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Although the speech transmission index �STI� is a well-accepted and standardized method for
objective prediction of speech intelligibility in a wide range of environments and applications, it is
essentially a monaural model. Advantages of binaural hearing in speech intelligibility are
disregarded. In specific conditions, this leads to considerable mismatches between subjective
intelligibility and the STI. A binaural version of the STI was developed based on interaural cross
correlograms, which shows a considerably improved correspondence with subjective intelligibility
in dichotic listening conditions. The new binaural STI is designed to be a relatively simple model,
which adds only few parameters to the original standardized STI and changes none of the existing
model parameters. For monaural conditions, the outcome is identical to the standardized STI. The
new model was validated on a set of 39 dichotic listening conditions, featuring anechoic, classroom,
listening room, and strongly echoic environments. For these 39 conditions, speech intelligibility
�consonant-vowel-consonant �CVC� word score� and binaural STI were measured. On the basis of
these conditions, the relation between binaural STI and CVC word scores closely matches the STI
reference curve �standardized relation between STI and CVC word score� for monaural listening. A
better-ear STI appears to perform quite well in relation to the binaural STI model; the monaural STI
performs poorly in these cases. © 2008 Acoustical Society of America. �DOI: 10.1121/1.2905245�

PACS number�s�: 43.71.An, 43.66.Pn �DOS� Pages: 4514–4523
I. INTRODUCTION

Speech intelligibility is most accurately and representa-
tively measured by using subjective test procedures, involv-
ing panels of human test subjects. Unfortunately, subjective
tests are cumbersome and expensive. For this reason, re-
searchers, engineers, and acoustics consultants often rely on
objective procedures to predict speech intelligibility. Ex-
amples of such procedures are the articulation index �Kryter,
1962�, the speech intelligibility index �SII� �ANSI, 1997�,
and the speech transmission index �STI� �IEC, 2003;
Steeneken and Houtgast, 1980�. The SII and the STI are
considered to represent the state of the art in intelligibility
prediction. Although these models are generally successful in
predicting intelligibility across a wide range of conditions,
there are always conditions for which inaccurate results are
obtained. An important source of prediction errors is that fact
that standardized versions of the STI and SII are monaural
models; they are based on single-channel �or single ear� es-
timates. By extending the prediction models to cover aspects
of binaural hearing, their scope is extended to applications
for which otherwise inaccurate results would be obtained.

This paper describes an extension of the STI model to a
binaural intelligibility prediction model by adding algorithms
that simulate binaural interaction. A similar approach could
probably be adopted to modify the SII. The current paper
focuses only on the STI largely for practical reasons: the STI
is more widely used by acoustic consultants and engineers,
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due to the availability of measuring devices that are capable
of rapidly producing STI values, through direct measure-
ments.

The STI was originally designed to predict intelligibility
in diotic listening conditions based on measurements with a
single microphone. It is beyond the scope of this paper to
give a complete description of the STI method. Basically, the
method assumes that the intelligibility of a transmitted
speech signal is related to the preservation of the original
spectrotemporal differences between the speech sounds.
These spectral differences may be reduced by bandpass lim-
iting, masking noise, nonlinear distortion components, and
distortion in the time domain �echoes and reverberation�. The
reduction of these spectral differences can be quantified by
looking at the modulation transfer in a number of frequency
�octave� bands. More background information on the STI can
be found in the literature �e.g., Steeneken and Houtgast,
1980; IEC, 2003�. Given the diotic listening conditions of the
traditional STI, this means that all binaural �dichotic� intelli-
gibility benefits are disregarded. The resulting inaccuracy
may be considerable if sources of speech and interfering
noise are separated spatially. Intelligibility, and hence the
STI, depends on the relative positions of source �speech/
noise� and listener within a certain space.

Potentially, the extension of the STI to a binaural model
could reduce the general applicability; changes to the model
might affect its validity in other conditions, unless specific
precautions are taken. Care must be taken to ensure that the
measured STI value is unchanged compared to the original

model if binaural hearing is presumed not to play any role.
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Also, the attractive features of the STI method should be
kept intact. In summary, this leads to the following require-
ments for the development of a binaural STI method:

�a� fast �15 s� measurements with a test signal in any envi-
ronment;

�b� representative results in noise, reverberation, and nonlin-
ear distortion;

�c� simple model, with very few model parameters, none of
which are “tuned” to any specific application;

�d� feasible as an extension to current STI measuring
devices.

These requirements almost naturally lead to the conclu-
sion that a good option is to develop a model extension that
allows STI measurements in the same way as currently stan-
dardized, but with two microphones �or rather an artificial
head� instead of one. This should be achieved by incorporat-
ing a model of binaural listening into the STI framework.

