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1. INTRODUCTION

Due to the way our hearing system analyzes sounds, a quiet sound will become inaudible in the
presence at a louder noise - a process termed masking, This paper describes a method for
predicting which parts of one sound are masked by another when both are incident at a human
ear. As an example, consider the masking sheet of a vehicle passing a mobile telephone user.
Some parts at the speech signal become completely inaudible due to the presence at the
background noise.

An auditory model converts the masking sound to a time-frequency representation with an
equivalent resolution to that of our hearing system, From this representation a masked threshold
is produced below which another sound will be inaudible. A similar auditory model produces an
excitation pattern fer the sound being masked. Figure 1 shows an audltory spectrogram
(excitation) for a speech signal, figure 2 shows the long term average excitation and masking
threshold of a noise signal used to mask the speech. The excitation pattern and msked
threshold are compared over all time-frequency elements and those areas of the excitation
pattern which are below the masking threshold are labeled as masked. This process will result In
a masking decision spectrogram as shown by Iigure 3. If all frequencies at a glven time are
masked then the entire signal is denoted as being masked for that time interval. Early analysis
has been pertormed to determine the proportion ol speech that is masked by common
environmental noises at different signal-to-noise ratios. Results lrom an informal listening test
show that no degradation is observed when masked speech is removed.
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Figure .l': SFL lulled speech excitation ( “He rem-2d quick-5' to his seat. ” admirfemalz. active Jpzech level -26dBovJ.
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Figure 2: Average excitation and masking threshold of street noise at -26dBov HMS).
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Figure 5, Binary ltmkld derision spectrogram (whiz: = audible. black : masked).

2.THE AU DITORV MODEL

The auditory model conslsts primarily of a bank 01 64 bandpass filters‘. The filter shapes are

chosen to be similar to those derived from psychoacoustic experiments [1]. Fitters towards the

lower end of the frequency range have a narrower bandwidth than those towards the higher end.

The Bark domain is a frequency transformation which represents characteristic place along the

human cochlea. It has been shown that auditory filters each have asimilar shape in the Bark

domain.

‘ Currently the model operates over a 4ld-Iz bandwidth for analysis of telephone quality Speech. This is
easily modified to cover the full audio bandwidth.
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The signal to be analyzed is filtered simultaneously by each of the auditory filters. The energy at
the output of Bach auditory filter is obtained by averaging the squared filter outputs over a
rectangular window whose width varies dependent upon the filter's bandwidth. The auditory
model can produce a variety of spectrographlc output formats:

1. SPL scaled spectrogram - showing a physical representation of the loudness using a
similar time-frequency resolution to the ear.

2. Sone scaled spectrogram - showing a perceptual representation of the loudness using a
similar time-frequency resolution to the ear.

3. Masking threshold - showing the minimum level that an additional time-frequency component
must attain before it may be heard when played alongside the sound.

2.1 Generating the filters
Sixty four auditoryfilters are placed with their center frequencies evenly spaced along a Bark
scaled axis covering a zero to 4kHz frequency range. The filters each have a similar shape in the
Bark domain, this shape formed by two straight lines ls shown by figure 4. Auditory filters are
non-linear since the lower skin of each filter becomes less steep with increasing Input level
resulting in an increase in bandwidth. This effect Is modeled using timevariant FIR filters.
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Figun 4.‘ Thefilier shape in the Bark domain.

