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Chapter 1

(zeneral Introduction

The ability of the auditory system to receive and to process acoustic information is
an important prerequisite for orientation in surroundings as well as for participation
in human communication. The auditory system provides us with abundant infor-
mation about our environment by performing a transformation of the sound field at
our ears into percepts. This local sound field can be quite complex, the affiliated
information can be manifold. For instance there might be overlapping sound fields
of various spatial and temporal distributed sound sources with different significance
and importance for the listener. This superposition of different signals reaches the
information processing of one ear as a one dimensional temporal signal. Addition-
ally, each ear not only receives signals from many sources, but it receives the signal
from one source on many paths (i. e., with temporal overlapping delays) due to
multiple reflections in the environment.

To organize this complex auditory world the auditory system is able to separate
various simultaneous sound stimuli into discrete sound sources: auditory objects are
assigned to auditory events (Blauert, 1997) to identify these sources and to obtain
information about them. The obtained information can contain very different as-
pects about the sound sources. It can concern the direction and distance of a source
(localization) or its speed relative to the listener. It can also deal with the inner state
of an object like the ringing of an alarm clock. A further important aspect of acous-
tical information is the meaning of a verbal message. To make acoustic information
transfer more efficient, the auditory system seems also to be able to suppress sound
from competing sound sources or background noise in favour of one single source
to receive a better input. This process of filtering out the portions of information
relevant to the listener is denoted as “ cocktail party effect” (Cherry, 1953), which
is most important for improving speech intelligibility in a noisy environment.

These different aspects of auditory performance are partly made possible due
to monaural analysis of different temporal and spectral properties of the stimuli,
i. e. the properties of signals received with one ear are evaluated. However, a large
amount of these tasks can only be performed due to binaural information processing
which means that both ear signals are processed and compared in common on a more
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central level. It enables the auditory system to extract additional information from
differences between both ear signals that are not available from monaural processing.

Despite the great achievements in information processing, there is a reduction
in information content when sound signals are processed in the auditory system
due to several physiological limitations in the way how acoustical information is
transduced, passed on and evaluated. The loss in information results in a limited
capacity to perceive sounds and can be analyzed by detection or discrimination
experiments. Detection experiments reveal that sounds can be masked by other
sounds. Discrimination experiments show that not every change in a stimulus can
be detected and hence demonstrate the degree to which information processing is
limited.

Since there are various features of binaural signal processing, it has been ex-
tensively investigated from different points of view in many different experimental
configurations. We can classify binaural performance according to several percep-
tual attributes or according to sensitivity phenomena. Typical absolute perceptual
attributes are space (in terms of acoustical localization or lateralization'), loudness
(Chouard, 1997) or pitch. Typical sensitivity phenomena are spatial resolution, de-
tectability of differences in both ear signals (binaural just noticeable differences,
JNDs) or improvement in binaural signal detection when masker and signal are pre-
sented with different instead of identical interaural properties (e. g., Durlach and
Colburn, 1978).

The latter feature is also called “binaural noise reduction” and is an impressive
feature of the auditory system which can easily be observed in daily-life situations: A
listener is able focus attention on one speaker in a background of voices. The speaker
becomes difficult to understand if the listener plugs one ear. This phenomenon (the
above mentioned “cocktail party effect”) arises from the fact that a “signal” (the
speaker) can be separated from a background “noise” by a listener if signal and
noise have different directions of sound incidence. The improvement in detection
(or release from masking) is measured and quantified in binaural psychophysical
experiments and compared to an appropriate reference condition where no binaural
information is available. It is referred to as the “binaural masking level difference”
(BMLD). For speech in noise the improvement is called “binaural intelligibility level
difference” (BILD). Binaural speech intelligibility of speech has been investigated
e. .g. by Kollmeier (1990) or von Hével (1984).

The physical quantities on which binaural processing and perception is based on
are the sound signals in both ear canals (Blauert, 1997). So the main interests in
binaural psychophysics consist on the one hand in the investigation how interaural
differences of the ear signals originate at a human head in a sound field and on the
other hand how they are evaluated by the auditory system.

The influence of the human head on the sound field can be approximately inves-
tigated by treating it as a rigid sphere of similar size. The first precise mathematical

!That means the estimation of the direction of a sound source on the basis of signal properties,
and, more difficult and less examined, of the distance of a sound source.



description of that problem was given by Lord Rayleigh (Rayleigh, 1907) in context
with localization of sound sources. He postulated already the existence of binaural
“cues” (features of a stimulus usable for perceptive performance) as basis for local-
ization. Due to orientation of the head relative to the direction of the distant sound
source two cues can be derived: interaural level differences (ILD, also abbreviated
as interaural intensity differences, IID) and interaural time differences (ITD)2. The
IIDs of the signal coming from one single sound source in a free-field configuration
are produced by diffraction, the ITDs by different lengths of the acoustic pathways
reaching both ears. In natural situations with more than one sound source both
are time-varying and frequency-dependent magnitudes. For a real head, a complete
analytical description is no longer possible. Therefore this simplified description has
been refined by considering the complete measured free-field transfer function of the
head, the external ears (pinnae) and the ear canals. They can be monitored by
placing small probe microphones inside the ear canal presenting binaural stimuli (in
the simplest case click pulses). Measurements of such “head related transfer func-
tions” (HRTFs) H, y4(f) on a variety of subjects show that HRTFs show individual
characteristics for different subjects (e. g., Mehrgardt and Mellert, 1977; Hartung,
1995). HRTFs can serve to present artificial auditory scenes or “virtual acoustics”,
i. e. simulations of free-field conditions via headphones with individual ITDs and
ITDs.

In most psychophysical detection experiments synthetic stimuli are presented
via headphones. The main advantage of this method is that it permits to control
the stimuli and the interaural disparities at the two ears very precisely. This is not
the case in free-field presentations because of varying external-ear transfer functions
(HRTFs) within a group of subjects. Furthermore, in free-field presentation not
every possible combination of interaural parameters can be presented. It can be
advantageous to explore features of the auditory system by presenting ear signals via
headphone with non-natural stimulus parameters. So the influence of single stimulus
attributes like IIDs, I'TDs and interaural correlation can be measured independently.
Nevertheless there have been studies where stimuli were presented via loudspeakers
(Ebata et al., 1968; Burgtorf, 1963; Burgtorf and Wagener, 1968).

In our efforts to combine these different aspects of hearing and to understand
how information in the auditory system is processed and evaluated models can be
a useful tool. This thesis is concerned with modeling the “effective” binaural signal
processing in the auditory system. To this end a well evaluated functional model of
monaural signal processing and signal detection which can predict thresholds in a
variety of monaural configurations is expanded by a binaural processing unit. This
binaural processor works on input signals received from two corresponding monaural
frequency channels of the two ears and adopts the concept of the equalization and
cancellation theory of binaural signal processing (Durlach, 1972).

2For the “overall” perception these differences may be only one cue among others. For example
in localization of a sound source also cues like the position, orientation and movement of the head
yield important cues for localization.
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The current work aims at clarifying how successfully such an approach can be
applied to various psychophysical paradigms. Simulation of experiments covering
various aspects of binaural detection are performed. The corresponding measure-
ments partly have been performed in the framwork of the present thesis, partly have
been taken from the literature.

The first part of this thesis (Chapter 2) gives a short overview over various ideas,
how binaural signal processing takes place in the auditory system and how they are
realized in binaural models. The chapter has the intention to motivate the necessity
of a suitable monaural preprocessor for a binaural model, which is able to account
for a wide range of spectral and temporal aspects of signal processing in the auditory
system.