II. BINAURAL INTELLIGIBILITY MODELLING

A. Background

The benefit of listening to speech with two ears instead
of one in conditions with background babble is known as the
cocktail party effect �Cherry, 1953�. A significant body of
scientific research on this topic �Bronkhorst, 2000�, spanning
half a century, provides ample resources to draw from for
devising binaural intelligibility models.

Binaural speech intelligibility tends to be better than
monaural intelligibility because of the contributions of two
factors: head shadow and binaural interaction. Head shadow
may result in an �effective� speech-to-noise ratio that is bet-
ter at one ear than the other; by using the “better-ear” signal,
the intelligibility is improved. This effect, based on interaural
level differences, can probably be incorporated in the STI
model relatively easily by using separate measurements cor-
responding to the left and right ears. The main question is
how to choose from both ears: perhaps by selecting the best
overall STI or selecting the best signal on a band-by-band
basis �cf. Edmonds and Culling, 2006�.

The effect of binaural interaction on speech intelligibil-
ity is primarily related to interaural time differences, al-
though interaural decorrelation may also play a role in more
reverberant environments �Bronkhorst and Plomp, 1990�.
The literature presents various models of binaural interaction
�e.g., Stern and Trahiotis, 1995�, mostly based on the concept
of binaural cross correlation �Jeffress, 1948; Zwicker and
Henning, 1985; Raatgever and Bilsen, 1986�. Cross-
correlation models of binaural processing help explain vari-
ous auditory phenomena related to binaural hearing, such as
lateralization, binaural pitch, and binaural masking level dif-
ferences, while also appearing physiologically feasible �Col-
burn, 1995�. Models of binaural interaction have been re-
fined to a level at which detailed predictions can be obtained
for many phenomena. The most important of these models,
which are powerful but also quite complex, are the
equalization-cancellation model �Durlach, 1963, 1972� and

the auditory-nerve-based model �Colburn, 1973�.
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Interaural time differences �ITDs� and interaural level
differences �ILDs� both contribute to an improvement in in-
telligibility over monaural listening. However, these contri-
butions are not mutually independent. In an anechoic envi-
ronment, an improvement in the signal-to-noise ratio �SNR�
corresponding to 50% sentence intelligibility of up to 8 dB
was found due to ILDs, while the improvement due to ITDs
was up to 5 dB. However, the combined effect was at most
10 dB �Bronkhorst and Plomp, 1988�.

A quantative model for predicting binaural advantages
and directional effects in speech intelligibility was presented
by Zurek �1993�. It models speech and interference in
1 /3-octave bands, accounting for the binaural interaction by
using interaural level and phase differences. Zurek’s model
proved to give reasonably adequate predictions of existing
data in a number of spatial configurations. However, the
model is restricted to include masked speech in an anechoic
environment only. Reverberation �for both speech and inter-
ference� is not incorporated, which makes this model not
very suitable for typical STI applications �Houtgast and
Steeneken, 2002�.

Recently, Beutelmann and Brand �2006� presented a bin-
aural intelligibility prediction model based on an extended
equalization-cancellation process and the SII. They used
three different acoustic environments �anechoic, office room,
and cafeteria� to measure the speech reception threshold
�SRT� with normal-hearing and hearing-impaired listeners.
The overall correlation between predicted and observed
SRTs proved to be quite high �0.95�. Although, in principle,
capable of handling reverberation, their model was only
tested for near-field speech. Beutelmann and Brand �2006�
proposed to use the STI instead of or as a correction on the
SII. However, their binaural processing is quite complex,
which we consider a drawback for application with the STI.

B. Incorporating binaural effects in the STI

Over the past decades, the STI model has gradually
evolved from a very simple procedure suitable for a limited
set of applications to a widely applicable model that is rep-
resentative for most practical situations in which speech
communication occurs. Features have been added to the
model. For example, the current version of the STI incorpo-
rates the effects of mutual dependence between frequency
bands and also the dependence of auditory masking curves
on the absolute level. Whenever the model was enhanced or
modified, care was taken to adhere to the following prin-
ciples.

�a� The relation between STI and subjective intelligibility
must remain unchanged after modification �i.e., the new
version of the STI must exactly replicate results obtained
with past versions, except in those cases where the “old”
model was proven inaccurate�.

�b� The model parameters of the STI are never tuned to a
specific application. There is but one universal set of STI
model parameters.

�c� STI improvements are always aimed at improving the

accuracy for certain conditions. However, this always
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makes the model more complex. The added complexity
of a model modification must be proportional to the
achieved accuracy improvement.

