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Abstract 

Loudness density is the distribution of loudness across dimensions of time and frequency. 

A computational model of loudness density is described that reproduces equal-loudness 

level contours from time-domain representations of tones. The model also demonstrates 

increase in loudness as the bandwidth of a multi-tone complex increases, an observation 

that is consistent with psychophysical measurements. The model provides an efficient 

method for computing the loudness of arbitrary acoustic waveforms.  When loudness is 

assumed to be the decision variable for psychophysical tasks such as intensity 

discrimination and masked thresholds, model-predicted performance can be compared 

with psychophysical measurements. The similarity between model predictions and 

psychophysical estimates of suppression is noteworthy because the model provides no 

separate mechanism for suppression. Suppression in the model is only possible through 

the same mechanism that provides compression for single tones. Its ability to predict 

suppressive effects suggests that it also may be a useful tool for exploring more general 

mechanisms of auditory signal processing. 

 

PACS numbers: 43.66.Ba, 43.66.Cb, 43.66.Dc 

 



 

 3

I. Introduction 

Auditory models focused on psychophysics have traditionally represented cochlear 

frequency analysis by a linear filter bank followed by a nonlinear mechanism intended to 

represent cochlear compression (e.g., Patterson and Holdsworth, 1996). Some recent 

nonlinear auditory models that are more physiologically based still use a separate 

frequency analysis to control level dependence of the primary frequency analysis (e.g., 

Zhang et al., 2001; Heinz et al., 2001; Jepsen et al., 2008). However, the separation of 

frequency analysis from compression is inconsistent with physiological observations of 

cochlear signal processing. Physiologically, frequency analysis and compression in the 

cochlea are simultaneous and inseparable (e.g., Rhode and Robles, 1974). The time-

domain loudness model (TDLM) described here differs from most auditory models by 

combining compression and frequency analysis into the same nonlinear filter sections. In 

this way, the TDLM implements cochlear compression and frequency analysis in a 

manner that is consistent with physiological observations.  

The output of the TDLM represents loudness distributed across two dimensions: time and 

characteristic frequency (CF). In this paper, the two-dimensional representation of 

loudness is called loudness density. CF is the frequency represented by a particular 

location in the cochlea or by a particular auditory filter. Integration of loudness density 

across time produces band-limited loudness, which spans a range of CFs. Integration of 

loudness density across the CF produces instantaneous loudness, which varies with time. 

In general, loudness density is a random variable due to the stochastic nature of spike 

generation in the auditory nerve. The integration of loudness density by the central 

auditory system across limited ranges of time and CF may provide the decision variable 
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that determines listeners’ performance on basic psychophysical detection and 

discrimination tasks (Moore et al., 1997; Glasberg and Moore, 2005; Neely and Jesteadt, 

2005).  

In previous work with computer simulations of cochlear mechanics (Neely et al., 2000), 

an estimate of loudness was based on the summed output of the cochlear model, 

including both temporal and spatial integration, and shown to resemble the loudness data 

of Fletcher and Munson (1933) in its rate of growth with increasing stimulus level. 

Distortion-product otoacoustic emissions (DPOAE) exhibit similar compressive growth 

(e.g., Neely et al., 2003). Cochlear models offer a means to link compressive growth of 

loudness and DPOAEs to a common underlying mechanism, which is the compressive 

growth of basilar membrane (BM) responses within the cochlea (Neely et al., 2000). A 

consensus is emerging in the literature on loudness that the function describing the 

growth of loudness with level is a reflection of peripheral compression (e.g., Allen and 

Neely, 1997; Buus et al., 1997; Moore et al., 1997).  

Suppression has been observed in auditory-nerve (AN) responses (e.g., Galambos and 

Davis, 1944; Sachs and Kiang, 1968; Sachs and Abbas, 1974; Abbas and Sachs, 1976) 

and in BM responses (e.g., Rhode, 1977). In single-fiber AN recordings, suppression is 

often quantified as a horizontal shift of a rate-level function, where rate can be either 

total spike discharge rate (e.g., Sachs and Kiang, 1968) or the component of the spike rate 

that is synchronized to the stimulus (e.g., Javel et al., 1983). BM suppression largely 

accounts for AN suppression when the suppressor frequency is above the probe 

frequency, but suppressor frequencies below the probe frequency produce less BM 

suppression than AN suppression (e.g., Geisler and Nuttall, 1997). The discrepancy 
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between BM and AN low-frequency suppression may indicate the presence of a “second 

filter” interposed between BM and AN (Hall, 1980). 

It is generally accepted that suppression is a potential contributor to psychophysical 

masking (e.g., Delgutte, 1990; Moore and Vickers, 1997); however, quantifying the 

contribution of suppression to masking has been difficult. Recently, Rodriguez et al. 

(2010) found similarity between psychophysical and physiological estimates of 

suppression. Their psychophysical estimate was the dB difference in the amount of 

masking (DAM) between simultaneous masking and forward masking at a given masker 

level. Their physiological estimate was obtained by measuring DPOAE input/output (I/O) 

functions and observing the rightward shift in these I/O functions in the presence of a 

suppressor tone. This definition of suppression parallels the one based on rate-level 

curves for AN measurements. The results of their study comparing DAM to DPOAE data 

in the same group of subjects were consistent with the view that most of the difference 

between simultaneous and forward masking is due to suppression, provided that the 

signal delay in the forward masking is minimal. 

In the present study, the amount of suppression produced by the TDLM is compared to 

our recent psychophysical estimates of suppression (Rodriguez et al., 2010).  Although 

the TDLM is implemented in the time domain and can potentially compute loudness 

density for any acoustic waveform, the present study focuses on steady-state responses 

because the current implementation of the TDLM lacks any representation of the 

transient effects of neural adaptation.  TDLM results are presented that depend on 

comparing the loudness of two tones (viz., loudness equality, intensity discrimination) 
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and the reduction of loudness of one tone in the presence of a second tone (i.e., two-tone 

suppression).  

II. Time-domain loudness model 

The cochlea performs frequency analysis and dynamic-range compression mechanically, 

prior to neural transduction. Cochlear mechanics are often modeled by a transmission 

line with properties that vary along its length (e.g., Zweig et al., 1976). Cochlear filtering 

is accomplished primarily by incremental removal of the highest frequencies contained in 

the fluid wave that travels from the base to the apex of the cochlea. Outer hair cells 

(OHCs) amplify the cochlear traveling wave in a level-dependent manner that 

compresses its dynamic range. Neural transduction is performed by inner hair cells 

(IHCs) that detect BM displacements. The additional filtering that may occur between the 

BM and the IHCs is sometimes called the second filter. See Allen and Neely (1992) for a 

review of relevant features of cochlear mechanics. 

