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Another illustration of an excitation pattern is given in Figure 13. This figure shows the EP for a
sound consisting of a fundamental at 200 Hz and its first nine harmonics, all present at equal levels,
ranging from 40 dB to 100 dB SPL. The upward trend of each pattern is due to the frequency
response of the outer and middle ear. As the level increases, the gaps between the harmonics
progressively “fill in” representing additional neural activity due to the upward spread of masking.
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Figure 13 Calculated excitation pattern for a sound consisting of the first nine harmonics of 200 Hz.

4.4.4 Methods of finding the effective signal to masking ratio

The masking noise levels produced by each speech spectrum were found using three methods,
each of which gave different results.

Method 1

The effective signal to noise ratio SNR in a given frequency band can be determined from the
difference between two excitation patterns calculated using the method described in Section 4.4.5.
This method assumes that the speech has spectral lines at 0.1 ERB intervals.

This method yielded unexpectedly low values for the SNRs, and was therefore not used for the STI
analysis. Two alternative methods were developed.

Method 2

Method 2 is similar to Method 1, but assumes the speech has spectral lines at 1/3" octave intervals,
as used in the Sl model.

Method 3

The speech signal is regarded as being lumped into spectral lines at 1/3" octave intervals, and the
slope of the relevant masking curve is used to compute the masking level. This method is similar to
the method used in Sl masking model.
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4.4.5 Method 1 Difference of EPs with spectral lines at 0.1 ERB intervals

The difference is found between the following two excitation patterns:

>

The perceived level of the signal in the i ™ one-third-octave band is the integrated intensity of
the excitation pattern (EP) in the i ™ band when only that band is used for calculation of the
EP; i.e., all other bands are removed.

The perceived level of the masking noise in the i ™ one-third-octave band is the integrated
intensity of the EP in the i ™ band when all bands other than the i " band are used to calculate
the EP.

Although Moore’s EP method uses a signal’'s fundamental frequency and its harmonics, we have
assumed that speech is a noise-like signal with energy distributed consistently throughout 1/12
octave bands extending from 100 Hz to 10 kHz.

Our method of calculating the EPs of the speech signal and that of the masking signal follows that
given in a Fortran programme in (10). The following steps were used:

1.

w

Adjust the selected time-slice of the speech spectrum to account for i) the frequency
response for the frequency-response modifying filter and ii) the filtering by the outer and
middle ears.

Allocate the adjusted 1/3"™ octave levels into 1/12" octave band levels.
Compute the 0.1 ERB band numbers corresponding to each 1/3" and 1/12" octave bands.

Allocate the 1/12" octave speech levels into 0.1 ERB wide bands using the appropriate
corrections for bandwidth. This process provides an equivalent to the frequency harmonics
of (10).

Allocate the 1/12" octave band levels into ERB wide bands to determine the level of the
masking signal X in Eq 10 for subsequent use in the associated 0.1ERB bands.

Calculate the excitation pattern with the speech energy in the desired " 1/3" octave band
at 0.1ERB steps.

Logarithmically sum the level in each 0.1ERB band included in the i 1/3rd octave band to
yield the wanted speech level.

Calculate the excitation pattern at 0.1ERB steps with speech energy present in all but the "
1/3" octave bands.

Logarithmically sum the masking noise energy present in the " 1/3" octave band.

Figure 14 illustrates the process described above, showing the following parameters:

>

>

>

>
>

The input spectrum before ear filtering in 1XERB wide bands at 0.1 ERB intervals for Talker 1
anechoic, unfiltered, 50 ms slice 171.

The input spectrum after ear filtering in 1XXERB wide bands at 0.1 ERB intervals.

The input spectrum in 0.1 ERB wide bands at 0.1 ERB intervals (As this spectrum is not
integrated into ERB bands, the levels are 10dB (10*log[0.1ERB]) lower than the input
spectrum which is in ERB wide bands.

The EP with only the " band at 500 Hz present.
The EP with only the /" band at 500 Hz removed.