In Chapter 3 the structure of the model is explained, especially the binaural pro-
cessing unit. After that simulations of critical experiments are performed in order to
investigate the effect of the various stages and properties of monaural and binaural
signal processing. Some of these simulations are chosen to fix the value of parameters
of the binaural processor. All these values are kept constant in all following simula-
tions. The performed simulations cover the topics how different center frequencies
are processed, how and up to which degree interaural delays are evaluated. Investi-
gating the influence of masker level and interaural intensity differences on binaural
detection results in the observation, that the compression of the stationary part of
input signals in the monaural preprocessor is an important prerequisite to predict
the outcome of these experiments correctly. From the simulation of binaural and
monaural forward masking experiments it can be verified that binaural interaction
follows monaural adaptation.

In the following part (Chapter 4) the model developed in the preceding chapter is
tested in complex configurations, where the spectral and temporal properties of the
model and the auditory system are compared. An important finding is this context
is that in many configurations detection takes place in multiple frequency channels.

In Chapter 5 deals with the concept and implementation of a binaural “sluggish-
ness” occurring in detection experiments with time variant interaural parameters. It
turns out that the model of binaural signal processing as described in Chapter 3 does
not account for such phenomena. A modified strategy of binaural noise reduction
is proposed that leads to a sluggish performance of the binaural model. The inertia
of the modified processor is based on a sluggishness in steering the mechanism of
binaural noise reduction. The concept is compared with the assumption that the
binaural system is not able to evaluate fast fluctuating interaural differences.



Chapter 2

Binaural models: a literature review

Abstract

This chapter gives a rough overview over general aspects and concepts of binaural
processing in the auditory system. It describes briefly the main classes of binau-
ral models and compares common and different properties and features of the signal
processing in models of binaural interaction. An important reason for the inconve-
niences of binaural models may be the lack of an adequate monaural preprocessing
unit for the binaural processor, which is able to account for spectral and temporal
features of the auditory system.
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2.1 Introduction

Binaural signal processing is able to overcome some of the restrictions immanent
in the auditory processing of monaurally received signals. For instance, since the
human cochlea has a restricted frequency resolution, spectrally adjacent signal com-
ponents excite the same place on the basilar membrane and stimulate the same group
of hair cells (in functional terms they are processed within the same frequency chan-
nel). So a noise jammer with similar frequency components like the signal reduces
the detectability of the latter. On the basis of interaural differences that may differ
between signal and noise, however, binaural processing can reduce the influence of
the noise. The sensitivity of a human observer to detect a target signal in the back-
ground of a masking signal can therefore be substantially better in situations where
the observer receives binaural input. One way to characterize the ability of binaural
processing in the human auditory system are binaural detection experiments!.

In general thresholds from a configuration without interaural differences for signal
and masker are chosen as a reference. For headphone presentation this is a monotic
or diotic situation 2. The BMLD for a special binaural configuration is is defined as
the masked threshold for this configurations subtracted from the reference threshold
(both in dB).

Research about BMLDs started in 1948 (Hirsh, 1948; Licklider, 1948). Since
then the gain in detection due to binaural processing has been investigated under
various experimental conditions in a variety of studies, mainly utilizing earphones
(cf. Durlach and Colburn (1978) or Bernstein (1997) for reviews) and a large class
of masker and target signals (noise, tones, speech). Most what is known about the
binaural system’s sensitivity to interaural temporal disparities and interaural inten-
sity disparities is known from from such studies. For detection of a low-frequency
tonal signal in a broadband noise masker BMLDs up to 15dB occur. At high fre-
quencies BMLDs are much smaller, e. g. above about 2kHz they are only 3 to 4dB.
BMLDs are even larger when narrow band noise maskers are used instead of broad
band maskers. This is valid for low and high frequencies (Metz et al., 1968; Zurek
and Durlach, 1987): BMLDs can amount up to 25dB at low frequencies and about

Tn detection experiments the threshold of a (target) signal S in the presence of a (noise) masker
N is determined. To note a binaural configuration the interaural relations of masker and signal are
indicated as expansion of the symbols N and S with indices which mark the respective interaural
configuration. Common symbols are m for a monotic or 0 for diotic presentation. The latter
is chosen since it describes a zero interaural phase difference. The interaural phase is described
by the phase angle ¢. A special case is an angle of = (antiphasic condition). Further interaural
parameters are described by their common symbols: p for the interaural correlation (coefficient)
when statistical independent noise sources are used to present decorrelated noise. The special case
of uncorrelated noise is denoted by u, an interaural time difference by 7. The “classical” example
is NoSr, the configuration with the largest improvement.

’In signal presentation via headphone monotic, diotic and dichotic presentation are distin-
guished. Monotic: A signal is present in only one headphone. Diotic: The same signal is present in
both headphones. Dichotic: Different signals are present in each headphone (according to Stumpf
(1905)).
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12dB at high frequencies.

Since the enormous advantages of binaural detection relative to monaural detec-
tion were discovered much effort has been spent in understanding the processing of
binaural information in the auditory system. Results from detection experiments
have inspired the development of theoretical and functional models of binaural inter-
action, especially of models describing binaural noise reduction. Within the task to
understand binaural interaction, models are a useful tool to describe how a listener
takes advantage of interaural differences. They can serve to test assumptions about
the mechanisms of signal processing or to estimate the size of paramaters relevant
in binaural listening. Different binaural models are constructed to describe and
predict quantitatively certain phenomena related to binaural hearing. They can be
classified according to their special subject, e. g., localization, speech recognition or
binaural detection experiments. In addition, these models differ in the way how pre-
dictions are derived from binaural parameters. This may be achieved by estimating
the information available to the binaural system with regard to information theory
(for instance the description of interaural signal statistics) or by specifying explicit
mechanisms and algorithms of signal processing. Descriptions of binaural processing
might be based on both psychophysical and physiological studies and models can be
constructed to predict both types of data. Also psychophysical models can include
physiological components explicitly. Some of the models of binaural psychophysics
include physiological aspects merely in a functional way to both describe the basic
aspects of acoustic signal processing and as well to keep explicit computation as
simple as possible. In all cases a model has to be described so detailed that it per-
mits quantitative descriptions on the psychoacoustical performance in the concerned
task.

The following section describes briefly the main classes of models of binaural
signal processing to give a background for a rough classification of the model of
the present study. The common features and main differences in signal processing
are outlined, some extensions and more detailed descriptions of model features are
mentioned.

2.2 Aspects of signal processing in binaural models

A primary aspect of all models of binaural interaction is the consideration of inter-
aural time delays, which can be included either explicitly or implicitly. A neural
“place mechanism” for extraction of interaural timing information on the basis of a
neural network model was first outlined by Jeffress (1948, 1958). He suggested that
external interaural delays could be recognized by neural units that record coinci-
dences of neural impulses received from more peripheral nerve fibers from both ears.
Each unit receives its input from both sides after a series of internal time delays, i. e.
, it is most sensitive for exactly one external time delay (and is so assigned to one
internal time delay). Such a coincidence network translates external delays into in-
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ternal positions of the maximum excitation of the network. One possible schematic
realization of the Jeffress place mechanisms is shown in Figure 2.1. It contains two
opposing lines of delay elements. Each pair of opposite delay elements feeds input
into one cross-coincidence detector element.

Input from left ear Input from right ear
\—V AT AT AT AT ee.. — AT
\
coin. coin. coin. coin.
A
AT AT AT AT ... = At

Y \i

output to central stages

Figure 2.1: Block diagram of a schematic realization of the Jeffress model. At
labels a block describing short internal delays, “coin.” labels coincidence detector
elements.

The elements constructing the original Jeffress model and their operations are not
completely specified. Considerable efforts have been made in explicitly describing
the neural internal delay mechanism, the coincidence mechanism and the neural
input patterns into the process (Colburn and Durlach, 1978) based on physiological
data. A comprehensive overview of models giving quantitative formulations of the
Jeffress model have been given in a review chapter of Colburn (1996b, Sec.3).