By sticking to the principles given above, the STI model
has over the last years improved significantly without losing
touch with engineers and consultants who already used it.
Especially, the last principle on the list has turned out to be
of great importance for the standardization of the STI. Not
all modifications to the STI, proposed in the literature, have
therefore been incorporated into the International Electro-
technical Commission �IEC� standard. If a new addition to
the model doubles or triples its complexity, this will clearly
affect the cost of STI measuring equipment. The increase in
performance should warrant such an increase in cost.

For our intended extension of the STI to binaural listen-
ing conditions, model complexity is a realistic concern. The
use of a comprehensive state-of-the-art binaural interaction
model would greatly increase the complexity of the entire
STI model. Our conclusion is that we need to look for a
simplified quantification of the effects of binaural interaction.
This will be less general and probably less accurate than the
state of the art in binaural modeling. However, the aim is not
to minimize the resulting prediction error—just to reduce
this error to the same order of magnitude as other sources of
variance in the STI model. Greater accuracy of the binaural
interaction model would be meaningless since the overall
error in the STI would then be determined by other factors
�Houtgast et al., 1980�.

Our current proposal is to incorporate binaural interac-
tion through the estimation of a simple interaural cross cor-
relogram. In this, we follow the approach by Jeffress �1948�,
which assumes a mechanism fundamentally related to cross
correlation. It is customary to incorporate auditory filter band
models and hair-cell models in such an estimation of the
cross correlogram. Our current aim is to simplify this as far
as possible. The basic idea is visualized in Fig. 1, which
shows the way in which interaural correlograms could be
represented in the context of the STI model. Signals corre-
sponding to the left �L� and right �R� ear are measured and
divided into octave bands �centered from 125 Hz to 8 kHz�,
as customary in the STI model. In each octave band �or at
least the ones covering the approximate frequency range in
which humans can analyze interaural time relations, pre-
sented in gray in Fig. 1�, the interaural cross correlation is
calculated. The signal is reconstructed at several “internal”
time delays of up to �plus or minus� a few milliseconds.
Next, these internal spectral representations are analyzed in
the usual way, as if corresponding to a single-channel STI
measurement. This yields a quantification of the internal
modulation transfer for each octave band at each interaural
delay time.

The final problem is to select the most representative
internal delay time for each octave band. Assuming that hu-
man binaural processing results in a straightforward strategy
of intelligibility optimization, the most likely candidate is the
internal delay at which the maximum modulation transfer is
observed. By using these results, an overall �binaural� STI

can be calculated.

4516 J. Acoust. Soc. Am., Vol. 123, No. 6, June 2008 S. J. va
Within the framework described here, a number of dif-
ferent binaural STI implementations can be thought of. Con-
struction and implementation of such a model comes down
to choosing which degree of simplification is accepted and
choosing model parameters. This process is outlined in the
next section.

III. IMPLEMENTATION OF A BINAURAL STI MODEL:
DESIGN CHOICES

A binaural STI model based on the framework described
in the previous chapter was designed and implemented in
MATLAB®. The measurements on which binaural STI calcu-
lations are based are straightforward extensions of the nor-
mal standardized STI measurements with the following ad-
aptations:

�a� Each binaural STI measurement is based on a two-
channel recording, obtained using an artificial head. This
artificial head marks the position of the �simulated� lis-
tener.

�b� The test signal—played back at the position of a simu-
lated talker—can be any standardized telecommunica-
tions �STI� signal, such as STITEL, STIPA, or full STI
�cf. IEC, 2003�. The exception is room acoustics
�RASTI� , which cannot be used since the 1 kHz band,
which is essential in binaural listening, is not included in
the signal

A first approximation of binaural speech intelligibility is
obtained by calculating the STI from the left and right ears of
the artificial head separately. This can be done by using a
standard equipment. By taking the highest STI �better ear�,
the effects of interaural level differences are taken into ac-
count. This approach can be slightly refined by taking the
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FIG. 1. Visualization of a “grid” for displaying interaural cross correlo-
grams in the context of the STI model. Left �L� and right �R� ear signals are
divided into octave bands. In applicable octave bands �gray rectangle�, the
interaural cross correlation is calculated and the signal is reconstructed at
several “internal” time delays.
best signal �left-right� on a band-by-band basis. The better-
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ear approximation is expected to underestimate the contribu-
tion of frequency bands in which interaural time differences
can be used to �perceptually� enhance the speech signal. This
is where the model could be extended.

Since the frequency range in which the most useful bin-
aural interaction for speech intelligibility takes place extends
from 500 to 1500 Hz �Zurek, 1993; Blauert, 1996�, the oc-
tave bands centered at 500, 1000, and 2000 Hz in the STI
analysis should be affected. For these three octave bands,
interaural correlograms are calculated. The overall procedure
is given below. Note that the choice of parameters is more
fully explained in Sec. V, where we also discuss the optimi-
zation process to come to the final settings.