The TDLM is implemented as a cascade arrangement of filter sections that resembles a 

cochlear transmission line. An additional “second filter” is attached to the output of each 

cascade section to simulate additional filtering in the cochlea between the BM and IHCs. 

This arrangement of filter sections is illustrated in Fig. 1. In this figure, the cascade-filter 

sections are labeled f1, f2…fN and the second-filter sections are labeled g1, g2…gN. Each 

cascade-filter and second-filter section is implemented as a second-order discrete-time 

filter with time-varying filter coefficients. The cascade arrangement of filter sections 

requires that frequency analysis be accomplished incrementally, so that the transfer 

function between the input to the first section and the output of any given section is the 
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accumulation of filter gains provided by each preceding cascade-filter section up to that 

particular section. The TDLM filter sections were designed to provide transfer functions 

that are similar in shape to gamma-tone filters, which are often used in psychophysical 

auditory models (e.g., Patterson and Holdsworth, 1996; Meddis et al., 2001; Jepsen et al., 

2008) because of their similarity to physiological measures of BM vibrations (e.g., Rhode 

and Robles, 1974).  

Each cascade-filter section has a low-pass frequency response, as shown in the upper 

panel of Fig. 2. Each second-filter section has a high-pass frequency response, as shown 

in the lower panel of Fig. 2. In addition to CF, each filter section has a quality-factor (Q). 

Frequency responses are shown in Fig. 2 for two examples of quality factors. The first 

example, Q=1 (dashed lines), is the minimum value for all CFs and represents a hearing- 

impaired (HI) condition with no cochlear amplifier. The second example, Q=5 (solid 

lines), is the maximum value for CF=5 kHz and represents a normal-hearing (NH) 

condition with a fully-functioning cochlear amplifier. Equations for calculating discrete-

time filter coefficients from CF and Q parameters are described in Appendix A. 

The Q associated with each TDLM filter section varies with time and is dependent on the 

instantaneous input signal to that section. The Q has its maximum value when the signal 

amplitude is small and its minimum value when the signal amplitude is large. At 

intermediate signal amplitudes, the Q is assigned an intermediate value. The maximum Q 

value (Qmax) decreases as the CF of the filter section decreases. The variation of Qmax 

with frequency is shown in Fig. 3 (thick solid line). Although the decrease of Qmax with 

CF is consistent with both physiological (e.g., Shera et al., 2002) and psychophysical 

(e.g., Glasberg and Moore, 1990) measurements, the values selected for the TDLM are 
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based primarily on producing agreement with equal-loudness contours (see section III).  

Qmin, is shown as thin line (at a quality factor = 1) that is independent of frequency.  This 

is the expected quality factor when cochlear mechanics lack any contribution from OHC 

motility. 

The peak gain of each cascade-filter section is proportional to its Q. Besides causing a 

decrease in gain, lower Q values also cause transfer functions to be broader and have 

fewer cycles of delay. The sharpness of tuning of the transfer functions can be quantified 

by the ratio of their peak frequency to their equivalent rectangular bandwidth (ERB). This 

ratio is called Qerb. Although, the TDLM was not designed specifically to reproduce 

measured filter bandwidths, it is of interest to compare TDLM-predicted Qerb with 

measured values. In Fig. 3, the maximum sharpness of tuning of the TDLM (circles), 

representing the TDLM transfer functions for extremely low signal levels is compared 

with tuning estimated from tone-threshold measurements with simultaneous notched-

noise maskers (dashed line; Glasberg and Moore, 1990). Note that Qerb in the TDLM is 

greater than the psychophysical estimate at low frequencies and less at high frequencies. 

Although it may be possible to adjust model parameters to produce Q values in closer 

agreement with measured values, it is not known how such changes would affect TDLM-

predicted intensity discrimination or suppression. 

Another filter metric of interest is the ratio of Qerb to the maximum number of cycles of 

delay. This ratio is between 0.97 and 1.29 for low-level TDLM transfer functions, which 

is smaller than the values of 2.52 estimated for humans or 3.0 for cats (Shera et al., 

2002), but similar to the value of 1.25 estimated for chinchilla (Shera et al., 2010). 

Because the Q-delay ratio is a characteristic feature of a filter, the discrepancy between 
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the TDLM and measured values for humans may indicate that the filter shapes used in the 

TDLM are not realistic. Whether it is possible to reduce this discrepancy in a future 

version of the TDLM or whether this is a fundamental limitation of this modeling 

approach is not known. 

The level-dependent Q of each filter section causes it to compress signal levels in a 

manner similar to the way OHCs compress basilar-membrane vibrations in the cochlea. 

The similarity is twofold: (1) gain is distributed and provided to each frequency 

component en route to its characteristic place and (2) level dependence is likewise 

distributed and controlled by local input signals. 

To complete the simulation of peripheral compression, an additional stage of 

compression is appended to the output of the second-filter sections to represent IHC 

transduction and neural-rate saturation. IHC compression is implemented as an 

instantaneous nonlinearity that is expansive at low levels and compressive at high levels. 

The expansive compression at low levels plays a role in fitting TDLM-predicted results 

in both the NH and HI conditions and is consistent with other auditory models (e.g., 

Jepsen et al., 2008). The current implementation of the TDLM lacks any representation 

of the transient effects of neural adaptation, which emphasize the leading edge of 

auditory signals. The net TDLM compression at 1 kHz is shown in Fig. 4 for simulations 

of both the normal-hearing condition (thick solid line) and the hearing-impaired condition 

(medium solid line).  

Compression in Fig. 4 is defined as the reciprocal of the slope of loudness level1 versus 

signal level when both quantities are expressed in decibels. Normal-hearing compression 
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in the TDLM combines compression due to the cascade-filter and second-filter sections 

with IHC compression. TDLM-predicted compression at 1 kHz for the NH condition 

(thick line) is compared in Fig. 4 with compression derived from the classic Fletcher-

Munson (1933) loudness function (thin line) and with estimates of compression (circles 

and squares) from some recent studies (Neely et al., 2005; Neely and Jesteadt, 2005; 

Schairer et al., 2003).  The agreement between model predictions and previous data 

suggests that the TDLM does a reasonable job of describing cochlear processing, at least 

in the case of normal hearing. If desired, the TDLM could be adjusted to replicate other 

loudness functions (e.g., Hellman and Zwislocki, 1961; Hellman, 1976) by adjusting 

model parameters associated with (1) the level-dependent Q and (2) the instantaneous 

nonlinearity that represents IHC transduction. These parameters are described in 

Appendix A. The selection of model parameters for the TDLM that produce a 

compression function similar at low levels to the quadratic compression function 

suggested by Neely and Jesteadt (2005) facilitates a replication in the TDLM of their 

demonstration of intensity discrimination based on loudness differences (see section VI). 