From a functional viewpoint, the model structure proposed by Jeffress can be
considered as a stage calculating the interaural short-term running cross-correlation
function. A mathematical expression for the short-term correlation function of the
ear signals from the right and left ear, R and L is given by

O(t,7) = / t LR — r)w(t —t) df (2.1)

— 00

with ¢ representing running time and 7 a delay in the signal. The weighting function
w emphasizes values of the product L(#') R(t' —7) that have an argument close to the
actual value of t. Equation 2.1 is only used if the signal R from the right ear is earlier
in time, otherwise the roles of R and L are exchanged. In the Jeffress-type mod-
els the interaural cross-correlation function (ICF) is calculated from input signals
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(more or less “physiological”, depending on the specific model) derived from both
ears (Licklider, 1959). This is achieved by describing the operation of a coincidence
element as multiplication, specifying the temporal range of inputs that results in
an output of a coincidence element and a short-time integration stage behind each
unit. The range of interaural delays evaluated has to be restricted since the audi-
tory system does not account for arbitrarily large delays. To include the processing
of interaural intensity differences, Jeffress assumed for the original structure of the
model that the relative time delay is dependent on intensity in the more peripheral
stages. According to this latency hypothesis, more intense stimuli cause the gener-
ation of an earlier input into the coincidence network compared to the less intense
stimuli. In this way IIDs are translated into ITDs. Other descriptions of binaural
processing reject the latency hypothesis and require an extra stage, that accounts
for IIDs. In addition, for all models based on cross-correlation a separate stage that
accounts for the effect of interaural intensity differences is needed.

An important aspect of ICFs is that under certain assumptions from the short-
time ICF the ITD can be estimated. When the I'TD is constant for a total binaural
stimulus (for example masker plus signal in detection experiments) its value cor-
responds to the position of the maximum. To that end the ICF must be known
over the whole range of possible ITDs. When the stimulus I'TD is varying in time,
the form of the ICF and consequently the position of its maximum depends on the
form and duration of the temporal window used to average the running ICF. Zurek
(1981) showed that for the standard binaural detection situations NyS; or NySp,
the total stimulus interaural phase difference and as a consequence also the ITD is
a random variable with a mean value of 0 and a variance depending on the stimulus
signal-to-noise ratio. Other binaural stimulus configurations have a corresponding
behavior.

The size and the generation of interaural parameters resulting from different in-
teraural stimulus configurations can be geometrically illustrated by vector diagrams
suggested by (Jeffress et al., 1956; Jeffress, 1972). Vectors are used to illustrate the
amplitude and phase of masker and signal for both ears at an instant in time (from
a mathematical point of view they represent instantaneous amplitude and phase of
the respective analytic signal). This is illustrated for an NS, configuration in Fig-
ure 2.2. The vector representations are only precise for one moment or when tonal
maskers are employed.

Since a noise masker varies stochastically in amplitude and phase, the interau-
ral parameters become also stochastic variables. Zurek (1981) derived analytical
expressions for the probability distributions of the interaural phase and level differ-
ence for different binaural stimuli from detection experiments employing Gaussian
noise maskers. Unfortunately, the statistics of these interaural parameters cannot be
directly translated into acoustic percepts like lateralization or detection for several
reasons. For example, the distribution of interaural parameters allows no conclu-
sion about the rate at which these parameters fluctuate and how it relates to the
temporal resolution of the binaural auditory system. The fluctuation rate can be
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Figure 2.2: Vector diagram representing instantaneous signal amplitude and phase.
The dichotic noise (Ny) is represented by one vector for both N and Ny. The S,
signal is presented with an interaural phase ¢ (¢ = 7 in this illustration). The
instantaneous phase difference for the total signal is ©, and the instantaneous am-
plitude ratio (which is an estimate for the interaural intensity difference) corre-
sponds to the quotient of the vector lengths for the total right and left ear signal,
[N + Sk|/INL + St.

very different depending on the frequency of the target signal or the noise band-
width (narrowband noise shows slow internal envelope fluctuations which also affect
binaural detection). Following these arguments, interaural differences can not be
directly connected with percepts since in auditory signal processing signal features
are recoded or lost.

Nevertheless the consideration of interaural parameters can explain several bin-
aural effects. For example Hafter (1971) in his “lateralization model” used the aver-
age of a weighted combination of interaural parameters. He could describe BMLDs
for binaural configuration with interaural phase differences of the test tone and I1Ds
of the masker with this single trading variable.

Another binaural model which successfully describes BMLDs from a large class
of binaural detection experiments is the equalization and cancellation (EC) model
(Durlach, 1963, 1972). Since it is the basis for much of the current modeling this
model is discussed in more detail here. The EC theory is a relative simple algebraic
model which only uses a two parameters. Since it can be easily applied in many
situations it is often used to estimate binaural detection data. Calculations are
relatively simple since they are performed for signal parameters (like signal energies
or signal-to-noise ratio) of unprocessed ear signals. The basic concept is to eliminate
as much as possible of the noise masker energy in a binaural configuration in which
masker and signal have different interaural relations. This happens by matching the
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noise signal and subsequent subtraction of both ear signals. The target signal has
to be less affected in the course of this operation than the masker which results in a
gain in signal-to-noise ratio in the binaural difference signal relative to the monaural
signal-to-noise ratio. This gain denotes the predicted BMLD.

In general the set of available equalization operations is restricted to internal time
delays and amplitude adjustments to obtain reasonable predictions for as much as
possible interaural configurations. The range of internal delays has to be limited.
Two parameters of the model describe the internal noise in the equalization proce-
dure which limits binaural performance. They are specified as random time jitter
and random amplitude jitter and follow Gaussian distributions with zero means.
They are assumed to be statistical independent from each other, statistical inde-
pendent for each ear and independent of frequency. Both error types are applied to
both ear signals before calculating their difference. In addition to binaural detection
data, the model has been applied to describe data from interaural discrimination
tasks and binaural “creation-of-pitch”.

The large advantage of the EC-model is that it can be applied in a straightfor-
ward manner without large computational expense. However, since the model in
its classical form deals only with average signal magnitudes or statistical moments
like signal-to-noise ratios or signal energy it does not predict more complex func-
tions of the binaural system that play a role for time varying signal parameters
(for instance occurring in forward masking experiments, test tone integration, time
dependent interaural correlation). Since no assumptions are made about monaural
signal processing (apart from the decomposition of the incoming signals into critical
bands), there is neither an absolute monaural threshold included into the model nor
a description of level dependence of the BMLD.

To account for the masker level within the model without assumptions about a
threshold, Yost (1988) described the level dependence of the BMLD as an effect of
decorrelation of the ear signals by internal, only partly correlated noise added from
two independent noise sources. He started from the equation

kE+1
BMLD(N,S;) = 10log (—)
k—p
from EC-theory describing the BMLD in dB as a function of interaural masker
correlation p. In this equation k is the EC-factor, the interaural masker correlation
p is expressed as a function of external and internal noise intensities.

2.3  Cross-correlation models

Several models based on cross-correlation functions have been described to specify
features of auditory signal processing.

