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Abstract ms. The masked thresholds for the noise signals were determined
using an adaptive 2AFC paradigm with no feedback [Levitt

A model for predicting the masked thresholds of the voiceless 1971 1992].
plosive bursts /k.t,p/ in background noise is proposed. Because  The thresholds for the bandpass noises centered at 1 kHz are
plosive bursts are brief, are generated by a noise source, and shown in Figure 1. In this figure, the masked thresholds (in dB
have different spectral characteristics, the modeling approach SPL), are plotted as a function of signal duration with different
must account for duration, center frequency, signal bandwidth  contours in the plots representing different signal bandwidths. The
and type. To achieve this goal, noise-in-noise masking experimental data are expressed in this manner to emphasize the
experiments are conducted using a broad band masker and gffect that bandwidth has on the threshold at the different signal

bandpass noise signals of varying bandwidth (1-8 CB), duration qyrations. Data are averaged across subjects with standard
(10-300 ms), and center frequency (0.4-4 kHz). The results of geyiations represented by error bars.

these experiments are used to parameterize an auditory filter .
model in which the effective bandwidths of the filters and the 1 kHz BandpaSS Noises
signal-to-noise ratio at threshold are frequency and duration-

dependent. The duration-dependent filter model is then used to
predict the thresholds of both synthetic and naturally-spoken

plosive bursts in background noise.
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1. Introduction 01CB
Plosive bursts are often confused in noisy environments but no 60 :i(C:ZBB
model exists to predict these confusions. In this paper, a « 8 CB
physchoacoustic model to predict the masking of plosive bursts in
background noise is developed. This model will hopefully be a 55 1 >
stepping stone towards a more general quantitative model of humar 10 10

speech perception in noisy environments. Duration (msec)

Plosive bursts are noisy, brief, and time-varying signals. Whetigure 1 - Average Bandpass Noise Thresholds in a Flat Noise
trying to model their masking, the major characteristics of theddasker (36 dB/Hz) for the 1 kHz data. Contours represent the
bursts need to be characterized. Because the plosive bursts are biifégrent signal bandwidths.
and noise-like, an understanding of how duration affects the
masking of noise-in-noise is important. In addition, because the The most striking trend seen in Figure 1 is that at short durations
bursts have different spectral shapes, the effects of signal frequetig total energy thresholds are similar across bandwidth, while at
and bandwidth should also be assessed. Hence, the modeldreg durations, the thresholds increase with increasing bandwidth.
approach of this study is to conduct perceptual experiments witlhis may imply that at short durations, frequency selectivity is
bandpass noises of varying duration, bandwidth, and cengfeatly reduced. At short durations, if the subject is listening to
frequency. These experimental results are then used to derivsignals over a wider frequency region, then the auditory system will
physchoacoustic model for noise-in-noise masking. Finally, treum signal energies over a large bandwidth. The result of this
bandpass noise model is used to predict the masked thresholdsrsfrgy summation across frequency will be total energy thresholds

both natural and synthetic plosive bursts. that are similar across bandwidth. On the other hand, at long
durations, if the subject is listening over a narrower frequency
2. Masking of Bandpass Noises region then the auditory system will inefficiently sum energy across

bandwidth. As a result, wider bandwidth signals will need to be at a
Four subjects with normal hearing were played bandpass noisfigher level in order to be heard. Other investigators such as Dai and
of varying bandwidth, center frequency and duration in the middigreen[1993] and van den Brink and Houtgast[1990] have described
of a background noise masker. The bandpass noises had bandwigfiiar bandwidth effects using the results of profile analysis and
ranging from 1 to 8 CB, center frequencies from 400 to 4000 Héne-complex experiments, respectively.
and durations from 10 to 300 ms. The masker used was broadband Similar trends are observed at the other center frequencies
noise at a spectrum level of 36 dB/Hz and a duration of 750 ms. Adisted. These data also show thresholds similar across signal

signals were centered in time with respect to the masker and turngghdwidth at the short durations, and increasing across bandwidth
on and off using a raised cosine window with a rise/fall time of 4t the longer durations.



3. A Model of Duration_Dependent Auditory increase of 7 over the same duration range. Figure 2c plots
Filters normalized bandwidths, with respect to the steady state filters at 300

ms, as functions of duration with contours for the different center

In this section, an auditory filter model in which the bandwidthfrequencies. This graph shows that between 300 and 10 ms and for
of the filters increase with decreasing duration is proposed to fit thenter frequencies of 400 - 4000 Hz, filters widen by a factor of
bandpass noise data. approximately 5 to 9 times their steady state values. In addition,

Auditory filters are an expansion of the idea of "critical bandsthere appears to be a maximum change in bandwidth for the 1kHz
first introduced by Fletcher[1940]. Fletcher measured the thresholidger, with decreasing durational effects at the higher frequencies.
of static tones in a broadband noise masker and found that the tofilke data of Figure 2 suggest, that over the center frequencies tested,
were masked only by noise within a certain frequency band of tffiker bandwidths change significantly with duration.
tone, known as the critical band. Patterson[1976] and several other .

