate

predictions of the results of experiment 2, which assessed the

loudness of unintelligible speech-like sounds whose time pat-

tern and spectra differed across the two ears. The model with

modified time constants also gave predictions within the range

of empirically obtained data for the temporal integration of

loudness and the loudness of AM sounds, although the pre-

dicted critical duration was somewhat smaller than the typical

obtained value of 100 to 200 ms.

For steady sounds, the modified model gives essentially

the same predictions as the model for steady sounds

described by Moore and Glasberg (2007) that forms the basis

for a recent ISO standard (ISO 532-2, 2017). This model

gives accurate predictions of the loudness of a tone in one

ear in the presence of a tone of different frequency in the

other ear (Scharf, 1969), the loudness of noise bands pre-

sented at different azimuths (Sivonen and Ellermeier, 2006),

and LDEL values for monaural and diotic sounds and sounds

that differ in interaural level (Moore et al., 2014). It should

be noted that the ANSI standard for the calculation of

loudness (ANSI, 2007) is based on an earlier version of the

loudness model (Moore et al., 1997) that did not incorporate

the concept of binaural inhibition and was based on the

assumption that loudness was determined independently for

each ear and was then summed across ears. Hence the pre-

dictions of the ANSI standard are likely to be less accurate

than those of the ISO standard for sounds that differ at the

two ears.
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