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INTRODUCTION

Attempts to predict the intelligibility of speech transmitted by a communication sys-
tem have led to numerous models (see, for example, ANSI 1997; IEC 2003; Christia-
nsen et al. 2010; Elhilali et al. 2003; Kates & Arehart 2005; Payton & Braida 1999;
Steeneken & Houtgast 2002a; Yu et al. 2010). Of these, the speech intelligibility in-
dex (Sl) (ANSI 1997) and the speech transmission index (STI) (IEC 2003) have re-
ceived most attention. Both provide an index of intelligibility from O to 1 based on the
speech signal-to-noise ratio in discrete frequency bands. The frequency bands of the
Sl were originally chosen to reflect the psychoacoustic masking of test sounds by
noise (critical bands). The method was later standardized with the speech spectrum
alternatively broken down into fewer, broader frequency bands for convenience of
calculation (one-third octave, and octave bands from 125 Hz to 8 kHz). The test sig-
nals are those naturally occurring in the communication system (i.e., speech and noi-
se, the levels of which need to be separately determined). The STI focuses on the
temporal modulation of speech sounds and adopted octave bands as the basis for
calculating the modulation spectrum (Steeneken & Houtgast 2002b). It replaced spe-
ech by a probe signal to ensure that the modulation could be determined in each
modulation frequency band, which have frequencies from 0.63 to 12.5 Hz in the in-
ternational standard.

In modern communication systems the speech signal is often corrupted by the signal
processing and electronic circuitry, as well as by noise, which in some circumstances
introduces audible distortion and may degrade intelligibility. The Sil and STI have
been shown to predict speech intelligibility for a range of conditions in which speech
understanding is impeded by continuous noise, but fail when the speech signal is
corrupted by nonlinear distortion such as center clipping. In these circumstances the
performance of the SIl has been improved by calculating the speech signal-to-'noise’
(or distortion) ratio from the coherence, which needs to be determined for different
amplitude ranges of the speech signal in order to assess the intelligibility (Kates &
Arehart 2005). We have explored replacing the test signal of the STI by speech and
adjusting the metric for the coherence between the original and corrupted speech, as
a means for determining when the observed modulations are due to speech rather
than 'noise' (Payton & Braida 1999; Goldsworthy & Greenberg 2004). Also, the con-
tributions to intelligibility from speech information in nearby frequency bands is known
not to be independent, and so cannot be simply summed as in some models (e.g.,
ANSI 1997), resulting in the need to estimate inter-band redundancy (Steeneken &
Houtgast 1999; Brammer et al. 2010).

In this paper we briefly describe our models and their application to speech-spectrum
shaped noise and center clipping. The latter occurs when a signal within a communi-
cation channel rapidly changes polarity from a non-zero value. An example is given
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in Figure 1, where the time history of a short segment (0.1 s) of a speech sound is
shown (above) as well as a corrupted waveform in which 75 % of the amplitude dis-
tribution of the speech sounds has been removed (below).
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Figure 1: Example of center clipping for a 0.1 s time segment of a speech waveform

METHODS
Speech Transmission Index

The models employ running speech as the input to the communication system,
contrary to the conventional STI method specified in IEC 2003, and are described in
detail elsewhere. Other essential components of the traditional STI model are, how-
ever, retained, viz. establish changes in the temporal modulation of speech sounds
within octave bands with center frequencies from 125 Hz to 8 kHz. Specifically, the
ratio of the input to output modulations is first determined in one-third octave bands
(with center frequencies, £, from 0.63 to 12.5 Hz) from the intensity envelopes of the
signals in each octave band (k). The magnitude squared coherence between the in-
put and output modulation envelopes is then computed for each modulation fre-
quency band, y,» The coherence is used to correct the measured modulation reduc-
tion, miy s, to account for situations in which the measured modulation reduction is
influenced by the competing noise or distortion (i.e., when the coherence will be re-
duced):

mey, ; =mi, ;* 74 s (1)
The corrected modulation reduction, mcy s is converted to a signal-to-noise (or distor-
tion) ratio, which in turn is adjusted to range from 0 to 1 so that a transfer index can
be computed for each modulation frequency band (within each octave band). A mo-
dulation transfer index, MTI,, is then computed for each octave band from the arith-
metic mean of the transfer indices for that octave band, and used to construct a spe-
ech-based STI, according to:
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7 6
ST]speech :ZakMTIk_Z'Bk\/MTIk*MT[kH (2)
k=1 k=1