�a� The recorded signals �left and right ear of the artificial
head� are analyzed in octave bands.

�b� For all bands, the modulation transfer function is calcu-
lated for the left and right ears separately.

�c� For the three frequency bands centered at 500, 1000, and
2000 Hz, an interaural correlogram is calculated. This is
done in the following way:

�1� The band-filtered signals are separated into nonover-
lapping time frames of 30 ms duration and squared.

�2� The left and right �squared� signals within each frame
are cross correlated, resulting in a cross correlation of
interaural delay for each frame �and for each filter�.

�3� Data for delay magnitudes �2 ms are discarded: the
rest are kept.

�4� Any offset in the cross-correlation function is sub-
tracted so that the lowest value is set to zero.

�5� Effectively, one interaural cross correlogram per
frame is obtained for each band. The signal envelope
can now be calculated for any interaural delay.

�6� For a set of discrete interaural delays ��� in the range
−2���2, the signal power as a function of time is
taken. This is already low pass filtered �with a cutoff
frequency corresponding to 1

2 the frame rate, i.e.,
15 Hz�. By using conventional techniques, the modu-
lation transfer function �MTF� is calculated as a func-
tion of internal delay and frequency band �cf.
Steeneken and Houtgast, 1980�. The internal delay is
selected at which the overall MTF contribution is
highest �which leads to the highest STI, taking up-
ward spread of masking into account as well�. The
MTF values for this internal delay are used.

�d� For the octave bands centered at 125 and 250 Hz and at
4000 and 8000 Hz, only the MTFs corresponding to left
and right ears are considered. The highest value is taken
�left ear or right ear� for each octave band separately.

�e� The selected �highest� MTF data from each of the seven
octave bands are now combined to calculate an overall
STI.

The rationale behind this approach is that for each sepa-
rate band, the internal signal offering the most information,
in terms of preservation of signal modulation, is presumed to
be selected. How the described use of interaural correlo-
grams would predict benefits related to interaural time delays

is easily understood by considering the case of a single noise
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source and a single speaker, both in front of the listening
position. If the speaker is slightly off to the left and the noise
source to the right, then the maximum interaural correlation
for the speech will be at a certain negative interaural delay,
and the maximum interaural correlation for noise will be at a
positive interaural delay. The power signals at these delays
will have different modulation depths correspondingly.

This approach contains gross simplifications compared
to accepted binaural models, such as the use of octave band
filters instead of the much narrower auditory band filters.
Also, instead of using inner-ear hair-cell models, we simply
take the square of the signal amplitude. These choices were
made in order to choose as simple a model as can be shown
to work. However, the implementation of the binaural model,
as described here, is only meaningful if it can be shown to
yield sufficiently accurate predictions of speech intelligibil-
ity. To this end, equally balanced consonant-vowel-
consonant �CVC� intelligibility tests were carried out in 39
binaural listening conditions. The validation carried out with
the results from these listening tests is described below.

IV. VALIDATION OF THE BINAURAL STI

A. Speech material

The preferred method for subjective measurement of
speech intelligibility in relation to the STI makes use of CVC
words �Steeneken, 1992�. This method uses simple nonsense
words, embedded in carrier phrases, which were recorded
digitally under good laboratory conditions �high quality mi-
crophones and no ambient noise�. The recorded material con-
sists of speech by eight speakers �four males and four fe-
males�. Sequences of CVC test words were combined to
obtain word lists of 51 words each. The source was digitally
transferred to a computer, resampled to 22 kHz, and stored
with 16 bit resolution. All CVC scores given in this report
are the so-called equally balanced CVC scores. Since all
phonemes have the same frequency of occurrence in the cor-
pus of the test stimuli, the CVC score is by definition equally
balanced.

The material was filtered with anechoic binaural impulse
responses recorded with a Head Acoustics HMS III.2 dummy
head �zero elevation and different azimuths� and with binau-
ral impulse responses of environments �listening room, class
room, and Grundtvigs cathedral� simulated in the ODEON® 7.0

software �Christensen, 2003�. Speech shaped noise was also
filtered with these binaural impulse responses.

B. Experimental design

The anechoic conditions all had a talker in front of the
listening position and an interfering noise source �at signal-
to-noise ratios of −3 and −6 dB� at positions around the head
�0°, 30°, 60°, 90°, and 150°�. In addition, conditions were
created in which noise �correlated and uncorrelated between
the ears� was directly added to the speech signals.