To derive a set of FIR coefficients for a given filter. the Bark domain response must first be
transformed to a linear frequency domain with linear scaled attenuation axis. Equation (1) from
[2] is used to convert frequency from Hertz to Bark. The frequency sampling method of digital
filter design [a] is applied to obtain coefficients for a 255 tap FIR filter. These coefficients are
windowed using at Kaiser window to smooth ripples in the resulting filter response. Figure 5
shows the frequency response of a number of these filters on a linear frequency domain.
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FEM =13arctan(0.76F,Hz)+3.5arctan[[iL) ] (1)
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Figure 5: Measured response a/a number offilrers in the linear frequency domain,

2.3 Output
To obtain the envelope of the output signals energy the signal is squared and averaged over a

rectangular window. The width of the window varies depending on the bandwidth of the filter to

reflect the varying temporal response of the ear (high temporal resolution at high frequencies

and high frequency resolution at lower frequencies). The equivalent rectangular bandwidth

(ERB) of the filter ls determined and used to set the width oi the averaging window as 1/(2'ERB)

which provides a reasonable temporal response whilst minimizing ripple and smearing.

The model can produce a variety oi output types from the filter energy. These were listed earlier

and are now described in more detail,

2.3.1 Excitation
The excitatlon type of output yields a spectrogram which shows the time-lrequency-amplitude

plot of the input waveform. The time-irequency resolution is similar to that of the human hearing

system due to the shape and placing of the auditory filters. When compared to typical wide and

narrow band spectrograms the auditory spectrogram provides key attributes of each [6]. For

speech signals, closely spaced vertical lines, or striations. due to each vocal fold closure are

visible at higher frequencies (usually only visible on a wide band spectrogram) and the

harmonics of voiced speech are clearly visible at the lower frequencies (usually only visible on a

narrow band spectrogram).
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The SPL scaled excitation spectrogram shows the physical loudness oi the sound whereas the

Sone scaled spectrogram yields the perceived loudness of the sound. Conversion from SPL to

Sone is performed using equation (2). Note that the Sone conversion makes use of the absolute

threshold of hearin. This is a frequency dependent level beiow which our ears cannot detect

sound. The threshold is lowest around 1-5kHz. Where the maiority of important speech

information lies. and rises sharply at higher and lower ends of the audible trequency range.
Perceived loudness rises quickly near threshold and logarithmically thereafter; equation (2)

simulates this effect.

20 7?: f . m-
LEW = Ev” ——-§—)]A 50g “ i" “U” + C (2)

The threshold Trim is tound using Therhardt's approximation (equation (a) tram [4]) which is also

used in the MPEG-1 audio coding scheme,

1r“(flat = 364m“ — seamless]? + IO'Ifm: (3)
The scrie scaled spectrogram yields a much clearer View oi the harmonics and fonnants of
voiced speech than the SPL scaled spectrogram by applying the threshold at hearing and

logarithmic growth oi toudness. Much oi the ‘image noise' in the SPL scaled auditory

spectrogram is suppressed whilst important features tend to be emphasized for speech signals.

2.3.2 Masked Threshold
When an audio signal is presented to the ear that signal has the reflect of changing the threshold

below which other audio signals cannot be heard. The masked threshold output from the

auditory model aims to predict this modified threshold. The maskd threshold is always lower

than the excitation level produced by the signal. The diiference bemeen the excitation level and

masked threshold is dependent both upon the lrequency and on the noise-like or tone-like nature

01 the masking signal. Equations (4).(5) and (6) are used to determine the masked threshold
ievel [5].

Mmax = Lamp). ‘ Dian (4)

or.”g = «(14.5 +fm )+ (i — a)a., (5)

a, = 72.0 s ZrUSarctan[&) A 0.75arclan fm—" (e)
4 2.56

The horse-like or tonevlike nature of the input signal (coefficient of tonelity. a in equation (5)) is

determined using a spectral flatness measure derived lrom a measure of the spectral entropy.
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3. DETERMINING MASKED SPEECH
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Figure 6: Syriamfar determining pan: ofurre afldlfl signal masked by another.

Figure 6 shows how the auditory model is used to determine which components of one audio

signal are masked by another. The masking signal is applied to the auditory model and a

masked threehoid is output. The masked signal is also applied to the auditow model and an SFL

scaled excitation spectrogram is output. Each timesfrequency component of the two auditory

model outputs are compared and a decision as to whether each component is masked can be

made. The results are shown as a binary masking decision spectrogram. Figure 7 shows the

masking eiiect of a car passing a speaking male.
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Figure 7: Binary masked decision .rpzcrragmm (white : audible. black : masked).