TDLM-predicted compression in the HI condition (medium-weight line at the bottom of 

Fig. 4) is entirely due to the IHC stage of the TDLM, so it simulates hearing impairment 

due to loss of OHC function. IHC compression is less than one (i.e., expansive) at low 

levels and greater than one (i.e., compressive) at high levels. An equation for the 

instantaneous nonlinearity that implements this compression is described in Appendix A. 

The form of this equation is partly based on previous cochlear modeling work that 

transformed BM displacement into an estimate of loudness (Neely et al., 2000). The IHC 

nonlinearity was adjusted in the model primarily to produce results for the HI condition 
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that were in agreement with measurements, such as the rate of growth of the loudness 

function (see section IV) and intensity discrimination (see section VI). Although the 

design of the IHC stage of the model was motivated to some extent by physiological 

properties of IHCs, the TDLM provides no output that is appropriate for direct 

comparison with physiological measurements such as IHC receptor potentials or neural 

firing rates. The TDLM outputs are an abstraction of neural firing rates that could include 

influences of signal processing in the central auditory system. 

Some of the frequency dependence observed in equal-loudness-level contours (ELLCs) 

may be due to the transfer characteristics of the middle-ear. To allow middle-ear 

influence to be represented, a middle-ear filter section is prepended to the TDLM. The 

middle-ear filter characteristics were designed to minimize differences between the 

TDLM-predicted and ISO-226 (2003) ELLCs, which are compared in the next section. 

The gain of the middle-ear transfer function is shown in Fig. 5. The middle-ear filter is 

implemented as a level-independent, sixth-order discrete-time filter, which is described in 

Appendix A.  The middle-ear transfer function in Fig. 5 is similar to the one suggested by 

Glasberg and Moore (2006) in having a mid-frequency 6-dB notch, but the notch in Fig. 

5 is at 1.4 kHz and theirs is at 2.5 kHz. Their middle-ear stage provides a few dB less 

gain at low frequencies (e.g., 0.03 to 0.05 kHz) and high frequencies (e.g., 3 to 5 kHz) 

than the one in Fig. 5. The TDLM reduces gain at low frequencies beyond the middle-ear 

stage by reducing the maximum Q of the cascade and second filters.  

To demonstrate the level dependence of TDLM tuning, Fig. 6 shows the transfer gain 

between input to the middle-ear stage and output of the IHC stage for a frequency-swept 

tone at two different stimulus levels. When the stimulus is 0 dB SPL at the input to the 
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middle-ear stage, the TDLM gain is similar to the low-level linear gain shown in Fig. 3, 

although slightly reduced due to temporal variation in the Q of the filter sections. At 80 

dB SPL, the TDLM gain is further reduced by 30 to 40 dB, depending on frequency. 

III. Equal loudness 

For any acoustic waveform applied to its input, the TDLM provides a prediction of 

loudness density. Loudness density may be reduced to a single, composite loudness value 

by integrating across some range of CFs and some interval of time. The integration across 

CF is accomplished by summing outputs from the IHC stage of the TDLM across any 

desired range of CFs. The TDLM has 12 outputs per octave.  

In this paper, tone loudness is defined by integrating loudness density across a two-octave 

band of CFs centered at the tone frequency and by taking the maximum value of the 

resulting instantaneous loudness after the initial transient response. This two-octave 

integration range is reduced for frequencies below 31 Hz or above 16 kHz because the 

lowest CF output is 15.6 Hz and the highest CF output is 32 kHz. The limited bandwidth 

used to define the loudness of tones is justified because the contribution to loudness 

outside this two-octave range is negligible. The advantage of the restricted range is that it 

reduces computation time by allowing lower sampling rates when high frequencies are 

absent and eliminating low-CF filter sections when low frequencies are absent. In 

general, for arbitrary stimuli, the entire range of audible frequencies (0.0156 to 32 kHz) is 

included in the calculation of loudness.  

In the TDLM, loudness density is multiplied by an arbitrary scale factor to make tone 

loudness equal to one for a 1-kHz tone at 0 dB SPL for consistency with the definition of 
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perceptual intensity suggested by Neely and Jesteadt (2005). TDLM-predicted loudness 

is equivalent to sones when divided by 92, which is the TDLM-predicted loudness for a 

1-kHz tone at 40 dB SPL.  

TDLM-predicted ELLCs, such as those shown in Fig. 7 (solid lines), are obtained by (1) 

determining loudness level as a function of input level for all frequencies of interest, (2) 

taking horizontal slices across these loudness-level functions, and (3) plotting the 

intersecting input levels as functions of the corresponding tone frequencies. For 

comparison, standard ELLCs (ISO-226, 2003) are also shown in Fig. 7 (dashed lines). By 

definition, each ELLC has a loudness level in phons equal to the input level (SPL) at 1 

kHz. The strategy for obtaining agreement between the TDLM-predicted and standard 

ELLCs involved two different types of adjustments: (1) the middle-ear transfer function 

was designed to minimize the average TDLM-ISO difference in a set of higher-level 

contours from 50 to 90 phons and (2) Qmax was adjusted (at CF=0.05 and CF=5) to match 

a set of lower-level contours from 10 to 50 phons. In Fig. 7 near 0.1 kHz, for example, 

the better agreement between the dashed and solid lines along the 70 phon contour is due 

to selection of middle-ear parameters, while the better agreement along the 10 and 20 

phon contours is due to selection of Qmax. In the calculation of the contours produced by 

the TDLM, Qmax was the only filter parameter that was allowed to vary with CF. 

Overall, the agreement between the TDLM-predicted and standard ELLCs is good, 

especially considering that the ISO-226 ELLCs are defined as being level-dependent in 

the frequency domain and the TDLM is defined and implemented in the time domain. 

When the set of TDLM and ISO curves from 10 to 90 phons is compared, the rms 

difference is 2.4 and 0.4 dB at 0.05 and 5 kHz, respectively. The largest difference 
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between the TDLM-predicted and ISO-226 contours is 12.5 dB, which occurs in the 0-

phon contour at 40 Hz, a frequency of little importance in human perception. Although 

the TDLM-predicted contours do not match the ISO-226 contours as closely at 

frequencies below 1 kHz as those predicted by the loudness model of Glasberg and 

Moore (2006), the TDLM-predicted contours have better agreement with the ISO-226 

contours in the 1 to 8 kHz range. This agreement is remarkable considering that Qmax was 

the only model parameter that varied with CF (see Fig. 3). 