In the various �simulated� listening environments, real-
istic source and receiver positions were defined. Noise
sources were also included in the simulation; Head-related
transfer functions were included in the binaural room im-

pulse responses yielded by Odeon. The overall impression
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when listening to speech processed in this way was that a
high degree of face value was offered by the simulations.
Some conditions were included in which noise was added
without binaural processing �diotic and dichotic/uncorrelated
noise conditions�. The speech material and noise files—a
single speech source and a single noise source from various
directions—were mixed electronically in different SNRs.
This resulted in a set of 39 conditions. A survey of the 39
binaural conditions is given in the Appendix. The full STI
signal was used for the speech source, i.e., 14 modulated
signals per octave band with 7 simultaneous modulations.
Noises were used as given in Table I.

The currently standardized version of the �monaural�
STI has been validated by analyzing third-order polynomial
fits through CVC data points �Steeneken, 1992�. The same
approach was now followed; however, instead of fitting a
new polynomial through the data, the average monaural
polynomial is plotted in each figure for comparison. Given
our goal to have the binaural STI yield results that can be
interpreted numerically in the same way as the existing STI
versions, this seems to be a more appropriate choice.

To verify the validity of the monaural STI-CVC refer-
ence curve, a CVC test in a standard set of 40 representative
monaural listening conditions was also carried out with 4
listeners, and the associated STI was calculated. Since ex-
actly the same paradigm was used for the binaural conditions
�except for the difference between diotic and binaural listen-
ing�, a good correspondence between data from this monau-
ral experiment and the reference curve serves to validate the
applied implementation of the CVC test and the STI mea-
surement. A survey of the monaural conditions is given in the
Appendix.

C. Subjects

A total of seven young normal-hearing subjects �five
males and two females, age range of 19–23 years� partici-
pated in the listening tests. All seven participated in the test
with binaurally processed CVCs; four subjects participated
in the test with monaurally processed CVCs. They were paid
for their services.

D. Procedure

The processed lists were balanced for conditions and
speakers and presented over headphones in a paced open-
response test to the listeners, who were asked to respond by
typing the perceived syllable on a computer keyboard. The
individual responses were manually checked for typographic
errors and inconsistencies, and then automatically processed.
Hence, each data point consists of 56 speaker-listener pairs
�8 speakers�7 listeners�. After the processing of the indi-
vidual results, the mean equally balanced CVC score was
calculated for each condition.

E. Results and discussion

The results show that the experiment covers almost the
entire range of possible CVC scores, from 10% to 90% cor-
rect. The data are nicely spread between the minimum and

maximum values. Results relating CVC scores and STI of
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the monaural conditions are given in Fig. 2. All STI values
reported in this paper are obtained through full STI measure-
ments �7 octaves and 14 modulation frequencies for each
octave band�.

Figure 2 shows that except for conditions 21 and 22, the
relation between CVC and STI in monaural conditions
is—on the whole—adequately described by the reference
curve. Conditions 21 and 22 are center clipping conditions,
for which the STI is known to overestimate intelligibility.
Center clipping is nowadays rarely found in practice; it oc-
curs with old-fashioned carbon microphones and poorly
aligned push-pull amplifiers. Another noticeable deviation
from the reference curve is seen at CVC scores above STI
=0.55, where the scores appear to be approaching the satu-
ration level more quickly. The standard deviation �or rather
rms deviation�, representing the vertical spread around the
reference curve �cf. Steeneken, 1992�, is 11.37%. This is
similar to the original data set on which the reference curve
is based.1

The relation between CVC scores and the binaural STI,
in the binaural conditions described above, is shown in the
top panel of Fig. 3. For comparison, the mean-ear STI in
these conditions, averaged between both ears of the artificial
head, is given in the middle panel, and the better-ear STI
�i.e., the highest STI value of either left or right ear, as pro-
cessed across all octave bands� in the bottom panel. Figure 3
shows that the relation between the binaural STI and the
CVC word score comes quite close to the reference curve;
the standard deviation is 9.2%, which is even smaller than
for the monaural conditions of Fig. 2. For most conditions,
the binaural STI seems to underestimate the intelligibility
somewhat, with the exception of a cluster of data points in
the cathedral environment �18–21� for which the STI is over-
estimated. The mean-ear STI �middle panel of Fig. 3� clearly
underestimates the intelligibility in these binaural conditions
with a standard deviation of 28.3%. The better-ear STI as in
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FIG. 2. �Color online� Validation of the STI vs CVC reference curve, using
a set of 40 monaural reference conditions featuring noise and bandwidth
limiting �1–14�, nonlinear distortion �15–22�, echoes �23–30�, and rever-
beration �31–39�. Condition 40 is a condition without any type of signal
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Fig. 3 also underestimates the binaural intelligibility. The
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standard deviation is 21.2%, which is considerably worse
than for the binaural model. The better-ear STI does not take
the ITD effect into account. In general, we can estimate the
ITD effect to a maximum of 3 dB �difference between diotic/
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FIG. 3. CVC word score �seven subjects� as a function of the binaural STI
�top panel�, mean-ear STI, averaged between both ears of the artificial head
�middle panel�, and better-ear STI �bottom panel�. Binaural conditions in-
clude anechoic conditions �1–14�, a cathedral environment �15–21�, a class-
room �22–32�, and a listening room �33–39�.
correlated and dichotic/uncorrelated interference�. By taking
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the better-ear STI with a 3 dB “correction”—corresponding
to a horizontal right-hand shift of 0.1 STI in Fig. 3—the data
points come closer to the monaural reference curve. As a
consequence, the standard deviation decreases significantly
to 10.6%, quite close to the 9.2% of our binaural model.