The output of the complete process is shown in Figure 15, which is a set of values at 1/3" octave
intervals of the speech EP value and the masking EP value. The difference between the speech
and masking values at each frequency point represents the SNR at each frequency. Figure 16
shows the complete EPs for the 50 ms time-slice 37.
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Figure 14 Input SPLs and excitation patterns for Method 1
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Figure 15 Total excitation patterns of speech and masking signals for Talker 1 anechoic 50 ms time-slice 37.

The results in Figure 15 and Figure 16 show typical SNRs of 5 dB or less, which suggest that the
self-masking from normal everyday speech would be sufficient to substantially degrade intelligibility.
Clearly this is not the case, and therefore this model appears unsuitable for this process.

Checks of the calculations were made to confirm that the method was being implemented correctly.
A literature search yielded (22), in which the authors assumed that the masking pattern calculated
from the EP using Moore and Glasberg’s model should be parallel to the excitation pattern of the
input signal, but shifted vertically downwards by a small amount. The authors used a factor of 6dB
to represent the level that the masking level was shifted below the signal and this bears some
similarity to our observations.
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Figure 16 Total excitation patterns of speech and masking signal for Talker 1 anechoic 50 ms time-slice 171.

4.4.6 Method 2 - Difference of EPs with spectral lines at 1/3" octave intervals

When the spacing of the effective speech spectral lines was progressively decreased from 0.1ERB
intervals through ERB and finally to 1/3" octave intervals, the SNRs progressively increased. From
this we conclude that the EP of speech should not be computed with narrow spectral lines that
effectively simulate noise. Figure 17 shows the input spectra and the calculated EPs using this
method with the 1 kHz band as the /" band.

EP with single 1/3rd oct band i only
EP with all BUT single 1/3rd oct band i

#— input spectrum with only band i at 1/3rd octave intervals
—@— input spectrum with all but band i at 1/3rd octave intervals
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Level dB
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0 i | I N ANE | | I SN N N

100 1000 10000
frequency

Figure 17 Input SPLs and excitation patterns for Method 2

As the SNRs resulting from this method were more in line with those of the STI and SII methods,
Method 2 was used for the STI calculations, with and without ear filtering.
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4.4.7 Method 3 - Slope of Excitation Pattern

The excitation pattern for pure tones at octave intervals ranging from 125 Hz to 8 kHz were
computed for levels ranging from 20 dB to 90 dB SPL using the method described in Section 4.4.5.
From each tone’s excitation pattern, equations were developed for lines matching the first part of
the excitation pattern (above the tone being examined). Figure 18 shows an example of the lines
that were matched to range of EPs at 1 kHz from 20dB to 90 dB SPL. Note that the effect of
downward masking is not included in this method

100 ——90dB EP
90 ——90dB line
80 —&—80dB EP
70 = 80dB line
—&—70dB EP
60 ——70dB line
3 50 —&—60dB EP
g 40 = 60dB line
wn \ == 50dB EP
30 | » | =——=50dB line
20 —e&—40dB EP
10 - = 40dB line
—e—300dB EP
0 - \ ——30dB line
-10 - O —4—20dB EP
e 0dB line

10

normalised frequency

Figure 18 Excitation patterns for a 1 kHz tone presented at different levels and associated lines matched to
the first part of each pattern. Note that the frequency scale is normalised to the input frequency.

From the 49 equations (7 frequencies with 7 levels), the equation parameters were interpolated at
1/3"™ octave intervals between the octave-based filters and for each level between the 10 dB steps.
These equations were then used to compute the masking produced by speech frequency i at each
1/3" octave interval above frequency i.

As the EP method proposed by Moore includes the acoustic filtering produced by the outer and
middle ear, it is instructive to examine the differences in the masking resulting from this filtering.
Figure 19 shows an illustration of masking levels above 500 Hz calculated in 1/3" octave bands
(using the slope method) from speech in the bands 500 Hz and above with and without ear-filtering.