IV. Cochlear hearing loss 

Hearing impairment due to total loss of OHC function is simulated in the TDLM by 

setting Qmax=1 for all CFs, so that cascade-filter sections provide no gain. Comparison of 

HI and NH loudness-level functions at 1 kHz (see Fig. 8) indicates that this simulation of 

cochlear hearing loss elevates threshold by 43 dB. HI loudness grows more rapidly than 

NH loudness, so that HI loudness becomes nearly equal to NH loudness at 100 dB SPL. 

If the horizontal separation between the HI and NH loudness functions is taken as a 

measure of the gain required to restore normal hearing, then Fig. 8 illustrates that the 

normative gain is a decreasing function of stimulus level.  Note that this simulation of HI 

loudness growth was implemented by removing the gain and compression associated 

with OHC function, contrary to recent suggestions that loudness recruitment is not 

observed in peripheral auditory responses (Heinz et al., 2005; Cai et al., 2009). 

Assuming that hearing threshold coincides with a loudness level of zero in Fig. 8, the 

slope of the HI loudness function at threshold is about twice the slope of the NH loudness 

function. Although this model result is inconsistent with recent psychophysical estimates  
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(e.g., Buus and Florentine, 2001; Moore, 2004) that indicate the NH and HI slopes should 

be about the same near threshold, the factor of two difference between NI and HI is about 

the same as predicted by Hellman and Meiselman (1990) for a hearing loss of 40 dB. In 

Fig. 8, a loudness level of 19.5 is 40 dB above threshold on the NH curve and only 18.3 

dB above threshold on the HI curve. The TDLM loudness match of 40 dB above 

threshold for a NH ear with 18.3 dB above threshold for an ear with 40 dB loss is about 

the same as observed in loudness-matching experiments reported by Miskolczy-Fodor 

(1960, Fig. 3). The TDLM predicts that 2 dB above threshold on the NH loudness 

function matches 1.3 dB above threshold on the HI loudness function, which differs by 

only 0.7 dB from Moore’s (2004) observation that a tone 2 dB above NH threshold 

matches the loudness of a tone 2 dB above HI threshold. 

V. Loudness dependence on bandwidth 

The loudness of a multi-tone complex presented at a constant rms level increases as the 

frequency span of the complex increases beyond a critical band. This feature of normal 

hearing can be observed by matching the loudness of a 1-kHz tone to the loudness of 

multi-tone complexes of varying bandwidth centered at 1-kHz. In Fig. 9, TDLM-

predicted loudness matches in the NH condition (squares) are compared with 

measurements obtained by Leibold at al. (2007) and show good agreement in the range of 

bandwidths between 0.2 and 2 kHz. The TDLM predictions are closer than predictions 

obtained by Leibold et al. using the Moore et al. (1997) frequency-domain loudness 

model.  
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Increase in loudness with increasing bandwidth was first observed with band-pass noise 

(e.g., Zwicker et al. 1957) and is known to be reduced or absent in ears with hearing 

impairment (e.g., Scharf and Hellman, 1966). Note in Fig. 9 that TDLM-matches in the 

HI condition exhibit less loudness increase for bandwidths above 0.2 kHz. This result is 

consistent with band-pass noise loudness-match measurements (e.g., Scharf and Hellman, 

1966); however, loudness match measurements with the multi-tone complex in HI ears 

are not yet available for comparison. 

VI. Intensity discrimination 

Loudness is presumed to be a random variable and a just-noticeable difference (JND) in 

the intensity of a tone is proportional to the standard deviation of this variable. In general, 

the variance associated with basic psychophysical tasks may be assumed to have 

quadratic dependence on loudness (Neely and Jesteadt, 2005): 

 2
210

2 NNN ηηησ ++= , (1) 

where N is a loudness associated with the task and the coefficients ( 0η , 1η , 2η ) may 

depend on the task and on signal parameters such as duration. The coefficient  1η   may be 

associated with Poisson internal noise (Allen and Neely, 1997). In case of TDLM-

predicted intensity discrimination, N is the tone loudness and the variance coefficients are 

00 =η , 435.01 =η , and 00128.02 =η . In general, the coefficients of the variance 

polynomial must be determined empirically and will depend on the reliability of the 

decision cues available for the task. 
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Suppose that the loudness JND for intensity discrimination is NN σ≈Δ  and let α  be 

defined as the reciprocal of the slope of a loudness-level function, which is the same as 

the definition of compression in Fig. 4. Under these assumptions, Allen and Neely (1997) 

suggest that the Weber fraction IIΔ  is approximated by the following equation: 

 
N
N

I
I Δ≈Δ α , (2) 

where ΔI  is a JND in stimulus intensity. This approximation is plotted in Fig. 10 for both 

the NH and HI states of the TDLM. For comparison, previously published NH intensity-

discrimination measurements are also shown (squares; Jesteadt et al., 1977) in this figure. 

The agreement between the measurements and the model suggests that Eq. (1) may be an 

appropriate description of the variance that determines the JND for NH listeners (Neely 

and Jesteadt, 2005). However, the TDLM-predicted intensity JND for wide-band noise 

(not shown) also decreases at high levels, which is contrary to expectations. The reason 

for this discrepancy is not known, but should be resolved in future implementations of the 

DLM by adjustment of model parameters and/or the manner in which noise variance is 

calculated.  

The TDLM-predicted JND for HI listeners in Fig. 10 is nearly the same as for NH 

listeners when the stimulus level is above 40 dB, despite the steeper slope of the loudness 

function. The fact that steeper loudness functions do not always have smaller intensity 

JNDs has been noted previously (e.g., Zwislocki and Jordan, 1986). Examination of Eq. 

(2) reveals that the reason for the JND similarity must be that, at a given SPL above 

threshold, ΔN N  is increased for the HI listener by about the same amount that α  is 
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decreased. The similarity between NH and HI JNDs at high input levels is consistent with 

previous measurements obtained from NH and HI listeners (e.g., Florentine et al., 1993; 

Schroder et al., 1994).  

VII. Suppression 

TDLM-predicted two-tone suppression may be quantified as the increase in signal level 

required to keep the signal at threshold in the presence of a masker. Because the TDLM 

has no mechanism to provide time-varying adaptation, TDLM-predicted two-tone 

suppression is comparable to the psychophysical measurement of the difference between 

simultaneous and forward masking at the same masker level. 