investigators later used notched noise experiments to quantify tl Best Fit K Values
shapes of these "filters". They proposed the following roex functio .
to describe the shape of the auditory filter: 3 0 400 Hz
*1 kHz
- X 2 kHz
— —Pg - paramter determining the
W(g = (1 J|r P9 |e P glope of the filter skirgts 2a o 2 + 2 'k(:__:;
f-c . . -
- f - normalized magnitude of the
where g = c g frequency devigtion from the 1
filter's center frequencyy
The basic premise of the filter model is that thresholds ar 0
predicted by assuming the signal to noise ratio at the output of tt 10" ) 10°
filter, defined as the filtered signal energy divided by the filtere Duration(msec)
noise energy, is equal to some consténfshown in the equation 1 kHz Eilt
below). The bandwidth of the filter is determined by the paramete 1. 7 u z ' er 7
pin the roex function above. Both parameterndp are functions [ 2N
of the filter center frequency.
2 0.8¢
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In the duration-dependent model, we assume that th 0.2 / N
parameterg and K are also functions of signal duration. The —-1000 -500 0 500 1000
parametemp determines how the bandwidth of the auditory filter Deviation from Center Freq.(Hz)

changes with duration, while the parameé€edetermines how the
threshold SNR in each filter changes with duration.

The duration-dependent filter model was used to fit the 10
bandpass noise data, resulting in valuek ahdp as functions of 0400 Hz

Normalized Bandwidths

duration and center frequency. Some of results of this fit are shov *1 ||‘(HZ
in Figure 2. Figure 2a plotsvalues as a function of duration, where i % k:§

contours represent the different center frequendiesvalues 2
quantify all duration-dependent effects not associated witl c
changing filter bandwidth, such as temporal integration. The to
graph shows fairly flat values from 300 to 30 ms, with large jumps
in K values from 30 to 10 ms. This may imply that temporal
integration occurs over a time period less than 30 ms. If the noit 0
signals were integrated over time constants of order 100 mi, the 10" 10°
values would mostly decrease past 30 ms; not a general tre Duration(msec)
observed in our data.

Figure 2b plots the best fit filter shapes for the 1 kHz filter at t'ﬁgure 2 - Model Fit Results. 2a - Best Fit K values. 2b - Estimated

different durations. The graph shows that filter bandwidths increaﬁﬁer shapes for the 1 kHz filter at the different durations. 2c -
by more than a factor of 8 when the signal duration changes betwglajized  Bandwidths vs. Duration. for different center

300 and 10 ms. This is consistent with the results of profile analyﬁigquencies_
experiments by Dai and Green [1993] which approximated a filter

-4 kHz

Norm. Bandwidth




4. EXPERIMENTS WITH SPEECH through a filter bank corresponding to the interpolgtedlues. The
SAMPLES filtered signal energy, normalized to the total energy of the signal, is

determined by multiplying, in frequency, the filter with the spectral

In this se9t|on, we W'I.l attempt t9 use the QUrat!on-dependegﬁape of the burst and dividing by the burst's total energy.
model to predict the masking of plosive bursts in noise. To do th prmalized filter SNR values are calculated by dividing this

both natural and synthetic voiceless plosives are used as stimulj_in

i . ¢ d their thresholds i . émrmalized energy by the filtered noise energy. Thresholds are
masking experiments and their Iresholds In noise are compare ngdicted for each filter output by dividing the corresponding
model predictions.

value with the normalized SNR. The minimum of the different filter
. . thresholds is considered the final signal threshold.
4.1 Recording and Synthesis of Speech Samples _ .

normalized Pfe_|d|0ted

filter filter
Consonant-vowel syllables were recorded from three speakers. SNR threshold

To isolate the plosive from the syllable, the bgginning .of eaph - /\ > K,(d) >
syllable was segmented using a raised cosine window with a rise- pa(d)
fall time of 1 ms and a duration of either 17 or 37 ms. Because
exactly 7 ms of silence was left before the start of each syllable, t| pjgsijyel
windowing resulted in natural plosive samples of durations 10 af]  +
30 ms whose bursts were not distorted by the windowing procesy Noise

Synthetic bursts were generated resembling the spectral shapes
of the natural /k/, /t/, and /p/ tokens. For the /k/ and /t/, burst ¢
synthesis was done by exciting the parallel branch of the Klatt /\
formant synthesizer (KLSYN88 - Klatt, 1980). For the /p/ burst, - ) Kn(d) 9
synthesis was done by filtering flat noise through a filter with a n . redicted
constant falling slope in frequency of 30 dB/8000 Hz. All bursts no]rcirlwggpzed P filter
were synthesized at 300 ms. Using a raised cosine window with a SNR threshold
rise/fall time of 1 ms, the bursts were then segmented into durations
of either 10, 30, 100, or 300 ms. A raised cosine window was usgﬁgu
to be consistent with the windowing used in the bandpass noise
experiments.