70 ———— ®Speech level without filtering Equiv noise without filtering
65 - B Speech level with filtering Equiv noise with filtering

60 -
55
50 -
45 A
40
35
30
25
20 -

SPL dB

500 630 800 1000 1250 1600 2000 2500

frequency 1/3rd octave

Figure 19 Conceptual illustration of equivalent masking noise predicted by the EP slope model in the 1/3™
octave bands above 500 Hz due to speech in the bands 500 Hz and above. Data is presented with and
without the filtering of the outer/middle ear. Data for Talker 1 reverberant, 50 ms spectra time-slice 71.
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A comparison was made of the masking levels computed by the EP slope method with those of the
Sl model. Figure 20 compares the masking due to speech in the 500 Hz and 1 kHz bands
associated with a total Leq level of 75 dBA and the IEC spectrum, while Figure 21 compares the
masking at a total Ly level of 95 dBA.

masking level from 500 Hz band masking level from 1 kHz band
m Speech level m Masking Level EP ®Masking level SlI mSpeech ®Masking level EP  ®Masking level Sli
70
65 - 65
60 - 60 -
55 - 55 -
50 - 50 -
45 - 45
@ 40 @ 40 -
T 35 - T 35 A
oy 30 - T 30 -
® 25 ® 25 -
20 - 20
15 - 15 -
10 - 10 -
5 5 -
0 - 0 -
500 630 800 1000 1250 1600 1000 1250 1600 2000 2500 3150
frequency 1/3rd octave frequency 1/3rd octave

Figure 20 Comparison of EP (slope method without outer/middle ear filtering) and Sll masking levels with the
component in the 500 Hz or 1 kHz 1/3" octave bands only of the IEC spectrum with a total level of 75 dBA. Note the
change of vertical scale.

masking level from 500 Hz band masking level from 1 kHz band
m Speech level ®m Masking Level EP ®Masking level SlI HSpeech ®Masking level EP  ®Masking level SlI
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70 T 70 4
65 65 -
% 60 - % 60 -
o 55 3 55 -
e 50 - & 50
45 45 1
40 40
35 1 35
30 - 30 -
25 25
20 - 20 -
500 630 800 1000 1250 1600 1000 1250 1600 2000 2500 3150
frequency 1/3rd octave frequency 1/3rd octave

Figure 21 Comparison of EP (slope method without outer/middle ear filtering) and Sl masking levels with speech in
the 500 Hz or 1 kHz bands only. The total long term Leq of the speech containing the selected 1/3" octave segment
was 95 dBA. Note the change of vertical scale.

When the 1/3" octave equivalent masking levels for EP and SIl methods are bundled into octave
bands and compared with those computed by STI masking, the data in Figure 22 results.
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masking level from 500 Hz band masking level from 1kHz band
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Figure 22 Comparison of masking levels computed by the STI, Sll and EP slope methods with speech in the
500 Hz or 1 kHz octave bands only. Note that filtering by the outer/middle ear is not used for the EP
calculations.

5 COMPUTATION OF STI WITH THREE MASKING MODELS

The STI values were computed with the three different masking methods and the range of filters
and speech spectra. The following six masking models were used:

STI

Sli

EP using 0.1ERB resolution with 1/3" octave spectral lines with ear filtering
EP using 0.1ERB resolution with 1/3" octave spectral lines without ear filtering

EP slope method with 1/3" octave spectral lines with ear filtering

2

EP slope method with 1/3" octave spectral lines without ear filtering

The computation steps listed below were followed.

5.1 Adjustments to the measured MTF Matrix

As i) the MLSSA analyser was used to measure the MTF matrices in (2) had applied masking to
those matrices, and ii) some SNRs were less than 30 dB, the MTF matrices were de-noised and
then de-masked, by applying the inverse of the specified masking adjustments.

5.2 Preparation of Spectra for STI Calculations

The 1/3™ octave speech spectra were prepared for insertion into the STI calculations as follows:

a) The total rms level of the ten one-second slices was computed for each talker to form the
long-term Leq ineach 1/3" octave band.

b) The long term Lgq in each 1/3" octave band was then adjusted by the frequency responses of
the eight filter shapes.

Vol. 31. Pt 4. 2009




Proceedings of the Institute of Acoustics

c) The filtered long-term L¢q levels were A weighted and summed to give the long term LAgq of
each talker and normalised to the nominated long-term operational speech level of 75 dBA.
The resulting normalization factor D was stored for later use.

d) Each of the 1 second, 250 ms and 50 ms time-slice spectra was then adjusted by the
response of the eight filter shapes and the normalization factor D. The data from this stage is
termed the “processed time-slice spectra”.

e) All spectra with total levels less than 45 dBA were discarded.

f) All adjusted spectra were logarithmically summed into octave bands for inputting into the STI
algorithm as the Speech Signal.