Listener performance on masked-threshold tasks is quantified by d ′ , which is the ratio of 

the mean value of a random decision variable to its standard deviation (e.g., Green and 

Swets, 1966). As in the case of intensity discrimination (see section VI), d ′  is equal to 

the difference between two loudness values divided by the square root of the loudness 

variance: 

 
N

NNd
σ

12 −=′ . (3) 

In this equation, 1N  is the loudness of the masker alone and 2N  is the loudness of the 

signal plus masker. It is assumed that 12 NN > . As mentioned earlier, loudness integrated 

across a two-octave range centered at the signal-tone frequency. However, because the 

psychophysical task in a masked threshold experiment is not identical to intensity 

discrimination, it is appropriate to represent the variance associated with this task 
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differently. For simplicity, loudness variance for the masked threshold task is represented 

as a constant, which makes d ′  proportional to the increment in loudness due to the 

presence of the signal. The variance was selected to fit the psychophysical suppression 

data of Rodriguez et al. (2010): 50002 =Nσ . In terms of Eq. (1), the loudness variance for 

TDLM-predicted increment detection has 021 ==ηη . 

 Because the loudness-decision theory is incomplete with respect to the representation of 

loudness variance for different psychophysical tasks (Neely and Jesteadt, 2005), its 

functional form must be inferred from comparisons with measurements. The assumption 

of constant variance for masked detection suggests a decision mechanism that is different 

than the one used for intensity discrimination. For example, the masked-detection 

decision could be based on the output of a modulation filter-bank (Dau et al., 1997; 

Gallun and Hafter, 2006). However, the exact representation of variance for masked 

detection is uncertain and subject to change in implementations of the TDLM. 

For a two-alternative, forced-choice task, d ′  is related to proportion correct by the 

cumulative-normal distribution function: 

 Pc = Φ
′ d 
2

⎛ 
⎝ 
⎜ 

⎞ 
⎠ 
⎟ . (4) 

TDLM-predicted psychometric functions (PFs) are shown in Fig. 11 for various masking 

conditions. The signal frequency was 4 kHz. The masker frequency was 4.281 kHz for 

the PFs in the upper panel and 2.141 kHz for the PFs in the lower panel. These 

frequencies were selected for comparison with the psychophysical suppression data of 

Rodriguez et al. (2010). The higher frequency has been observed to be the most effective 
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frequency for suppressing distortion product otoacoustic emissions when the f2 primary 

frequency is 4 kHz (Gorga et al, 2008). The lower frequency is an octave below the 

higher frequency and is thought to be sufficiently low to elicit essentially uncompressed 

response growth at the 4 kHz location in the cochlea. In both panels of Fig. 11, the 

leftmost PF represents the condition with no masker and the other PFs represent masker 

levels increasing from 0 to 80 dB SPL in 10 dB steps as one moves towards the right side 

of each panel. For the suppression results, loudness was defined by integrating over a 

half-octave range of CFs (centered at 4 kHz) instead of the two-octave range used to 

define single-tone loudness. This reduced integration range included the 4.281 kHz 

masker frequency, but not the 2.141 kHz masker frequency, and may be justified by the 

ability of the auditory system to assign a separate loudness to the signal and masker when 

they are widely separated in frequency. However, such modeling details are uncertain and 

subject to change. 

For comparison purposes, suppression was quantified as the rightward shift of the PF at 

the point where 1=′d . Estimates of the amount of suppression derived from TDLM 

predictions of PFs (provided in Fig. 11) are shown as filled symbols in Fig. 12, along 

with our psychophysical, empirically-based estimates of suppression for the same masker 

and signal frequencies.  

The psychophysical estimate is the difference in amount of masking (DAM) between 

simultaneous masking and forward masking at fixed masker levels.  DAM is thought to 

provide an indirect estimate of suppression when signal delay is kept short in order to 

minimize the reduction in forward masking due to recovery from adaptation. Support for 

this view was provided by Rodriguez et al. (2010) by showing agreement between DAM 
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and a physiological estimate of suppression based on distortion-product otoacoustic 

emission measurements.  

The agreement between TDLM-predicted suppression and DAM suppression in Fig. 12 

supports the view that compression and suppression are due to the same mechanism in 

the cochlea. Not only is the amount of TDLM-predicted suppression similar to DAM, 

there is also agreement in the signal levels over which this suppression is observed. For 

the model predictions shown in Fig. 11, when the masker level was 80 dB SPL, the signal 

level at threshold was 65 and 64 dB SPL for the masker frequencies 2.141 and 4.281 

kHz, respectively. In our psychophysical study (Rodriguez et al., 2010), when the masker 

level was 80 dB SPL, the signal level at threshold was 60 and 65 dB SPL for masker 

frequencies of 2.141 and 4.281 kHz, respectively. The amount of TDLM-predicted 

suppression depends strongly on the amount of TDLM compression (see Fig. 4), so the 

combined agreement in amount of TDLM suppression and range of signal levels with 

psychophysical measurements suggests that the amount of TDLM compression is 

realistic.  

VIII. Discussion 

The TDLM described here is not the first model to use a cascade arrangement of filter 

sections to model cochlear signal processing. Lyon (1982) described a cascade-parallel 

pole-zero filter design that was similar to the TDLM described here, but with constant 

coefficients. A simplified version of this model, with an all-pole cascade, was 

implemented as an integrated circuit by Watts et al., (1992). Kates (1991) suggested a 

model of cochlear signal processing with both cascade-filter and second-filter sections, 
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with adjustable Q values in all sections, but the control signal for the Q adjustment was 

derived from the filter outputs. The present TDLM differs from other auditory models by 

adjusting filter coefficients based on the input to each filter section. Other models (e.g., 

Zhang et al., 2001) typically use a separate frequency analysis or “control path” to derive 

a control for the primary frequency analysis. In contrast, the TDLM uses the 

instantaneous input to each filter section as the control for that filter section without any 

further processing of this input signal. 

Although certain aspects of the TDLM design were motivated by cochlear physiology, 

the TDLM resembles the psychophysical model of Moore et al. (1997) more than the 

physiology-based auditory models of based on the work of Carney (1994) (see Zhang et 

al., 2001; Zilany and Bruce, 2006). The TDLM shares with physiology-based models the 

idea of implementing compression and suppression with a single mechanism. However, 

the TDLM provides no outputs for comparison with any physiological measurement. In 

particular, although the final stage of the TDLM is the IHC and is intended to represent 

mechanical-to-electrical transduction only in an abstract way, the TDLM is not designed 

to model any measureable response of the auditory nerve. By relying on discrete-time 

second-order sections to implement frequency analysis, the TDLM gains computational 

efficiency, but loses direct correspondence with cochlear physiology. For this reason, 

further development of the TDLM will be motivated by comparisons with 

psychophysical measurements. A model that directly represents the physics of cochlear 

structures and the physiology of OHCs (e.g., Liu and Neely, 2010) is more appropriate 

for comparisons with physiological measurements. The TDLM is primarily an auditory 

signal-processing model.  
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The term dynamic loudness model (DLM) was used by Chalupper and Fastl (2002) to 

describe their approach to auditory modeling, which is similar to the present approach in 

its focus on loudness density. Although the motivation and suggested application of their 

DLM is similar to our TDLM, many implementation details differ. For example, spread 

of masking in their DLM is represented in a separate stage that follows a linear filter 

bank. Our TDLM represents spread of masking by means of suppression, which is 

inherent in the level dependence of the same filters that separate frequencies. 