A first analytical model was developed by Sayers and Cherry (1957) to predict the
lateralization of an auditory event and was based on the interaural cross-correlation
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of the signal waveforms. It used the expression

t
Ult,7) = / LR — rw(t — ') df (2.2)
—o0

for the interaural correlation function. In this equation R and L are the unprocessed
waveforms from right and left ear (no neural or internal representation). The func-
tion w describes the temporal weighting of calculating the correlation (short-term
average). To treat IIDs Sayers and Cherry added a constant proportional to the
intensity of each ear signal. Afterwards the integrals over the negative and positive
values of 7 in Equation 2.2, I, and Iy respectively are evaluated. They serve as
input of a judgment mechanism that extracts the subjective lateral position of a
binaural stimulus from

Iy, — Ip

I+ I

Blauert and Cobben (1978) used band-pass filtered, rectified and smoothed stim-
ulus waveforms (which they assumed to be reflect the transduction properties of the
peripheral system) as input to a model generating the running ICF. If recordings
of ear canal signals are used as input into the model from the ICF the direction of
a sound source could be inferred. Lindemann (1986a,b) included a mechanism for
contralateral inhibition into the model of running cross correlation. This expanded
model was intended to account for lateralization experiments in “time-intensity trad-
ing” experiments. It results in a sharpening of the peaks of the cross-correlation
function compared to the output of a pure Jeffress mechanism. IIDs and I'TDs re-
sult in a shift of the inhibited ICF. The model shows a kind of precedence effect if
the contralateral inhibition is allowed to persist with a short time constant after the
first triggering. One disadvantage of the Lindemann model is the large number of
parameters describing the amount and persistence of inhibition. Gaik (1990, 1993)
added attenuating elements to each step of the delay lines influencing the activity
patterns traveling along each line. Through this the latency hypothesis is modeled
since I1Ds result in a shift of the temporal pattern away from the center. The weights
of the damping elements are adjusted in such a way that, for natural combinations
of IIDs and ITDs of recorded ear signals within one critical band, the processing re-
sults in zero “internal level difference” at the point with the internal delay matching
the external delay. Bodden (1993) applied this model as a “cocktail-party proces-
sor” that segregates different sound sources and improves the signal-to-noise ratio
in situations with different spatially distributed talkers.

A more physiological expansion of the Jeffress network and quantitative approach
in describing binaural phenomena concerning detection and discrimination was for-
mulated in a series of publications by Colburn (1973, 1977b,a) and Colburn and
Latimer (1978). He included a quantitative model that generates descriptions of
patterns of auditory-nerve activity which are the inputs to a central binaural pro-
cessor. The transduction process from acoustical waveform to neural firing realized
important aspects of signal transformation in the auditory system: information is

P =
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passed as firing times of each neural fiber, the transformation is stochastic (resulting
in restricted performance of the central processor), fibers are frequency selective, fir-
ing times are synchronous to the temporal structure of stimulus and, with increasing
stimulus intensity, the firing rate increases and saturates for high intensities. The
model of auditory nerve activity consist of a bandpass and a lowpass filter, an ex-
ponential rectifier and a mechanism generating firing times. The firing times are
the output of a non-homogeneous Poisson process whose rate is proportional to the
input of the process.

The central processor in Colburn’s auditory-nerve-based model acts as a coinci-
dence counter which compares timing information from two fibers (one from each
ear) with the same characteristic frequency f and a single, fixed internal delay 7. A
coincidence is only detected if two firing events occur nearly simultaneously within
a short temporal window of length T,, (about 50 us). With this assumption the
output of the coincidence counter may also be treated as a Poisson process with the
expectation value

B[L(r, f)] = T, /0 ro(t)re(t — 7) dt'. (2.3)

L(r, f) is the number of coincidences for the unit which receives input as rate func-
tions r1, and rg of the stimulus length T. The expression for E[L(r, f)] in Equa-
tion 2.3 as a function of the internal delay 7 is the cross-correlation function of the
neural representations of the ear signals. For small T it is also a special realization
of calculating the running cross correlation function of the Poisson rate functions,

t

E[L(t, T, f)] = / rL(t)rr(t — T)w(t — t)p(r) dt’ (2.4)

— 00

which depends additionally from running time ¢ and corresponds to Equation 2.2
apart from the function p. This function is centered around a small range around
7 = 0 and serves to restrict the range of effective internal delays that contributes to
the output of the binaural processing (“centrality”).

In its original form the model predicted that overall thresholds are lower than
those observed. Colburn (1996a) related these differences to the fact that the model
neglects the variability inherent in masker waveforms relative to the variability due
to auditory noise statistics.

Modifications of the auditory-nerve-based model were implemented for example
by Stern and Colburn (1978) to provide predictions for subjective lateral position
of binaural stimuli.

It has been pointed out (Osman, 1971) that for class of correlation models and the
common form of the EC model, which are based on the energy as binaural detection
variable, it can be written in the same form (ignoring internal time delays)

A/TLZ(t) dt+B/TR2(t) dt—QC’/TL(t)R(t) dt,
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where L, and R are the (preprocessed) ear signals and A, B and C are weighting
factors. In the EC theory, the detection variable results from setting A= B =C =
1. In correlation models, these constants may be set A= B =1 and C = —1.

2.4 Conclusion

The examples in the previous sections show that all of the classical models or con-
cepts of binaural signal processing suffer from several inconveniences in the descrip-
tion of psychophysical data. A general binaural model should also provide aspects
of monaural auditory signal processing relevant for binaural processing. It is impor-
tant to have monaural masked thresholds available as “fixpoints” in order to describe
the thresholds in masked detection experiments correctly. Also, a correct absolute
thresholds is required to restrict the dynamic range in which binaural unmasking can
take place. A further important aspect is the temporal dimension of auditory signal
processing. All input waveforms should be processed individually. This enables a
model to account for inherent noise fluctuations and individual waveforms.



Chapter 3

Model of the “effective” binaural
signal processing in the auditory
system

Abstract

This chapter presents a quantitative functional model describing binaural detection
experiments. The binaural model is the expansion of a model of the effective temporal
signal processing in monaural configurations [Daw et al., J. Acoust. Soc. Am., 99,
3615-3622 (1996)]. It combines several stages of monaural preprocessing with a bin-
aural processing unit and a decision device having properties of an optimal detector.
The binaural processing unit follows concepts of the Equalization and Cancellation
(EC)-Theory since it performs interaural temporal and amplitude adjustments on
internal representations of the ear signals. The model was developed to overcome
several restrictions and deficiencies of current models of binaural interaction. In
contrast to the EC-model the present model operates on the monaurally preprocessed
acoustical waveforms to profit from the properties of temporal and spectral processing
of the monaural model.

“Critical experiments” employing conditions with broadband noise maskers have
been chosen which permit an estimation and adjustment of model parameters and a
statement about the structure of the model. The model accounts for the frequency
dependence of thresholds in diotic and dichotic configurations with stationary inter-
aural phase differences of signal and masker. In addition, it gives good predictions
for thresholds and BMLDs for configurations where a dichotic noise masker with
stationary interaural time differences is presented. To deal with the large input
range of masker levels and masker IIDs, the compressive behavior of the model is
important which has been adapted from the monaural model. Using these elements,
the dependence of binaural masked thresholds on masker level and interaural inten-
sity differences is predicted as well as the behavior of thresholds in binaural forward
masking experiments.

15
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3.1 Introduction

Binaural processing cannot be treated strictly separated from monaural processing.
Physiologically it takes place on a more central level and follows at least some stages
of peripheral monaural processing. Therefore a binaural model should incorporate
some basic features of monaural signal processing (frequency decomposition, trans-
duction, adaptation, compression and internal noise). However, despite their ability
to predict the results for large classes of binaural experiments, almost all of the
established binaural models disregard basic monaural features (e. g. they do not
predict absolute thresholds or temporal effects in detection experiments). Therefore
a combination of principles from monaural and binaural signal processing promises
an improvement in modeling and understanding of binaural phenomena. This is the
aim of the present study.

Two important basic limitations in binaural performance directly result from
properties of the monaural auditory processing: (a) the restriction of binaural un-
masking to frequencies below approximately 2 to 4kHz (according to studies us-
ing a broadband masker, Hirsh (1948); Hirsh and Burgeat (1958); Webster (1951);
Schenkel (1964); Rabiner et al. (1966); Kohlrausch (1984)), and (b) the ability to
compensate for interaural time delays of ear signals for not more than 8 or 10 mil-
liseconds. These limitations have to be considered in the description of the binaural
signal processing by any model.