5.3 Inclusion of background noise

Noting Steinbrecher’s (23) concerns, a realistic amount of background noise was introduced into the
calculations of STI. A noise spectrum corresponding to NR20 was used to ensure that under
operational situations where background noise is almost universally present, the reduction in signal
to background noise ratio due to a depressed frequency response was accounted for.

5.4 Computing STl using STI masking

The STI was calculated using the STl masking model for each processed time-slice spectra and
talker.

5.5 Computing STl using Sll masking

The spectrum level of each processed time-slice spectra was computed, and the total masking
levels were computed in 1/3" octave bands using Eq 4 and the summed term in Eq 5.

The masking spectrum levels were converted back to 1/3" octave speech and masking levels which
were summed into octave bands to yield the octave band SNR’s. These SNRs were subtracted
from the octave band levels of each processed time-slice spectra to yield the masking noise in
octave bands. Those noise levels were converted to intensity I,,,,.and using Eq 3 to insert the
masking noise, the STI was calculated for each processed time-slice spectrum and talker.

5.6 Step 3 Computing STl using Excitation Pattern masking

The speech and masking noise levels in 1/3" octave bands were found for each processed time-
slice spectra using EP Methods 2 and 3.

The process produced output 1/3" octave speech and masking levels that were summed into
octave bands to yield the octave band SNR’s. These SNRs were subtracted from the octave band
levels of each processed time-slice spectra to yield the masking noise in octave bands. Those
noise levels were converted to intensity I, ,.and using Eq 3 to insert the masking noise, the STI
was calculated for each processed time-slice spectrum and talker.
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6

RESULTS

6.1 STis with IEC Speech Spectrum

Figure 23 compares the STls of the six methods for the IEC speech spectrum given in (6). The

following trends are observed:

a) The differences in the STl values approximately range from 0.02 to 0.1.

b) Sl masking method yields the lowest STl values.

c) Of the four EP methods, the slope method without ear-filtering yields the lowest STI values.
d) The EP 0.1ERB method with ear filtering yields STI values that are similar or exceed the STI

method.

W STI
EP 0.1ERB with filter

@S
M EP 0.1ERB without filter

0.55
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0.51

0.49

0.47
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Figure 23 Comparison of STls predicted by the six masking models with the IEC speech spectrum.

The octave band MTI values were examined for the eight filter shapes to help understand the
contribution of each octave band to the overall STI value. Comparisons of the MTIs for Filters 7 and

9 are given in Figure 24 which shows some of the extremes of the overall behaviour.
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Figure 24 Octave band MTI values of two filter shapes for six masking methods with IEC spectrum
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6.2 STis with spectra of talkers

6.2.1 Histograms of STI values for Talker 1

Using the range of spectra obtained for Talker 1 reverberated, the STI values for each filter and
masking model were examined for their distribution of STl values. Twenty bin-ranges were formed
between the maximum and minimum values of STI for each masking model. Figure 25 shows
histograms of the STI values in bin sizes equal to (max-min)/20.

The following trends are observed:

a) The bulk of the STI values taken over the filters and short-term spectra lie in a remarkably
narrow range, varying mostly by only 0.03, with filter 8 showing a range of 0.05.

b) Although the bulk of the Sl values can be up to 0.1 lower than the STI, the majority are within
0.05 of the STI. This is just larger than the generally accepted JND of 0.03 STI.

c) The shape of the distribution of the STl and EP in 0.1ERB intervals is generally narrower than
with SlI or EP slope models.

d) The shape of the distribution of the Sll and EP slope methods has some similarity.

e) Although the shape of the distributions of EP slope method with and without filtering is
generally similar, they often differ significantly in value.

6.2.2 Mean STIs for all talkers

The mean STI value for each talker, situation, and filter was computed for the six masking methods
with all the short-term spectra. Comparisons of the mean STI values for the anechoic and
reverberated spectra are shown in Figure 26 and Figure 27 respectively.