To investigate the data further, the relation between bin-
aural STI and CVC is given in Fig. 4 for separate categories
of conditions. In various environments �anechoic, classroom,
and listening room�, conditions were included for which the
noise presented diotically was either identical �maximum
correlation� or uncorrelated. These data points are presented
in a separate curve in Fig. 4.

In the anechoic conditions, the binaural STI is slightly
underestimated at lower speech-to-noise ratios �−6 dB�. In
the cathedral environment, the binaural STI performs poorly
in some cases, as observed before. This turns out to be at
very large source-receiver distances ��30 m�. Fortunately,
such conditions are quite rare in real life. Here, more accu-
rate estimates are actually obtained by taking the better-ear
STI.

For the correlated/identical noise conditions, one would
expect a difference between the anechoic conditions and to
the conditions in simulated acoustic environments. Identical
noise at both ears creates a clear “peak” in the interaural
correlogram around an internal delay of 0 ms; uncorrelated
noise contributes more or less equally at all internal delays.
In an anechoic environment, speech originated from a source
azimuth of 0°, straight in front of the listener position.
Hence, the interaural correlation is optimal for an internal
delay of 0 ms and diotic noise is expected to be a more
effective masker than uncorrelated noise. However, in rever-
berant environments, speech signal contributions are spread
out across a range of internal delays. In this case, diotic noise
is expected to be less effective since the listener can “listen
around” the noise peak at 0 ms �in terms of our model, the
maximum STI is realized at internal delays other than 0 ms�.
In summary, when we subtract the intelligibility for uncorre-
lated noise from that for diotic noise, a positive value is
expected in reverberant environments and a negative value in
the anechoic environment. This is also the result found in the
CVC experiment: The binaural STI correctly predicts a posi-
tive difference in reverberant conditions �+4.5% CVC differ-
ence for +0.034 STI difference� and a negative difference in
the anechoic conditions �−11% CVC difference for −0.021
STI difference�. However, the magnitudes of the differences
are not predicted very well.

V. GENERAL DISCUSSION

Overall, the results presented in Figs. 3 and 4 appear
satisfactory. However, an important question is to which de-
gree the results presented here are influenced by the choice
for the model parameters. In the proposed version, the bin-
aural STI model has only a few free parameters, which are
�a� octave bands to include in the binaural interaction model
�500, 1000, and 2000 Hz�, �b� range of internal delays to
consider �−2–2 ms�, �c� operator used to selected MTF con-

tributions �maximum STI contribution�, and �d� frame rate.
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A. Octave bands

The choice which octave bands are included in the bin-
aural interaction analysis follows from known limits of the
binaural system reported in the literature. In particular, the
choice to include the 2 kHz octave may be considered ques-
tionable since binaural interaction is normally presumed rela-
tively ineffective at these frequencies, although certainly
present in the lower half of the octave band. Introduction of
a frequency weighting mechanism, which could be used to
solve this dilemma, will only be considered as a last resort
since it adds free �tunable� parameters to the model. Figure 5
shows that leaving out the 2 kHz band only slightly affects
the results. Leaving out the 2 kHz and the 500 Hz bands
clearly leads to less accurate results.

B. Internal delays

To investigate the effect of the range of internal delays
taken into account, STI calculations were performed for vari-
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FIG. 5. CVC word score �seven subjects� as a function of the binaural STI
for which binaural interaction is taken into account for one �1 kHz�, two

�500 Hz–1 kHz�, or three �500 Hz–2 kHz� octave bands.
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lays greater than 1 ms cannot be used effectively to enhance
our internal representation of the signal �e.g., Raatgever and
Bilsen, 1986�. Maximum interaural delays occur for sound
sources that are on the horizontal plane at an azimuth of 90°
or −90°. The approximate interaural time difference is then
calculated by the distance between the ears and the speed of
sound; this is approximately 0.5 ms. Assuming that intelligi-
bility benefits due to binaural interaction are limited to eco-
logically feasible interaural time differences, including inter-
nal delays greater than, say, 1 ms, should not result in an
increased binaural STI. Figure 6 shows that this is exactly
how the model behaves. Across the entire set of binaural
conditions, the mean absolute difference was calculated be-
tween the binaural STI with our default internal delay range
��2 ms� and the binaural STI at various other internal delay
ranges ��0.1–5 ms�.