The first limitation (i. e. larger BMLDs for low than for high frequencies) orig-
inates both from limitations in binaural processing itself (like it is described and
employed in the EC theory, Durlach (1972)) and from several possible monaural
mechanisms (e. g. Zurek and Durlach, 1987). The first is the transduction process
from sound signals to neural excitation by the inner hair cells in the inner ear. The
transduction process is performed with a decline in the strength of phase locking
with increasing stimulus frequency (Ruggero, 1992). Above frequencies of roughly
1 kHz, single inner hair cells cannot follow the phase of the acoustic stimulus. Neural
assemblies can follow the fine structure at frequencies above 1kHz. Hence, neural
coding turns gradually from coding of signal waveform to signal envelope. At the
level of the auditory nerve, this loss of information in fine structure coding removes
interaural time differences which are present in the waveform. The binaural system
therefore can make use only of interaural intensity differences in the envelope of the
stimulus.

The second factor responsible for the decrease of BMLD with frequency results
from the frequency dependence of the critical bandwidth: with increasing frequency,
the bandwidth of the critical bands increases which causes the effective bandwidth
of a broadband masking noise to increase with the center frequency of the respective
critical band. Since the maximum rate of fluctuation of a noise band is proportional
to its bandwidth, the maximum rate of fluctuation of the output of the auditory
filters are increasing with increasing frequency. Subsequently also interaural time
and intensity differences for that frequency are fluctuating. Assuming a reduced
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sensitivity of the auditory system (or at least of the binaural system) for fast fluc-

tuations these fast varying interaural differences would reduce binaural unmasking
(Zurek and Durlach, 1987).

Similar to the restriction on the BMLD imposed by “monaural” and “binaural”
properties, the ability of the auditory system to account for interaural time dif-
ferences (ITDs) is a consequence of monaural and binaural restrictions. For the
binaural system, it is assumed that its ability to perform an internal delay of the
ear signals is restricted to a certain range. External I'TDs beyond this range can
still be handled by performing a suboptimal internal delay too small to match the
actual external delay. However, the effective correlation time of a noise masker for
a tonal signal is restricted by the critical bandwidth of the peripheral filter centered
at the signal frequency'. Performing an interaural time shift of the noise masker re-
sults in a gradual loss of interaural correlation. Small ITDs of noise maskers behave
like ITDs for sinusoids since bandpass filtered noise signals can be treated approx-
imately as an amplitude modulated sinusoid. Applying an interaural time delay of
the inverse of the center frequency of an Ny narrow band signal results again almost
perfectly in an N, configuration. This is reflected in the shape of the autocorrelation
function which shows the same periodicity as the bandpass signal and is damped
with increasing |7|.

One further important cue in binaural auditory perception are interaural level or
intensity differences (I1Ds), that, together with interaural time differences (ITDs),
form the physical basis of binaural interaction and tasks like localization and binau-
ral noise reduction. This robustness is also reflected in masking configurations like
NarSm. In these type of detection experiments, the role of IIDs is destructive, that
means that large level differences reduce BMLDs, but the ear is able to deal with
a large range of level differences (up to 30 or 40dB). To describe effects of IIDs in
binaural detection, it is necessary to understand monaural or diotic effects.

Fassel (1989) and Kohlrausch and Fassel (1997) discussed results from forward
masking experiments in NySy and NyS; configurations in terms of the relative order
of monaural adaptation and binaural processing in the auditory system.

A monaural model of temporal auditory signal processing which is able to predict
most of the temporal and spectral aspects of monaural auditory signal processing
(such as e. g. simultaneous and forward masking and temporal integration) has
been proposed by Dau et al. (1996a). It is described in the first part of the following
section. The combination of this psychoacoustically motivated preprocessing unit
with successful ideas of binaural signal processing (EC-theory) promises synergistic
effects and will remove some of the shortcomings of common binaural models. The
separation of the total model into different units permits to distinguish the influence

!The shape of the autocorrelation function for each band limited signal is related to the form
of the respective bandpass filter (i. e. the spectrum level of the signal) by the Wiener-Khinchin
theorem. It states that the Fourier transform of the autocorrelation function of a signal equals the
spectrum level of the signal. Following the uncertainty relation for the Fourier transformation, a
signal with broader spectrum has a shorter correlation time.
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of monaural and binaural processing on the performance in signal detection. The
expansion of the monaural model is tested by simulating its effects on binaural
processing and testing the limits that such an approach has.

To do so, simulations of several “critical” experiments are performed and pre-
sented in the present chapter. This permits to test the influence of single features of
the model structure on the signal processing in the model and to adjust the model
parameters associated with these properties. The “optimal” parameters are kept
constant in further simulations. These critical experiments concern the influence of
basic properties of monaural spectral processing and internal adjustment of external
time and level differences. To preclude the use of off-frequency cues in binaural de-
tection, only simulations and corresponding experiments with stochastic broadband
noise maskers (noise bandwidth chosen larger than the critical bandwidth) were
considered in this chapter.

The following experiments and related aspects of signal processing, concerning
topics already mentioned above, have been chosen as suitable for that purpose:

e The frequency dependence of binaural masked thresholds and of the corre-
sponding BMLDs allows an estimation of the internal error immanent in bin-
aural noise reduction of the model

e The dependence of thresholds in configurations with an interaural time shift
of the noise masker is used to restrict the range of internal time delays, which
are available to the binaural processor

e The dependence of masked thresholds from the level permits to estimate the
level of the internal (peripheral) noise and to investigate the influence of com-
pression before binaural processing in the auditory system on BMLDs

e Simulating experiments with stationary IIDs reveal the importance of com-
pression on processing the interaural level differences

e Simulations of binaural and monaural forward masking experiments allow to
test the structure of the model in configurations where the role of the order of
different stages of signal processing reveals. It confirms experimental findings
that adaptation and compression in the auditory system take place before or
after binaural processing.

Finally, possible alternative realizations of the signal processing are considered
and investigated.
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3.2 Description of the signal processing in the
model

3.2.1 The original model - monaural preprocessing unit

In the work of Dau and coworkers (Dau et al., 1996a,b) , a quantitative functional
model for the “effective” signal processing in the auditory system was described.
This computational model allows the prediction of masked thresholds for various
monotic and diotic stimulus configurations?. The model was originally designed to
describe temporal aspects of masking in normal hearing subjects. Recently it has
been expanded to describe experiments in modulation detection and modulation
discrimination (Dau, 1996; Dau et al., 1997a,b). It has been used as a preprocessing
unit for speech intelligibility and speech quality prediction (Hansen, 1998) as well
as a front end for robust speech recognition(Tchorz and Kollmeier, 1999). It is
also able to describe temporal and compressive properties in the impaired auditory
system (Derleth, 1999), where it is used to simulate the performance of subjects with
a sensorineural hearing impairment in detection and discrimination experiments.
Predictions can be made for a large class of signal properties, such as temporal,
spectral and statistical characteristics.

The model combines several stages to simulate aspects of signal transformation
in the auditory periphery and “higher” stages with an optimal decision device to
describe the decision process within the framework of signal detection theory. Sig-
nal processing transforms input signals to an “internal representation”, i. e. a two
dimensional time-frequency representation of acoustic stimuli. It mimics the trans-
formation of acoustic stimuli to neural excitation which can be interpreted as input
for higher cognitive processes (for example detection or speech perception). A block
diagramm of the model is given in Figure 3.1.

The first stage in auditory processing consists of a gammatone filterbank of Pat-
terson et al. (1987) describing the bandpass characteristic of the basilar membrane.
The 4th order linear bandpass filters have been optimized to fit the data derived
from masking experiments using a notched-noise paradigm (Patterson and Moore,
1986; Glasberg and Moore, 1990). The equivalent rectangular bandwidth (ERB) of
the filters for a give center frequency is chosen according to the equation of Glas-
berg and Moore (1990) which relates the ERB b of an auditory filter and the center
frequency fy (both in Hz):

b=1+2° with i — 24.7Hs and Q — 9.265. (3.1)

Q
’In general the stimuli in corresponding experiments have been presented diotically. The con-
figurations are often referred as monaural experiments, the model will be referred as a monaural
model. As a rule of thumb one can state that in detection experiments differences between monau-
ral and diotic presentation are only observed when the stimulus time structure is reproducible (for
instance for frozen noise maskers (Langhans and Kohlrausch, 1992)) or for low masker levels (for
example observed in Kohlrausch (1984)).
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Figure 3.1: Block diagram of the monaural psychoacoustical model of auditory pro-
cessing as described in Dau et al. (1996a,b). The signals are processed with a gamma-
tone filterbank, subjected to adaptation and lowpass-filtered in each peripheral filter.
Finally, internal noise is added. The decision device is implemented as an optimal
detector.