The following trends are observed in the anechoic speech data:

a) The STI values with SlI masking are universally the lowest and are typically 0.02 to 0.04
below those with STI masking.

b) Depending on the filter shape, the highest STI values occur with either STI masking or EP
with 0.1ERB masking.

c) The STI values with Sll masking are generally 0.1 to 0.2 below those with the EP slope
method.

d) The STI values with EP slope with and without ear filtering do not show a consistent trend.
Whether or not the EP slope with ear-filtering is greater than without ear-filtering depends on
the filter shape.

The following trends are observed in the reverberant speech data:

e) The STI values with SlI masking are universally the lowest and are typically 0.02 to 0.06
below those with STI masking.

f) Depending on the filter number, the highest STI values occur with either STI masking or EP
with 0.1ERB masking.

a) The STI values with Sll masking are generally 0.1 to 0.4 below those with the EP slope
method.

h) The STI values with EP slope with and without ear filtering do not show a consistent trend.
Whether or not the EP slope with ear-filtering is greater than without ear-filtering depends on
the filter shape.
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Figure 25 Histogram of STI values for six masking methods for the nine filters with Talker 1 reverberated and all time slices.
Note the differences in scales between graphs.
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Figure 26 Mean values of STI with the STI, SIl and EP slope masking methods. Data is for anechoic speech and Tn
indicates Talker n.
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Figure 27 Mean values of STI with the STI, Sl and EP slope masking methods. Data is for reverberated speech and Tn

indicates Talker n.
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7 SUMMARY AND CONCLUSIONS

This paper has investigated the extent of changes to the values of the STI resulting from
modifications to two key parameters of that metric. These two aspects are i) the spectrum of
speech and ii) the model of the ear’s upward masking mechanism. These two parameters are used
to predict the level of equivalent noise resulting from the self-masking of speech. .

7.1 Speech Spectra

The standard STI methodology uses a specific long-term spectrum of speech. To investigate
changes to the STI values resulting from short-term speech spectra, short-term spectra of six
talkers were found using time intervals of 1 s, 250 ms and 50 ms with both anechoic and
reverberated speech.

Analysis of these spectra showed variations of up to +12 and -40 dB relative to the IEC spectrum.
Compared to the IEC spectrum, the average spectrum of the six talkers in the anechoic
environment shows approximately 10 dB less energy at low frequencies and 8 dB more energy at
high frequencies. With reverberated speech, the average spectrum has approximately 6 dB less
energy at low frequencies and 5 dB more energy at high frequencies than the IEC spectrum.

7.2 STI Values with six Masking Methods

The effects of five alternative methods of psychoacoustic masking on STI values were calculated for
a large range of speech spectra and compared to the STI values obtained with the specified STI
masking method. Table 7.1 summarises the six masking methods.

The basis for the calculation was a measured MTF matrix for which the STI value was 0.5. The STI
values were computed for six talkers, each with eight filter shapes. The filter shapes had severe
frequency response aberrations, and were intended to reflect the response of a sound system that
has an extremely poor frequency response.

The long-term L., level of each talker with the applied filter shape was normalised to 75 dBA, and
the resulting short-term spectra computed with this normalisation. A background noise level of
NR20 (approximately 33 dBA) was also applied to the STI calculations.

Method | Type and source Comment Ear Assumes speech |Calculation
filtering |spectral lines at | interval
1 STI Uses a defined equation to
Specified in IEC predict masking no octave intervals octave
standard 60268-16
2 Uses defined equations to
predict masking. j/3rd octave.
Sli | Hant modificati intervals, which
Specified in ANSI m%o .a'r: moal .|fc':ad|on Was Ino are ultimately 1/3rd octave
$3.5-1997 made; the specifie integrated into
attenuation of 24 dB for the octave bands
speech level was not used. )
3 Difference of two gomputesEgiﬁgrﬁ nC? yes 1/3rd octave
excitation patterns in etween wit onty one intervals, ultimately
: band and the EP with all . o 0.1xERB
4 the inner ear. integrated into
bands other than that no
Moore, Glasberg etal |, 4 octave bands.
5 . Uses equations that we 1/3rd octave
Slopeg derived from developed to predict yes intervals, ultimately
excitation pattern : . . 1/3rd octave
6 masking. no integrated into
responses
octave bands.