Allen and Sen (2003) have modeled the role of suppression in the upward spread of 

masking (USM) and argued that suppression and the USM are both due to the same 

mechanism located in cochlear micromechanics (e.g., Allen, 2007). The view that USM 

is primarily due to suppression contrasts with the alternative view that USM is primarily 

due to spread of excitation (e.g., Delgutte, 1990; Moore and Vickers, 1997). Rodriguez et 

al. (2010) have recently obtained experimental evidence suggesting that suppression is a 

significant contributor to simultaneous masking.  Their data show that much of the 

difference in the amount of masking between simultaneous and forward masking can be 

attributed to suppression.   Their data also highlight the view that suppression and 

masking are linked, and not the consequence of independent processes.   

Although the second-order discrete-time filters used in the TDLM can be implemented 

efficiently, especially in a dedicated processor designed for digital signal processing, the 

requirement for 12 filters per octave is computationally expensive relative to some 

alternative methods of frequency analysis. This computational demand may limit 

practical application of the TDLM to devices for which power consumption is not a 

primary consideration. For example, the TDLM could be incorporated into a sound-level 
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meter to provide real-time quantification of loudness in sones. The output of the TDLM 

could potentially provide appropriate signals for stimulating electrodes in a cochlear 

implant because it provides adequate CF resolution and wide-dynamic range compression 

in a computationally efficient manner. However, the limited availability of power in such 

a device may preclude its use in this application. The TDLM should be useful in basic 

research studies focused on understanding signal processing mechanisms in the auditory 

system, where it may have value in helping to explain several different physiological and 

psychophysical phenomena in a single time-domain model.   

The cascade arrangement of filters was selected to mimic cochlear signal processing; 

however, the TDLM was not intended to reproduce any specific BM or AN 

measurements. Still, this model is physiological in its distribution of level-dependent gain 

and may provide a computational advantage for implementation of level-dependent 

filtering when compared to the multi-stage filtering mechanisms used in some auditory 

models (e.g., Goldstein, 1995; Meddis et al., 2001). Because the TDLM does not require 

a separate frequency analysis to implement compression and assuming equivalent 

frequency resolution of 12 outputs per octave, the computation advantage of the TDLM 

over the other models is estimated to be about a factor of two. 

The expansive nonlinearity at low levels in the OHC stage of the TDLM was partly 

motivated by observations of AN spike rates at low levels (Yates et al., 1990). The 

TDLM is not unique in this respect, as similar expansive nonlinearities have previously 

been incorporated into other auditory models (e.g., Goldstein, 1995; Dau et al., 1997; 

Plack and Oxenham, 1998; Neely et al., 2000 Jepsen et al., 2008). 
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In this study, the loudness of a tone was quantified as the maximum instantaneous 

loudness integrated across a two-octave span centered at the tone frequency. Other 

definitions of tone loudness based on the specific-loudness output of the TDLM are 

possible, but have not been investigated. Because the TDLM, as currently implemented, 

has 12 logarithmically-spaced outputs per octave, a two-octave span included 25 adjacent 

outputs, 12 above and 12 below the output with CF equal to the tone frequency. The 

restricted frequency span inherent in our definition of tone loudness could potentially 

have limited the extent to which spread of excitation was represented in the growth of our 

loudness functions; however, little quantitative differences were observed in the results 

when the CF bandwidth used to calculate loudness was decreased to 1/3 octave or 

increased to four octaves. The main reason that the CF bandwidth was limited to less than 

the entire range of hearing was to reduce computation time.  

Weber’s Law suggests that the intensity JND should be independent of level. The 

observation that the intensity JND for tones decreases as level increases, a deviation from 

Weber’s Law  known as the “near miss,” has been attributed to spread of excitation (e.g., 

Zwicker, 1956; Florentine and Buus, 1981) and is supported by data showing the effect of 

masking noise on the near miss (Moore and Raab, 1974). Although loudness growth in 

the TDLM is influenced to a limited extent by spread of excitation, it is primarily the 

decreasing value of the denominator of Eq. (3), which represents internal noise, relative 

to the numerator that causes the “near miss” in the TDLM (e.g., McGill and Goldberg, 

1968). In other words, the “near miss” is due to the internal equivalent of the Weber 

fraction decreasing more rapidly with level than the corresponding increase in 

compression. This interpretation is quantified by Eq. (2). The traditional explanation for 
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the “near miss” in terms of “spread of excitation” (e.g., McGill and Goldberg, 1968) is 

not necessarily inconsistent with the view expressed here, but requires consideration of 

multiple independent neural pathways, whereas, TDLM-predicted loudness, being 

integrated over essentially all cochlear outputs, provides only a single pathway to the 

central auditory system. 

Even though transient responses of the TDLM are of interest, only steady-state responses 

of the TDLM are described here because the transit effects of neural adaptation have not 

yet been implemented. A widely held view is that persistence of masker excitation (i.e., 

temporal smearing) is the dominant mechanism of forward masking (e.g., Oxenham, 

2001). An alternative view is that adaptation at the IHC synapse provides a more 

consistent and physiologically plausible interpretation of forward-masking data (e.g., 

Meddis and O’Mard, 2005; Neely and Jesteadt, 2005). In the current TDLM, level-

dependent aspects of steady-state adaptation are included in the instantaneous 

nonlinearity of the IHC stage. The addition of a temporal contrast enhancement stage to 

the TDLM could simulate forward masking. Similarly, the addition of a modulation filter 

bank following the IHC stage would provide a more complete representation of 

increment detection (Dau et al., 1997; Gallun and Hafter, 2006; Jepsen et al., 2008). 

IX. Conclusions 

Loudness density is a quantity hypothesized to be available to the central auditory system 

upon which detection and discrimination decisions may be derived. Because the TDLM 

described in this paper is calibrated against standard ELLCs and produces the expected 

intensity-discrimination performance, its output helps us understand other psychophysical 
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tasks, such as masking. The fact that the TDLM exhibits suppression in the presence of a 

masking tone that is similar to empirical estimates of suppression, without a separate 

suppressive mechanism, supports the view that suppression in the cochlea is due to the 

same mechanism that provides dynamic range compression. 
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Appendix A: Implementation of the time-domain loudness model 

Technical details of the time-domain loudness model (TDLM) are described here. A 

MATLAB implementation of the TDLM is available from the first author upon request. 