Alternatively the signals level above the masked threshold may be plotted as shown by figure 8.
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Figure 8.- Sz'gnui level abovr mired threshold (whit: : inaudible).
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One proposed application of the identification of masked speech is to assist with the objective
assessment of voice activity detectors (VADs). In this situation the data required is the temporal
locations of those parts of speech MIICh are completely masked at all frequencies over a certain
time period. This can be easily obtained from the binary masking decision spectrogram. The
following table shows the percentage of active speech which ls masked by various different
noise types at a number of signal-to—noise ratios.

Male Speech Female Speech Child Speech

+10 1.11% 1.40%
+5 .

 

  

   
—

Babble — 4 31% 4.38%
‘- 9 13% 10.21% 7.57%
-.- 1e 04% 13.13% 15.84%

1

n:
-v-

Street

1 02% 0.41%
Vehicle

 

3.33% 3.11%
' ‘- a.1e% 7.29% 6.63%
--

Table I: Percentage afrpeech maskedfw various speakers and noise types.

   

As expected. it can be seen from the table that as the signal-to-noise ratio increases the
percentage of the speech signal which Is masked decreases. The data in the table indicates that
only a small percentage of the speech signal is completely masked. It is likely that more of the
signal is masked but this method is very harsh at making the masked decision. For example if
the excitation at one frequency band is just a fraction of a dB above the masking threshold then
the signal is marked as unmasked for that time interval even though it is unlikely that the signal
will be detected. As one example. only 4.31% of the male speech is marked as masked by
babble noise at an SNR of +5dB even though 53% ot the time-frequency elements of the speech
signal are below the masked threshold.

To evaluate the effectiveness of the method of detecting masked speech the masking decision
can be used to gate the clean speech before mixing it with the noise. The resultant signal should
sound identical to the original since the speech which has been removed would be inaudible due
to masking by the noise. A listening test was devised to test this hypothesis. The subjects were
asked to compare two versions of each utterance against a reference and decide which was
closest to the reference. Ideally they should not be able to hear any difference. The results show
this to be the case.

Withln the test a number of cases were used to examine the effects of relaxing the masking
decision by evenly raising the masking threshold with a given offset. An interesting result was
that with a 10dB rise in threshold the clipping of the speech was audible by careful listening but
the test results indicated that the clipping was not detected. This effect is probably a result of the
listening test design. A further listening test of 3 “Degradation Category Ftatlng“ (DCFI) type will
be performed to study this further.
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4. CONCLUSIONS AND FURTHER WORK

A method for determining the masking effect at one audio signal over another has been

described, and results presented which show the masking effect occurring. An early assessment

of the ability of the proposed system to detect masked speech has been performed by gating the

clean speech using the masking decision and mixing this with environmental noise. The listening

test shows that the auditory model is capable of detecting parts of an audio signal which are

masked by background noise.

One problem with this approach for detecting the masking of speech by background noise is that

mixing clean speech and environmental noise together does not produce a true representation of

the speech produced in noisy conditions. A number of changes in speech parameters have been

identified when speaking in noisy conditions. Probably the most obvious 01 these is the Lombard

effect discovered in 1911 which is the “spontaneous tendency of speakers to increase their vocal

intensity when talking in the presence of noise“[7]. Other changes include [8}[9]: raising the pitch

of speech. using a greater proportion of voiced speech to unvoiced speech, reduction of

speaking rate and adjusting the spectral tilt of our speech.

To overcome this problem the speech could be recorded by a subject wearing headphones with

the required background noise played over the headphones. Care must be taken to ensure that

the correct level of sidetone feedback is available so that the subject may talk naturally as it they

were In the noisy environment. Work is underway to study the effect of speech spoken in noise

in the context of the masking effect 01 the noise.
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