In this equation, a; are numerical coefficients that represent the contribution to spe-
ech intelligibility from sounds in each octave band. They are equivalent to the 'im-
portance functions' employed in calculations of the Sl and are empirically determined
from speech tests with human subjects. The second term was introduced with empi-
rical coefficients (f)) to account for inter-band contributions to intelligibility arising
from speech information common to adjacent octave bands (Steeneken & Houtgast
1999).

The information common to the speech signal in different octave bands may be for-
mally identified by calculating the normalized cross-covariance between intensity
modulations in different octave bands, pi; (j=k+1, ...7). For the results reported in
this paper we have included interactions between three adjacent octave bands based
on observations of real speech (i.e., j=k+1, k+2), and computed the mean cross
covariance. The model for predicting intelligibility then becomes:

k+2

p—speech = ZakMTIk——Z Z[pk]*Mle*]WTIjPé (3)
k 1j=k+1

STI values were computed from sound pressures levels (SPLs) recorded at the cen-
ter-head position in the absence of the subject.

Modified rhyme test

The modified rhyme test (MRT) was used to characterize the intelligibility of individual
words in a six-alternative forced choice paradigm (ANSI 1989). The word lists were
those standardized for American English and were a commercial recording by a male
talker. Speech sounds were reproduced in an anechoic chamber by a small, high
fidelity, low distortion loudspeaker positioned 2.4 m in front of the subject with tweeter
at ear height (Paradigm Signature S1 v2) (see Figure 2).

Speech-spectrum shaped noise was produced by four loudspeaker towers
surrounding the subject at a distance of almost 2.0 m (each tower consisting of a
JVC SRX715F woofer and tweeter, and SRX718 sub-woofer). The signals driving the
loudspeaker towers were processed to yield a pseudo-diffuse sound field in the hori-
zontal plane at the center-head position (Yamaha SPX2000 and SP2060). The sound
levels were equalized to produce a flat frequency response from 80 Hz to 10 kHz
(£ 3 dB).

Center-clipped speech was obtained by removing the central 10% to 98% of the
long-term histogram of the speech waveform, which consisted of the concatenated
MRT words and carrier phrases with the silence between test phrases removed. The
distorted signals were adjusted to the same SPL as the unperturbed speech, and
replayed to the subject at 65 dBA as measured at the center-head position (in the
absence of the subject). The speech-spectrum shaped noise was also reproduced at
65 dBA, and the SPL of the MRT word and carrier phrase were adjusted to the desi-
red speech signal-to-noise ratio (from -17 to +10 dB).

Subjects sat with a computer-controlled touch screen at a convenient height in front
of them (see Figure 2) and initiated each test sentence by pressing the 'play' button,
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whereupon one of six words displayed on the screen was randomly presented within
the carrier phrase. Subjects were instructed to choose one of the six words by tou-
ching the screen, and then initiate the next trial when they were ready. There were 50
trials in each measurement block from which a word score was derived for a given
speech signal-to-noise or distortion. Each measurement was repeated on three sepa-
rate occasions. Word scores from the three replications were first averaged for each
subject before the mean scores were combined across subjects.

Figure 2: Determination of word intelligibility

Subjects

Six healthy subjects ranging in age from 25 to 45 years with normal hearing (3 male
and 3 female) participated in all the experiments. Hearing thresholds were deter-
mined at study induction and were better than 20 dB HL at audiometric frequencies
from 500 Hz to 8 kHz: in addition, the differences in HLs between ears were less than
10 dB. All were native speakers of American English and were paid for their time.

All subjects gave their informed consent to participate in the study, which was
conducted according to the provisions of the university's ethics review board.

RESULTS AND DISCUSSION

Results are presented in Figure 3 for the two STI models described in this paper
(ST peccnh and ST, geecr), @nd for the most recent version of the conventional STl in-
corporated in the IEC standard (IEC 2003), the so-called ST, (shown by the line for
speech-shaped noise).