Table 7.1: Description of the six masking models
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All these masking models are based on masking with stationary signals, and do not consider
temporal masking mechanisms. Only Methods 3 and 4 take the ear's downward masking into
account, with the STI and slope methods not considering this mechanism at all. However, the EP
slope method that we developed could be extended to include downward masking if deemed
appropriate.

7.3 Primary Findings and Conclusions

Our principal finding is that when the STI values are calculated with the six masking models using
the range of short-term spectra and filter shapes, the resulting values do not differ significantly from
the value obtained with the STI masking method and the long-term IEC speech spectrum. None of
the calculated STI values using the range of spectra and masking models approached the
equivalent STI value associated with the subjective word-score for each filter shape.

Our principal conclusions follow from this result:

a) When incorporated into the STl method using octave bands, the six steady-state masking
models do not produce STI values that satisfactorily reflect the subjective reduction in
intelligibility that occurs in practice with poor spectral balance.

b) A different masking model that also includes the temporal effects of pre and post masking is
required if STI is to satisfactorily reflect the subjective experience of listeners under
conditions of poor spectral balance.

c) As masking can occur in bandwidths that are narrower than an octave, we conclude that the
concept of octave bands used in STI may be contributing to this result.

d) The range of measured spectra found in this study suggests that the standardised IEC
spectrum may not necessarily the reflect the speech spectrum of a given individual talker.
Further study is required to review typical, contemporary speech spectra.

Care should therefore be exercised when using the standard spectrum — as it may differ
substantially from that actually relevant to a particular system or circumstance. This is
particularly the case with pre-recorded messages whose spectral or dynamic properties may
have been deliberately modified in order to enhance the perceived intelligibility.

7.4 Other Findings and Conclusions

a) The STI values for the different filter shapes exhibit a variation of 0.02 to 0.1 over the range
of spectra. Noting that a change of 0.1 STl is a significant change in intelligibility, this range of
values suggests that using a long-term speech spectrum for STI may not be appropriate.

b) Of the masking models examined in this thesis, the excitation pattern method gives the most
detailed calculation of masking noise. Both upward and downward masking is considered and
speech signals can be considered using their actual spectral lines.

c) However, if the speech is lumped into specific bandwidths as per the (SIl and STI methods),
the ratios of speech to masking noise (SNR) obtained from the excitation patterns are
sensitive to the spacing of the frequencies (spectral lines) into which the speech energy is
lumped.

d) With speech lumped into spectral lines at 0.1 ERB intervals, the resulting SNRs are typically
5 dB or less. This suggests that the self-masking from normal everyday speech would be
sufficient to substantially degrade intelligibility. Clearly, this is not the case, and therefore this
interval is unsuitable for this process.

e) If excitation patterns are to be predicted with a frequency resolution of 0.1 ERB intervals, the
analysis should be conducted using the actual spectral lines of a given talker, and not
integrated as it is done with SII (1/3™ octave) and STI (octave) methods.
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f) In a large number of cases, the unfiltered EP slope method shows similar STI histograms to
the SII masking method; although the SlI method generally produces lower masking SNRs.

g) Processes such as those discussed by Goldsworthy and Greenberg (24) incorporating
temporal effects might be useful in narrowing the gap between subjective experience and the
objective measure of STI.
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Figure A- 1 Time slice data for Talker 1 anechoic
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Figure A- 2 Time slice data for Talker 2 anechoic
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Figure A- 3 Time slice data for Talker 3 anechoic
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Figure A- 4 Time slice data for Talker 4 anechoic
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Figure A- 5 Time slice data for Talker 5 anechoic
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Figure A- 6 Time slice data for Talker 6 anechoic
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Figure A- 7 Time slice data for Talker 1 reverberated
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Figure A- 8 Time slice data for Talker 2 reverberated
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Figure A- 9 Time slice data for Talker 3 reverberated
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Figure A- 10 Time slice data for Talker 4 reverberated
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Figure A- 12 Time slice data for Talker 6 reverberated
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