For simulations of masking experiments with broadband maskers, it is sufficient
to consider only the on-frequency filter since off-frequency information is not ad-
vantageous for detection: Signal energy which is spread out to adjacent auditory
filters is masked by the broad-band noise. Some exceptions occurring in binaural
configurations are discussed in the next chapters. If the output of multiple auditory
filters has to be considered in simulations, the gammatone filters are arranged along
the frequency axis such that their respective amplitude transfer functions overlap at
the 3 dB-points.

Subsequently the output signal of each filterbank channel is half-wave rectified
and low-pass filtered with a cut-off frequency of 1 kHz. This stage accounts roughly
for the transduction process of the organ of corti from mechanical motion of the basi-
lar membrane to neural excitation of the auditory nerve. A relative shear movement
between the tectorial membrane and the organ of corti caused by basilar membrane
motions results in bending the tops of the inner hair cells (IHCs). The IHCs are
sensitive for motions in one direction, which is modeled by the half-wave rectifica-
tion. For frequencies larger than about 1 kHz the firing process of the auditory nerve
fibers can not follow the fine structure of the acoustic stimulus. So with increasing
frequency, the representation in the auditory nerve turns from coding the fine struc-
ture of the waveform to envelope of the stimulus (Gulick et al., 1989; Pickles, 1988).
This is described by a low-pass filter with a cut-off frequency of 1kHz. Altering
properties of this low-pass filter seems to have little effects on the description of
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monaural thresholds. The influence on binaural detection will be discussed later.

In a subsequent stage of the model, five adaptation loops connected in series
describe effects of nonlinear adaptation and dynamic compression. They have been
initially introduced by Piischel (1988) to describe forward masking data. The input
signal to the first adaptation loop is restricted to a fixed minimum value. This op-
eration is performed in order to keep the dynamic system numerical stable and is
interpreted as the absolute detection threshold for normal hearing listeners. Derleth
et al. (1996) have shown that with an appropriate selection of that value absolute
thresholds for impaired listeners can be described as well. Each of the five consecu-
tive adaptation loops consists of a low-pass filter and a dividing element. The time
constants of the low-pass filter range from 5 to 500 ms. The input of each loop is
used as dividend to the dividing element. Its output is low-pass filtered and fed
back as divisor. The output signal in a stationary condition for one single loop is
the square root of the input signal. For the chain of five loops the output O for
a stationary input [ is O = 2\E/f = ¥/I, which is close to a logarithmic compres-
sion of the input. The logarithmic compression is important to predict a variety of
psychoacoustic data with the same model. Hence, in combination with an additive
internal noise limiting detection it provides that the model accounts for Weber’s law,
i. e., a constant resolution of signal amplitude is provided on a logarithmic scale in
discrimination experiments.

For non-stationary signals, fast signal fluctuations (compared with the time con-
stants of the low-pass filters which constitute the adaptation loops) are processed
approximately linearly, while slowly fluctuating input signals are compressed. The
amount of compression depends on the time constants and the charging state of the
adaptation loops, i. e., the input signal at previous times.

To map the level range of stationary input signals (from 0 to 100dB) into an
equal range of output signals (from 0 to 100 “model units”, MU) the output of the
fifth adaptation loop is scaled linearly. Due to adaptation effects (such as, e. g.
overshoot for signal onsets or offsets) the value of output signals may be clearly
beyond 100 MU if the input signal is non-stationary.

After the adaptation stage, the signal is low-pass filtered with a time constant
of 20 ms that corresponds to a cut-off frequency of 8 Hz. In combination with the
subsequent detection unit this stage accounts for effects of temporal integration of
the model. It also limits of temporal resolution for signal and envelope fluctuations
respectively that is available for the subsequent “optimal” processor. The time con-
stant was optimized to account for temporal resolution and integration in detection
and masking experiments (Dau et al., 1996b).

Modifications

The idea of the present study is to preserve the ability of predicting monaural thresh-
olds by not changing the fundamental principles of the monaural model. However,
slight changes had to be introduced to improve the performance of the model for
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signal levels close to absolute threshold:

The transfer behavior of the ear canal and the middle ear for sound signals
at low frequencies (before basilar membrane filtering takes place) shows a high-
pass characteristic (e. g. (e. g. Hudde, 1998; Hudde and Engel, 1998)). To account
for absolute thresholds in the low-frequency region, a first-order high-pass filter
with a cut-off frequency of 1kHz is introduced to the model before the gammatone
filterbank.

Furthermore, uncorrelated noise of a low level (0dB in each frequency channel)
is added in each frequency channel of the left and right part of the model after the
auditory filters in order to obtain the appropriate binaural performance at low levels.
As a consequence, the monaural absolute thresholds will be slightly increased (about
up to 5dB) due to this additive noise. This “peripheral” noise can be interpreted
as physiological internal noise and may originate from mechanical, neural or physi-
ological sources (Shaw and Piercy, 1962; Soderquist and Lindsey, 1972). The noise
can be neglected as long as the masker energy within one critical band is relatively
high (about more than 40dB). When the noise level is decreasing, the peripheral
noise starts to influence the monaural and binaural thresholds. The uncorrelated
noise from two corresponding auditory filters of both ears cannot be removed by the
subsequent binaural processor (“internal decorrelation”) and restricts its efficiency
at low masker levels. For monaural signals, it is an additional simultaneous masker.
The absolute threshold in the model is no longer determined by the minimum in-
put value to the adaptation loops, but by the middle ear model and the peripheral
noise. By taking into account both modifications, the behavior of the model for low
external masker levels is more appropriate than the original model version (Dau et
al., 1996a) which does not account for middle ear effects and includes a less accurate
description of the absolute threshold in quiet.

3.2.2 Optimal detector

The decision device realizes concepts from signal detection theory (SDT) (Green and
Swets, 1988) and is implemented as an optimal detector or cross correlation template
matching process. In Dau (1996) the principles of optimal detection processing in the
model and the formulation of the decision problem in an m-Interval Forced-Choice
(mAFC) task are discussed in detail. Here only a short outline of the implementation
of the detector is given.

The detector in the present study has been constructed to detect changes in a
presented signal (caused by the signal in the masker background). The normalized
difference between the internal representations of masker plus suprathreshold signal
and the masker alone is calculated and serves as a template for the pattern to be
detected. Within the simulation of the measurement procedure, this pattern is com-
pared with differences derived in the same way from the actual signals. To do so, for
each presentation the difference is calculated between the internal representations of
the actual signal in the masker and a representation of the masker alone signal which
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is averaged over several realizations. The comparison is performed by calculating
the unnormalized correlation product of detector signal and the actual signals. This
is the implementation of a matched filter according to statistical decision theory. It
is constructed such that it is optimally fitted to the signal in Gaussian distributed
noise in a sense that it yields the best signal-to-noise ratio at the output of the filter.
From the correlation product the correct response probability is derived. This is
performed according to SDT assuming an additive internal noise of constant level
and a Gaussian amplitude distribution of the representations of the acoustical stimuli
in the model®>. The level of the internal noise is chosen such that it restricts the
resolution of the model according to a 1-dB-criterion in amplitude discrimination.