Figure 3 shows examples of spectral shapes for both the nat
and corresponding synthetic back /k/ bursts. Notice that the natu ¥
back /k/, taken from the carrier word “cot”, has a prominent spectr
peak at around 1.8 kHz with a secondary peak near 4 kHz. T

g final
predicted
threshold

[ ]
Minimum

re 4 - Schematic for Predicting Plosive Burst Thresholds

The result of this processing is shown in Figure 5. The figure
Lﬂj&ts the output energies of the filter bank at each duration for the
pthetic back /k/ burst. The output energy for each filter, denoted

circles on the graphs, is normalized to the total energy of the

gnal. At long durations, auditory filters are narrow and hence, the

shape, along with the shapes of the other natural bursts, are simi 5?r bank preserves the orlglna! spec_tral shape of th? burst. At the

to those described by Blumstein and Stevens(1979) ad orter durations, however, auditory filters become wider and there

Massey(1994) Is spectral smoothing. At 10 ms, this smoothing is so severe, that the
' /k/ burst no longer appears to have a second resonance peak and its

Natural Back /k/ Synthetic Back /k/ once sharp spectral peak at 1.7 kHz is now much broader.
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Figure 3 - Spectral Shapes for Natural and Synthetic Back /k/_ °

Bursts. The DFT for the natural burst is taken over a 10 ms Windovxfd;»_10 %
The DFT for synthetic /k/ is taken over a 300 ms window. g g
- 20 =]
4.2 Model Predictions of Speech Thresholds -0 E
-40 - w0
With the spectral shapes of the different bursts calculated, th ~ ° 200 . %5 °%° O R rey  ®

duration-dependent filter model can be used to predict tggyre 5 - Predicted spectral smoothing for synthetic back /k/ at
thresholds of the plosives, as shown in Figure 4. At each duratiQfiterent durations. The output energies for each filter, denoted by
the plosive burst signal and background noise is first processgd circles, are normalized to the total energy of the /k/ burst.



4.3 Perceptua| Masking Experiments The plots of Figure 6 show that the duration-dependent filter
model is successful in predicting thresholds at 10 ms. At 10 ms, the

The natural and synthetic bursts generated were used as sigﬁ%@ge| predictions for both t.he' natural and syntheti.c /k/ burst fall

in two sets of masking experiments. These speech signals w¥fhin the standard deviations of the experimental data.

played for listeners in the middle of a noise masker and listenirfgPnsidering the amount of subject variation implicit in any type of

thresholds were measured. For the synthetic speech experimeR&ICeptual experiment compounded by the variation in the natural

the signals were synthetic /k,t,p/ bursts with durations of 10, 3§peech samples, these errors are small enough to consider the model

100, and 300 ms. For the natural speech experiments, the sigrfaft/ccess at 10 ms.

were naturally recorded /k,t,p/ bursts with durations of 10 and 30 However, the model errors for the 30 ms data are larger,

ms. especially for the natural /k/ burst. Possible sources of error include
The masker used in both the synthetic and natural spee@}? model’s failure to consider cross-filter comparisons and to take

experiments was perceptually flat (p-flat) noise, that is, noise wilhto account the time-varying nature of t_he_ natural_burst. For the /p/

equal energy per critical band. The masker was at a level of 56 df§Jd /U bursts, the model performs similarly with small errors

CB and had a duration of 750 ms. P-flat noise, as opposed to fgmarily at 30 ms.

noise, was used primarily because this type of noise is a better

approximation of background speech "babble", thus making our 5. Conclusions

experiments more relevant to the masking of speech in naturally

noisy environments. In addition, p-flat noise can be used to test the The net effect of a duration-dependent filter interpretation of the

robustness of the filter model to different types of noise maskel%gditory system, is that at. ghort dgrations the gpeech spectrum is
Total energy thresholds were determined using the same 2A atly smoothed. Hence, it is possible that detailed spectral shapes

procedure as in the bandpass noise experiments are not necessary for identifying the plosive’s place of articulation.
' F(;gure 5 shows that broad spectral cues, like the concentration of

The results of these experiments for both the natural an t hiah or low f ) fill retained at 10 d
synthetic back /k/ are shown in Figure 6. Thresholds for the €9y at hugh or low irequencies, are Stll retained a ms an

plosives, denoted by the asterisks, are plotted as a function & Id play a ro.Ie in identifying place. However, rmore subtle cues,
duration. The thresholds, in terms of total energy (dB SPL) ap e the bandwidth of spectral peaks, are most likely smoothed at

averaged over both the corresponding speech tokens and th% epe short durations. This spectral smoothing could also have

listeners. The standard deviations, expressed by the error bars,ct{raqgglf'catlons on speech coding schemes. If our ear cannot resolve

. . e [quency at short durations, then coding short duration speech
into_account both speaker and listener variations. The mo el nals, like plosive bursts, with a fine frequency resolution may not
predictions for these bursts are expressed by the circles and Iine%.g ' P ' q Y y
e necessary.

Natural Back /k/
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