Keeping in mind that differences up to 0.03 STI occur
“naturally” in monaural STI measurements due to the normal
measurement error, Fig. 6 shows that it does not make a great
difference whether internal delays are taken into account up
to 1, 2, or 3 ms. However, if the range of internal delays is
limited to a smaller maximum than, say, 1 ms, the calculated
binaural STI becomes somewhat less accurate. The standard
deviation relative to the monaural reference curve is, as
stated above, 9.2% for the default internal delay setting
�2 ms�. For 0.4 ms, this standard deviation increases to
11.1%, for 0.2 ms to 12.1%, and for 0.1 ms to 21.0%.

C. MTF contributions

The choice to take the maximum of the MTF for any
internal delay �instead of, for instance, the mean or median�
results from the hypothesis that our binaural system selec-
tively tunes into areas of the binaural correlogram where
most information is available.

D. Frame rate

The frame rate is a parameter that may appear to be
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FIG. 6. �Color online� Mean absolute difference between binaural STI with
a maximum internal delay of 2 ms �default� and other maximum internal
delay settings. The mean is taken across the entire set of binaural conditions.
freely adjustable but for which the choices are limited for
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computational reasons. The STI method measures modula-
tion frequencies up to 12.5 Hz. This means that the signal
envelopes extracted from the sequence of binaural correlo-
grams must be reliable up to this frequency, imposing a mini-
mum frame rate of 25 Hz. Thus, the frame size must be less
than 40 ms. On the other hand, the frame size must not be
too small to prevent loss of accuracy in determining the in-
teraural delays. The STI method uses a decimating filter bank
to filter the signal into octave bands. This means that the
signal in the 500 Hz band is sampled at 2756 Hz if the origi-
nal sampling frequency is 44 100 Hz. When working with a
frame size of 30 ms �our default�, then this comes down to
83 samples per frame, which turns out to produce cross-
correlation functions of acceptable accuracy. Shorter frames
will lead to less accurate estimates of the cross-correlation
function.

To determine the effect of frame size on the binaural
STI, calculations were carried out similar to Fig. 3 but at
frame sizes of 10, 20, 40, and 50 ms instead of 30 ms.

The effect on the calculated STI appears to be small. STI
values computed on the basis of 10, 20, 40, or 50 ms are
virtually identical to the values computed with a 30 ms
frame size. To show this more clearly, the mean absolute
difference was calculated �across the entire set of binaural
conditions� between the binaural STI calculated with various
frame sizes and the default frame size of 30 ms. Results are
shown in Fig. 7. The mean absolute difference between mon-
aural across STI measurements in the same condition is nor-
mally, due to measurement error alone, around 0.03. In this
light, the effect of frame size is relatively minor. So, it seems
fair to conclude that the model is not overly sensitive to the
choice of the frame size �or the corresponding frame rate�.

VI. CONCLUSIONS

When using the standard speech transmission index to
predict speech intelligibility in binaural listening conditions,
the intelligibility is underestimated. Significant improvement
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FIG. 7. �Color online� Mean absolute difference between binaural STI with
frame size of 30 ms and other frame sizes. The mean is taken across the
entire set of binaural conditions.
is already obtained by simply doing a two-channel STI mea-
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surement using an artificial head and working with the
better-ear STI. However, in some conditions, this simple ap-
proach still considerably underestimates the actual intelligi-
bility.

On the basis of the 39 binaural conditions tested in this
paper, the proposed binaural STI model is capable of predict-
ing binaural speech intelligibility with the same approximate
accuracy offered by the traditional STI in monaural listening
conditions. We also found that, overall, a simple better-ear
STI appears to perform quite well in relation to the binaural
STI model. The attractiveness of this particular binaural STI
lies in a few features.

�a� The model is motivated by the existing binaural theory,
considerably simplified.

�b� There are only a few “free” model parameters �frequency
range and internal delay range�.

�c� Changing these model parameters within reasonable
bounds has little effect on the outcome of the model.

�d� The model is simple and computationally inexpensive.
�e� Known subjective binaural intelligibility data are accu-

rately predicted by the model.

The fact that the model is relatively insensitive to
changes in the model parameter values increases confidence

TABLE I. Survey of the 39 binaural conditions in different environments,
speech and noise positions, and signal-to-noise ratios.