3.2.3 The binaural processing unit

To expand the monaural model to binaural input, two equal channels describing
monaural signal processing in the left and right ear are required. The binaural
processing stage receives input from the two monaural frequency channels (periph-
eral filters) from the left and right ear with the same characteristic frequency. No
interaural across-frequency interaction is considered here. The binaural processor
facilitates interaction between both preprocessed signals and is located between the
both adaptation and compression stages and the temporal integration low pass filters
of the two monaural channels. A block diagram of the arrangement of the different
signal processing modules is given in Figure 3.2.

Binaural processing itself takes place in three steps after the adaptation loops
and before temporal integration (a detailed block diagram of the signal processing
within the complete model is given in Figure 3.3):

1. If there exists a (stationary) interaural level difference of the masker signals in
the left and right channel, the signals are adjusted by internal interaural gain
factors.

2. The signal in one channel is delayed or advanced relative to the signal of the
respective other channel. The advance of the signal corresponds to a delay of
the other channel and assumes a symmetric behavior of the model with respect
to the left and right ear. This internal time shift is denoted as “internal delay”.

3. Both signals are subtracted from each other and the resulting difference signal
is full-wave rectified.

The first two steps correspond to the equalization process in the EC-theory (Durlach,
1972).

3Two reasons may justify a Gaussian distribution of the noise. First, mathematical, the central
limit theorem and second, for practical reasons, that Gaussian distributed variables are easy to
handle in calculations.
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Figure 3.2: Block diagram of the modular arrangement of signal processing units
in the complete binaural model.

For the adaptive steering of binaural signal processing, realizations of the in-
teraural cross correlation functions (ICFs) of monaurally preprocessed signals are
calculated from the output the adaptation loops, i. e. the input for the binaural pro-
cess. Multiple realizations are averaged to obtain a representation of the ICF which
allows a correct estimate of the external ITD. This averaging is necessary because
of the fluctuations of the external noise. Alternatively, only a long-time average
over a representation longer than the test signal would result in a correct estimate
for the external delay. The calculation is performed for the masker alone signals
and for the masker plus suprathreshold test signals. Only the temporal segments
of both ear signals are selected that contain the test signal (if present). Both ICFs
are restricted to a limited temporal range of +4 ms. The patterns are flanked with
1ms Hanning ramps to exclude edge effects in the later use of the ICFs. These both
representations of interaural cross correlation functions are stored for later use.

In the first step of binaural noise reduction, for each auditory filter j, the prepro-
cessed signals ; and L; from both ears are multiplied with the internal gain factors
rq, lg. These factors are chosen in such a way that the root mean square (RMS)
of the masker alone signals within both ears are equalized. This is done under the
constraint that the geometric mean of the RMS values of the scaled signals remains
unchanged (see Appendix A.1). In such a way the adjustment does not track the
fast fluctuating interaural differences in signal level. The calculation results in

rms(L;) rms(R;) 1
=, —= = l, = —— = — 3.2
Ta rms(R;) e rms(L;) ¢’ (3:2)

where the RMS value of left and right ear signal is calculated over the entire length
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Figure 3.3: Block diagram of the signal processing in the binaural perception model
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of a preprocessed noise alone interval. In the present model, due to the compression
performed in the adaptation stages, the dynamic range of both ear signals becomes
relatively small compared to the dynamic range of input signal (approximately loga-
rithmic compression of stationary signals). For that reason the quotient of the RMS
values of left and right ear signal (and its square root) does not show large deviations
from unity compared to the IID of the input signals. Examples of occurring values
of ¢-factors will be given later.

The internal interaural delay 7 between right and left ear signal is determined
in the second step. The size of this internal delay is determined from the stored
interaural cross correlation functions. Note that the range of possible correlations
of input signals (acoustical waveforms) pi, € [—1,1] is mapped to a different range
of correlations of output signals p,y, € [0, 1]. This happens mainly due to half-wave
rectification in peripheral transduction which leaves only non-negative signals *.

The model can choose between two alternative strategies to determine the inter-
nal delay 7.« between the right and left ear signals. The delay is chosen according
to the temporal position of the largest (local) maximum of the correlation function
for the noise alone signals if this maximum is large (close to 1). In this situation,
the noise in the binaural channel will be canceled as completely as possible with one
fixed internal delay (compare Section 2.2, page 9). If, on the other hand, the coher-
ence of the masker waveforms is small, the maximum value of the cross correlation
function of the preprocessed noise alone signals will be small and this strategy will
fail to cancel a significant portion of the noise. Therefore, a strategy to maximize
the test signal in the binaural channel is used in this case. This is achieved by
choosing the temporal position 7,;, of the minimum of the cross correlation func-
tion of masker plus suprathreshold signal to determine the internal delay in binaural
processing. Since the signal is presented at a relatively high level it dominates the
ICF. Therefore one can assume that after performing the internal delay the desired
signal is approximately antiphasic. If such a strategy is assumed, the (sinusoidal)
test signal from both ear channels is preserved during the cancellation process, since
the half-waves transduced in peripheral processing do not interfere destructively®.
Since the temporal range of the ICF is restricted to +4ms, this is also valid for
the range of available delays. The local maximum of the restricted interaural cross
correlation function can differ from the global optimum for frequencies of roughly
below 160 Hz (e. g. in N, configurations). For these frequencies the first maximum
(minimum) of the ICF may be out of the range of available internal delays.

If the equalization process described above would operate in a perfect manner
this would result in the following output signal of the binaural processor after the

“Due to a small amount of decorrelating noise, which is always present in both channels, the
“perfect” values 0 and 1 for interaural correlation will not occur for any input signals. Furthermore,
the value 0 cannot be reached because of the hard threshold criterion which restricts input to the
adaptation stages to a minimum value (DC-offset).

This is exactly true as long as effects of nonlinear adaptation are ignored. Due to nonlinearity
and time constants of the adaptation loops this will only be valid approximately.
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third (“cancellation”) step:
1
Bj(1,1) = |rgR;(t) — I, L;(t — 7)| = |qR;(t) — ng(t - 7). (3-3)

To restrict the effectiveness of the equalization process, the resolution of the temporal
fine structure in the binaural channel is reduced. The inexactness in processing
is introduced as an uncertainty in the internal temporal alignment of the two ear
signals. This uncertainty is implemented similar to the temporal random jitter error
in the EC-theory. To calculate the output of the binaural processor, the values of
the time delay error caused by “jitter” are taken into account by Gaussian weighted
averaging over all uncertainty:

By(rt) = expl—50x) [ expl= 75 [(uRy0) = LL(t = 7 = )| drie (3:0)

with the optimal internal delay 7 and the corresponding uncertainty value 7, from
a temporal environment around 7. The value of the standard deviation o, of the
uncertainty of temporal adjustment from EC-theory of 105 us turned out to be a
resonable choice also within the present study (see Section 3.4.1). After calculating
the absolute value of the difference signal, the resulting binaural signal is scaled
according to the size of the performed internal delay by a Gaussian weighting factor
with a standard deviation of .4 = 1ms, that means that large delay are weighted
less. Since before the detection stage an additive internal noise of constant level is
assumed to limit detection, this makes large internal delays less effective (or more
noisy). The delay-dependent scaling factor results in a decreasing signal-to-noise
ratio with increasing internal delay.

The binaural mechanisms works independently from frequency, because there are
no frequency-dependent parameters in its formulation. Nevertheless the results can
be frequency-dependent.

Altogether the following features of signal processing limit binaural noise reduc-
tion so that no perfect noise reduction is performed:

1. In monaural processing preceeding binaural processing, the sum of masker and
signal within each ear is processed in a nonlinear way (i. e. half-wave recti-
fication, adaptive compression). On the other hand the difference operation
performed in the binaural processing stage is simply linear. Therefore it can
no longer cancel out the noise in the input signal completely, even if this would
have been possible for the unprocessed input signals (acoustical waveforms),
e. g., in an NyS; condition.