The first model, ST peccn, employs a speech probe signal in which the change in the
intensity modulation from input to output has been corrected for the magnitude
squared coherence between the original and corrupted speech signals, according to
equation 1. The coefficients for the contributions to intelligibility from each octave fre-
quency band (a,) as well as the redundancy corrections (By) are those contained in
the IEC standard (IEC 2003), and the metric has been constructed according to
equation 2. MRT scores and STI values for this model are shown by the open sym-
bols in Figure 3.
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Figure 3: Mean MRT scores and predictions using three models for the STI:
open symbols - ST ., filled symbols - ST1, gpeecn, and line - STI,;
'SSN' - speech-spectrum shaped noise, and 'Center' - center clipping

The second model, ST, ...», also employs a speech probe signal in which the
change in the intensity modulation from input to output has been corrected for the
magnitude squared coherence between the original and corrupted speech signals.
However, in addition, the empirically determined redundancy factors of the IEC stan-
dard (IEC 2003) have been replaced by the measured normalized cross covariance
of the intensity modulations between adjacent and next nearest neighbor octave
bands, according to equation 3. The coefficients for the contributions to intelligibility
from each octave frequency band () are again those contained in the IEC standard
(IEC 2003). MRT scores and STI values for this model are shown by the filled sym-
bols in Figure 3.

Reference to Figure 3 shows that both models produce similar results and a similar
relationship between model values and MRT word scores for speech masked by
speech-spectrum shaped noise (the diamonds). The relationship between MRT
scores and the two STI indices differ somewhat from the traditional S717,, shown by
the line, with ST1,eecn and ST, .0, predicting higher word scores for a given value
of the index. Equally important, for a given word score, equations 2 and 3 produce
values for the indices that are less than that produced by the traditional ST7,, sugges-
ting that the balance between the two terms in equations 2 and 3 may need adjus-
ting.

For speech corrupted by center clipping, it is evident from Figure 3 that only the mo-
del incorporating a measure of the correlation between sounds in adjacent and next
nearest neighbor octave bands can produce values of the metric that are essentially
the same as those for speech-spectrum shape noise. This may be seen by compa-
ring the filled symbols. In contrast, the values of the metric produced by the other
model (ST/e.cx), shown by open circles, deviate substantially from the values for
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speech-spectrum shaped noise. A prediction of intelligibility for nonlinear distortion
cannot be obtained by the traditional STI method.

It should be noted that the model for speech corrupted by nonlinear distortion deve-
loped here contains only seven adjustable parameters, the oy, which have been as-
signed the values in the IEC standard (IEC 2003). Thus no attempt has been made
to optimize the fit of the model to the word scores. An equivalent model for the Sl
would require 22 fitted parameters to characterize speech corrupted by center clip-
ping (Kates & Arehart 2005).

CONCLUSIONS

It thus appears that a STI model accounting for the redundancy between speech in-
formation contained in nearby octave bands is required to predict the intelligibility of
speech corrupted by center clipping. The model proposed here, ST1,.gpeecn, Which in-
cludes the mean of the measured contributions to the normalized cross covariance
from nearest neighbor and next nearest neighbor bands according to equation 3, can
account for center clipping from 10 to 98 % of the speech amplitude-time histogram.

[Work supported by the National Institute for Occupational Safety and Health under
_grant 5 R01 OH008669-05]
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Architects and designers typically are not aware that the ability to understand speech
develops over time in children, and schools may be built that meet the needs of nor-
mal hearing adults but are inadequate for children and individuals with hearing loss.
In the United States and elsewhere, school buildings are used for regular school in-
struction during the day and for adult learning activities in the evenings. Thus, these
facilities may be used by individuals with hearing loss where the acoustic environ-
ment poses challenges to speech perception and learning (see Figure 1).
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Figure 1: Speaker to listener signal-to-noise ratio

Noise in learning environments such as classrooms is unwanted sound usually
caused by heating, ventilating, and air-conditioning equipment (HVAC), noise from
outside the building leaking through windows and doors, and noise from adjacent
rooms and hallways coming through walls and doors (see Figure 2). Reverberation is
the persistence of sound after its source quiets and arises from sound reflecting from
hard walls, floors, and ceilings (see Figure 3).
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