Middle-ear section 

The middle-ear section of the model is a sixth-order discrete-time filter (e.g., Oppenheim 

and Shafer, 1975) described by the following equation: 

( ) ( ) ( ) ( )ppzzppzzppzzmeme QfQfzBQfQfzBQfQfzBszH 222211110000 ,,,|,,,|,,,| ⋅⋅⋅= , (A1) 

which incorporates three biquad filter sections: 
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In Eq. (A2), szz ffπϕ 2=  and spp ffπϕ 2= , where sf  is the sampling rate. The 

function B  represents a biquad discrete-time filter section and is the ratio of two 

quadratic functions of the sample-delay variable 1−z . Parameter values for the middle-ear 

section were selected to minimize differences between TDLM-predicted and ISO-226 

ELLCs and are listed in Table A-I. The resulting middle-ear transfer function is shown in 

Fig. 5. 

The input to the middle-ear section is the only signal in the TDLM with a physical 

interpretation and should be scaled in sound pressure units of pascal. 
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Cascade sections 

Cascade-filter sections and associated second-filter sections are each biquad filters as 

described by Eq. (A2). The CFs of adjacent cascade-filter sections are separated by one 

semitone, which is one-twelfth of an octave. Every second-filter section has the same CF 

as the cascade-filter section to which it is attached. The transfer functions of the cascade-

filter and second-filter sections have the following form: 

 ( ) ( ) ( )cpczcpcpczcz
cz

cp
ccc ffCQfQfzB

f
f

QfzH ,,,,|,|
2

⋅⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
=  (A3) 

 ( ) ( ) ( )spszspspszszccs ffCQfQfzBQfzH ,,,,|,| ⋅= , (A4) 

where 

 ( ) ( )
( )sz

sp

p

z
pz ff

ff
f
fffC

π
π

2cos1
2cos1

,
2

−
−

⎟
⎟
⎠

⎞
⎜
⎜
⎝

⎛
= . (A5) 

In these equations, cQ  is time varying and depends on the instantaneous value of the 

signal at the input to the filter. For the cascade-filter section, the pole and zero 

frequencies are ccp ff =  and ccz ff 3.1= , respectively. For the second-filter section, the 

pole and zero frequencies are csp ff =  and csz ff 5.0= , respectively. The Q value of the 

poles and zeros are related to cQ  by the following equations: 

 ( ) cze
cpczccz ffCQQ ,⋅=  (A6) 

 ( ) cpe
cpczccp ffCQQ ,⋅=  (A7) 
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 ( ) sze
spszcsz ffCQQ ,⋅=  (A8) 

 ( ) spe
spszcsp ffCQQ ,⋅= . (A9) 

Equations (A6)-(A9) all incorporate the function C  from Eq. (A5), but with differing 

exponents cze , cpe , sze , and spe , which have values of -4.6, -2.3, 2, and 5, respectively. 

These exponents were selected to maintain similarity between the shapes of TDLM 

transfer functions and gamma-tone filters over a wide range of CF and Q values. Note 

that 1≈C  when sc ff << . 

 The value of cQ  varies with the instantaneous amplitude of the signal ( )tx  at the input to 

the filter: 
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The parameters in Eq. (A10) are 400=qs , 1.0=qc , and 5.0=qe , respectively. When x 

is large, the minimum value of cQ  is 1min =Q . When x is small, the maximum value of 

cQ  is maxQ . The value of maxQ  depends on the CF of filter. This dependence is a 

quadratic function of log(CF), except that maxQ  is never less than minQ . Quadratic 

coefficients were selected to give maxQ  values of 2.0, 4.3, and 5 when CF is 0.05, 1, and 5 

kHz, respectively. The dependence of maxQ  on CF is shown in Fig. 3.  
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Although each cascade-filter and second-filter section is a single biquad, which can be 

implemented with just a few multiply and add operations, complexity in the TDLM 

design is introduced in the equations that relate CF and Q to the corresponding discrete-

time filter coefficients. These equations are important because they ensure well-behaved 

filter responses over a wide range of CF and Q values. For efficiency, discrete-time filter 

coefficients may be precomputed for the known range of Q values, so that only table 

lookups are required when processing a signal. A summary of parameter values for 

cascade-filter and second-filter sections is provided in Table A-II. 

IHC sections 

The output of each second-filter section is input to an IHC section. The IHC section 

consists of three parts: (1) a first-order high-pass filter, (2) an instantaneous nonlinearity, 

and (3) a first order low-pass filter. The high-pass filter represents mechano-electric 

transduction at the hair bundle of the IHC (e.g., Howard et al., 1988):  
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In this equation, 1=hbτ  ms and sf  is the sampling rate. The low-pass filter represents 

IHC membrane: 
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In this equation, 1=cmτ  ms. The scale factor 4.20 =N  makes the loudness equal to one 

for a 1-kHz tone at 0 dB SPL. 

The instantaneous nonlinearity transforms the output of the high-pass filter hby  into the 

input to the low-pass filter cmx : 
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+

=
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. (A13) 

The scale factor and exponent in this equation are 60=vs  and 3=ve , respectively. The 

effect of this nonlinearity is illustrated by the lowest solid line in Fig. 7, which does not 

include any contribution from cascade-filter and second-filter sections. At low levels, the 

exponent 4 in the numerator of Eq. (A13) makes the compression equal to 1/2 (see the 

medium solid line in Fig. 4), because loudness is considered to be a perceptual intensity. 

At high levels, the exponent 4 in the numerator is reduced by 3 in the denominator for a 

net exponent of 1, which makes compression equal to 2. Parameter values for the IHC 

section are listed in Table A-III. Note that the absolute value in Eq. (A13) provides full-

wave rectification, unlike the half-wave rectification observed in physiological 

measurements. As with many of features of the model, this detail is uncertain and subject 

to change upon further investigation. The model output is scaled to provide a loudness 

value equal to 1 when the input to the middle-ear stage is a 1-kHz tone at 0 dB SPL. 

Although the TDLM is not expected to account for membrane and synaptic processes 

directly, the current implementation of the IHC stage is admittedly oversimplified and 
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must incorporate additional elements in future versions in order to provide a mechanism 

for forward masking. 
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Endnote 

1The loudness units (LU) of Fletcher and Munson (1933, Table III) were converted to 

decibels by taking 10·log10(LU). This formula converts an intensity ratio to decibels and 

assumes that loudness represents a perceptual intensity. The mean psychometric-function 

slope from Schairer et al. (2003, Fig. 7) was converted to compression by taking its 

multiplicative inverse. The other compression data in Fig. 4 (Neely et al. 2005; Neely and 

Jesteadt, 2005) was previously published in compatible units.  
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Tables 

Table A-I. Middle-ear parameters used in Eqs. (A1)-(A2). Frequencies are in kHz.  

zf0 0 zQ0 0.73 

pf0 0.0267 pQ0 0.16 

zf1  1.394 zQ1  4.00 

pf1 1.297 pQ1 2.36 

zf2 8.688 zQ2 0.94 

pf2 3.776 pQ2 1.55 
  mes  0.493

 

 

Table A-II. Cascade-filter and second-filter parameters used in Eqs. (A3)-(A10). 