Condition ID

Speech
azimuth at

distance
Noise azimuth

at distance
SNR
�dB�

Anechoic 1, 8 0° at 1.1 m 0° at 1.1 m −6, −3
2, 9 0° at 1.1 m 150° at 1.1 m −6, −3
3, 10 0° at 1.1 m 30° at 1.1 m −6, −3
4, 11 0° at 1.1 m 60° at 1.1 m −6, −3
5, 12 0° at 1.1 m 90° at 1.1 m −6, −3
6, 13 0° at 1.1 m Dichotic −6, −3
7, 14 0° at 1.1 m Diotic −6, −3

Listening room
�T30�0.4 s�

33, 36 0° at 2.6 m Dichotic −6, −3
34, 37 0° at 2.6 m Diotic −6, −3
35, 38 0° at 2.6 m 90° at 0.8 m −6, −3
39 0° at 2.6 m No noise �

Classroom
�T30�0.5–1 s�

22 300° at 4.4 m 302° at 2.9 m −6
23 300° at 4.4 m 0° at 7.5 m −6
24 0° at 7.5 m 300° at 4.4 m −6
25, 26 0° at 2.0 m Dichotic, diotic −3
27 0° at 2.0 m 0° at 2.0 m −3
28 0° at 2.0 m 320° at 4.2 m −3
29 0° at 2.0 m 230° at 3.4 m −3
30 0° at 2.0 m 180° at 2.2 m −3
31 0° at 2.0 m 140° at 2.9 m −3
32 0° at 2.0 m No noise �

Cathedral
�T30�1.5–14 s�

15, 17 260° at 7 m 355° at 38 m 0, +3
16, 18 345° at 38 m 270° at 7 m 0, +3
19 345° at 38 m No noise �

20 5° at 31 m No noise �

21 330° at 33 m No noise �
in the strength of the model itself; it reduces that likelihood
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that the correspondence between subjective data and pre-
dicted intelligibility is the result of “fitting” rather than
“modeling.”
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APPENDIX: SURVEYS OF THE CONDITIONS USED IN
THE EVALUATION

TABLE II. Survey of the 40 monaural conditions with different bandpass,
nonlinear �peak and center clipping�, and echo conditions in various signal-
to-noise ratios. The peak clip level is −24 dB below the 1% speech peak
level. Center clipping conditions 21 and 22 have clip levels −24 and −21 dB
below the 1% speech peak level, respectively.

Condition ID Bandwidth �Hz�
Noise
type

SNR
�dB�

Echo
�ms�

RT60
�ms�

Unprocessed 40 10–16 000 ¯ � ¯ ¯

Bandpass
only

1 50–10 500 ¯ � ¯ ¯

2, 3 50–10 500 White 0, −8 ¯ ¯

4, 5 50–10 500 Pink 0, −8 ¯ ¯

6, 7 50–10 500 Low 3, −3 ¯ ¯

8, 9 50–10 500 Speech 3, −3 ¯ ¯

10 300–3 400 ¯ � ¯ ¯

11 300–3 400 White 0 ¯ ¯

12 300–3 400 Pink 0 ¯ ¯

13 300–3 400 Low 3 ¯ ¯

14 300–3 400 Speech 3 ¯ ¯

Peak clip
�+bandpass�

15 50–10 500 ¯ � ¯ ¯

16 50–10 500 White 6 ¯ ¯

17 50–10 500 Speech 3 ¯ ¯

18 300–3 400 ¯ � ¯ ¯

19 300–3 400 White 6 ¯ ¯

20 300–3 400 Speech 6 ¯ ¯

Center clip 21,22 50–10 500 ¯ � ¯ ¯

Echo
�+bandpass�

23 50–10 500 ¯ � 50 ¯

24 50–10 500 Speech 6 50 ¯

25 50–10 500 ¯ � 100 ¯

26 50–10 500 Speech 6 100 ¯

27 50–10 500 ¯ � 200 ¯

28 50–10 500 Speech 12 200 ¯

29 50–10 500 Speech 6 200 ¯

30 300–3 400 ¯ � 200 ¯

Reverberation 31 50–10 500 ¯ � ¯ 200
32,33 50–10 500 Speech 6, −3 ¯ 200
34 50–10 500 ¯ � ¯ 500
35,36 50–10 500 Speech 6, 0 ¯ 500
37 50–10 500 ¯ � ¯ 2000
38,39 50–10 500 Speech 6, 0 ¯ 2000
Tables I and II above give a survey of the binaural and
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monaural signal processing conditions used in the CVC
evaluation experiments described in Sec. IV.

1The actual standard deviations reported by Steeneken �1992� were some-
what lower �up to 8%�, but these were calculated separately by category of
distortions; the reference curve was fitted individually to each category.
Also, the center clipping points were excluded from the standard deviation
calculation. When calculated in the same straightforward way applied
here, the standard deviation for Steeneken’s data is about 12%.
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