Arguments of maxQ  are CFs in kHz. 

cpcz ff  1.3 cze -4.6

spsz ff  0.5 cpe -2.3

minQ  1.0 sze 2.0 
( )05.0maxQ 2.0 spe 5.0 

( )1maxQ  4.3 qs  400

( )5maxQ  5.0 qc  0.1 
  qe  0.5 
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Table A-III. IHC parameters used in Eqs. (A11)-(A13). Time constants hbτ  and cmτ  are 

in ms. 

hbτ 1 

vs  60 

ve  3.0

cmτ 1 

0N 2.4
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Figure Captions 

FIG. 1. Cascade arrangement of second-order filter sections. Second-order second-filter 

sections (g1, g2…gN) are attached to each cascade filter section (f1, f2…fN). Each cascade-

filter and second-filter section is implemented as a second-order discrete-time filter with 

time-varying filter coefficients. The input signal labeled x represents cochlear vestibule 

pressure, which differs from the acoustic waveform by a high-pass filter representing the 

middle-ear transfer function. The output signals labeled y1, y2 …yN represent IHC inputs. 

An instantaneous nonlinearity and low-pass filter are applied to the IHC inputs to 

produce loudness density. 

 

FIG. 2. Frequency-responses of cascade and second filter sections at 1 kHz. The cascade 

filter is low-pass because the pole frequency precedes the zero frequency. The second 

filter is high-pass because the zero frequency precedes the pole frequency. The ratio of 

the zero frequency to the pole frequency is 1.3 for the cascade filter and 0.5 for the 

second filter. Poles and zeros in this example have either Q=5 (solid lines), which is the 

largest value of Qmax at any CF, or Q=1 (dashed lines), which is the value of Qmin at all 

CFs and is also the value of Qmax when simulating a hearing impairment condition.  

 

FIG. 3. (color online) Comparison of filter quality factors as functions of their CF. The 

thick solid line shows how Qmax in the cascade-filter and second-filter sections varies 

with CF. The thin solid line shows Qmin, which does not vary with CF. The circles 

indicate the Qerb of TDLM IHC transfer functions at octave CFs from 0.062 to 16 kHz. 

The dashed line is the psychophysical Qerb calculated by the ERB formula described by 
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Glasberg and Moore (1990), which is based on measurements of tone thresholds with 

simultaneous notched-noise maskers. 

 

FIG. 4. (color online) TDLM compression at CF=1 kHz with Qmax=4 (thick solid line) 

and Qmax=1 (medium solid line). Compression is defined as the reciprocal of the slope of 

loudness level versus physical signal level. The larger value of Qmax simulates normal 

hearing, while the smaller value of Qmax simulates hearing impairment due to loss of 

OHC function. Other compression estimates based on psychophysical measurements are 

shown for comparison: the classic Fletcher-Munson loudness data (thin solid line; 

Fletcher and Munson, 1933), loudness-quadrupling measurements (squares; Neely et al., 

2005), and forward-masking psychometric-function slopes (circles; Schairer et al., 2003). 

The quadratic-compression function described by Neely and Jesteadt (2005) is also 

shown for comparison (dashed line). 

 

FIG. 5. (color online) Gain of the middle-ear transfer function between ear-canal pressure 

and vestibule pressure in the TDLM. The middle-ear section of the TDLM is 

implemented as a sixth-order, IIR digital filter and helps to reproduce some of the 

frequency dependence observed in standard ELLCs. 

 

FIG. 6. TDLM gain at two levels in response to a frequency-swept tone. The 

instantaneous frequency increased at a logarithmic rate from 0.03 to 30 kHz over a time 

span of 8 seconds. The thin and thick lines represent the TDLM gain when pressure at the 

input to the middle-ear stage was 0 and 80 dB SPL, respectively. 
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FIG. 7. (color online) Comparison of TDLM-predicted and ISO-226 ELLCs. The TDLM 

contours (solid lines) represent horizontal slices through loudness-level functions at 

various frequencies. The ISO-226 (2003) contours (dashed lines) represent 0 to 90 

phones in 10 dB steps.  

 

FIG. 8. (color online) Comparison of normal-hearing (thick line) and hearing-impaired 

(medium line) loudness functions for a 1-kHz tone. The plus symbol indicates threshold 

for the HI condition, which is elevated 43 dB from the NH threshold. The NH loudness 

function (thick line) is more compressed than the Fletcher-Munson (1933) loudness 

function (thin line). Compression for these three loudness functions was presented in Fig. 

4. 

 

FIG. 9. (color online) Loudness of multi-tone complex as a function of bandwidth. The 

closed circles represent mean level, averaged across seven subjects, of a 1-kHz tone 

judged equal in loudness to the multi-tone complex at 60 dB SPL from Leibold et al. 

(2007). The open circles are estimates of the loudness-matched tone level from the Moore 

et al. (1997) model. The squares and triangles are estimates of the loudness-matched tone 

level from TDLM in the NH and HI conditions, respectively. The vertical line indicates 

the equivalent rectangular bandwidth (ERB) at 1000 Hz (Glasberg and Moore, 1990). 

[Figure adapted from Leibold et al. (2007, Fig. 1).] 
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FIG. 10. (color online) Comparison of normal-hearing and hearing-impaired intensity 

JNDs at 1 kHz. The NH and HI Weber factions ( IIΔ ) at 1 kHz are computed from Eq. 

(1). Previously published NH measurements (Jesteadt et al., 1977) are also shown for 

comparison (squares). 

 

FIG. 11. (color online) Detection performance ( d ′ ) as a function of signal level for 

different masker levels. The signal frequency was 4 kHz. The masker frequencies were 

4.282 (upper panel) and 2.141 (lower panel) kHz. The leftmost curve in each panel is the 

same and represents the condition with no masker. The other curves represent masker 

levels from 0 to 80 dB SPL in 10 dB steps. The arrows illustrate the definition of 

suppression as the horizontal shift in the signal level for which 1=′d . 

 

FIG. 12. (color online) TDLM suppression compared with psychophysical suppression 

estimates based on the difference in the amount of masking (DAM) between 

simultaneous masking and forward masking (Rodriguez et al., 2010). 
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