2. For any given interaural relation of masker and signal the set of equaliza-
tion operations or internal interaural transformations available to the binaural
system is limited to internal interaural gain and delay. These are subopti-
mal operations for configurations when it is required to compensate for other



28 CHAPTER 3. “EFFECTIVE” BINAURAL SIGNAL PROCESSING

interaural differences than fixed I'TDs and IIDs. Examples of such configu-
rations are those with an uncorrelated noise masker (N,—y) or a masker in
an antiphasic condition (N,) in which an addition of both signals would be
optimal.

3. Imperfections in the processing caused by the jitter error leave a larger portion
of the noise masker in the binaural signal than an exact, “optimal” delay like
given in Equation 3.3.

Equations 3.3 and 3.4 describe functions of running time ¢ and the internal time delay
7. Equation 3.3 additionally depends on the internal gain factor ¢, the function in
Equation 3.4 furthermore on the parameter describing the standard deviation of the
uncertainty error, oe.

A generalized model of binaural detection should operate on a two-dimensional
time varying pattern of all admissible ¢’s and 7’s. This could be realized as a
combination of all binaural signals formed according to all maxima and minima of
the ICF. The model in the presented form is restricted to one special combination
primarily in order to save computation time. Similar to the simulation of monaural
experiments (where a preselection between different frequency channels has to be
made) it is assumed that only the channel with the best signal-to-noise ratio has
to be considered. For a low-frequency situation there are only one or two relevant
maxima or minima with a position close to zero so that selecting only the most
prominent peaks (or valleys) is certainly justified. For high-frequency configurations
this assumption has to be verified by simulations of corresponding experiments.
However, in all configurations due to compression the dependence of the signal in
the binaural channel on a special gain factor ¢ across different conditions should not
be very strong. In addition, the evaluation of interaural time differences (represented
by the appropriate choice of 7) is primarily performed in the low-frequency region.
Hence, we can assume that the current strategy of selection only one combination
of ¢ and 7 for each frequency is a sufficient approximation also at high frequencies.

For the binaural processed signals a pattern of masker alone and masker plus
suprathreshold test signal is calculated in the same way as for the monaural channels
and the difference is stored as detector signal.

In comparison to Dau et al. (1996a) the optimal detection stage is slightly
changed to work within the expanded model. For both monaural channels and
the binaural channel the correct response probability is calculated separately. The
detector uses the largest of the probabilities to decide whether the signal in the
actual trial has been detected or not5.

6Tt is also imaginable to construct a total decision variable from a combination of monaural and
binaural channels. This possibility has not been tested since the implementation using separate
decision variables for monaural and binaural channels already provided sufficient predictive power.
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3.3 Experimental method

3.3.1 Procedure and subjects

Data from binaural detection experiments and from corresponding simulations are
presented. Experimental data is partly from own measurements described below,
partly from the literature.

Binaural masked tone thresholds were measured (when measurements were per-
formed) and simulated using an adaptive, three-interval forced-choice (3IFC) proce-
dure. The noise masker was presented with defined interaural parameters in three
consecutive intervals separated by pauses of 400 ms. In one randomly chosen interval
the test-tone was added. The other intervals were leaved unchanged. The subject’s
task was to specify the interval containing the test tone. During the course of a
threshold run, the level of the test tone for each trial was determined according to a
1-up 2-down algorithm (Levitt, 1971) which results in an estimate of the test-tone
level necessary for 70.7% correct responses. The step size was 8dB at the start of
the run and divided by two after every two reversals of the test-tone level until the
step size reached a minimum of 1 dB, which was held constant through the remainder
of the track. Thresholds were defined as the median value of the last eight reversals
obtained with this minimum step size. Trial-by-trial feedback was presented during
the measurements. The procedure was repeated at least three times for each sig-
nal configuration and each subject. All figures show the median and interquartile
ranges based on these measurements. All subjects had experience in psychoacoustic
measurements and had normal hearing and were aged between 24 and 30 years.

The data of the first binaural detection experiment has been taken from literature
(Holube et al., 1995). The second experiment was performed within the framework

of this study. Data from the remaining experiments is also from the literature
(Kohlrausch, 1984; McFadden, 1968; Fassel, 1989).

3.3.2 Apparatus and stimuli

The acoustic stimuli were digitally generated using a sampling frequency of 32 kHz
and transformed to analog signals with the aid of a two-channel 16-bit D/A con-
verter. The stimuli were low-pass filtered and dichotically presented via headphones
(Stax SR-A headphones using a Stax headphones preamplifier) in a soundproof
booth. The generation and presentation of the signals was performed and con-
trolled by a SUN-Workstation using a signal-processing software package developed
at the Drittes Physikalisches Institut in Gottingen.

The masker samples were obtained by randomly selecting a segment from a 2-
s bandpass-noise buffer. The buffer containing band-limited noise was created in
the frequency domain by generating a flat amplitude spectrum within the passband
and randomizing the phases. The noise buffer of 2s was obtained after an discrete
inverse Fourier transformation.
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3.4 Results: Basic measurements and simulations
on binaural processing

3.4.1 Frequency dependence of binaural thresholds and
BMLD

An experiment performed by van de Par and Kohlrausch (experimental data pub-
lished in Holube et al. (1995)) was simulated with the approach described above.
The duration of the test tone was 300ms and it was temporally centered in the
400 ms noise masker. The test tone was presented at 125 Hz, 250 Hz, 500 Hz, 1 kHz,
2kHz, and 4kHz, respectively. The overall level of the noise masker in both mea-
surements and simulations was 70 dB SPL. Its center frequency was equal to the
signal frequency and its bandwidth was twice the test signal frequency. So the spec-
trum level and bandwidth of the masker were dependent of the test-tone frequency.
For all signal frequencies the masker bandwidth was broader than the critical band-
width of the test-tone frequency. Four normal-hearing subjects participated in the
experiment. The figures show the central values and interquartiles range of the av-
eraged data of 4 subjects (open symbols, each measurement was repeated 4 times
per subject) and 9 simulations (filled symbols), respectively.

Figure 3.4 shows the measured as well as the simulated test-tone levels at thresh-
old for the configurations NySy, NSy, and NyS, as a function of target signal fre-
quency. The corresponding BMLDs for the two dichotic configurations are plotted
in Figure 3.5. Since the overall level of the noise masker was kept constant, the
spectral level of the noise decreases with increasing center frequency. The critical
bandwidth at the test-tone frequency is increasing with center frequency but this
compensates only partly for the decreasing spectral level of the noise masker. Hence,
the energy passing the auditory filter at test signal frequency decreases with increas-
ing frequency. As a result, the NyS, thresholds decrease with increasing frequency
with a rate of roughly 1.25dB/Octave for frequencies higher than 250 Hz. This is
well in line with predictions from signal detection theory, which predicts a rate of
1.5dB/Octave (e. g. de Boer, 1966) assuming that peripheral filters have a constant
quality factor.

At low frequencies the respective thresholds in both configurations NS, and
Ny S decrease up to 500 Hz and increase again for higher frequencies. The difference
between thresholds in NyS,; and N,S, decreases with increasing frequency. For all
conditions (monaural and binaural) approximately the same threshold was measured
at a signal frequency of 4 kHz. This results in a diminishing BMLD at this frequeny
(cf. Figure 3.5).

Except for a slight threshold shift of 2 to 4dB, NSy thresholds in simulations
follow the behavior of experimental data. The predicted binaural thresholds and
corresponding BMLDs follow qualitatively the experimental data, but with some
exceptions. Starting from the minimum of measured binaural thresholds curves
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Figure 3.4: Thresholds for the configurations NoSy (<), NxSy (A) and NS, (O)
as a function of the test-tone frequency. Open symbols mark data from measurements
obtained from Holube et al. (1995), filled symbols data from simulations.

at 500 Hz, predicted thresholds increase slower than measured thresholds both for
increasing and decreasing signal frequencies as well. In simulations the threshold for
the Ny.S, configuration still decreases for frequencies lower than 500 Hz, and reaches
its minimum at 250 Hz. This holds also for the corresponding BMLD which reaches
the maximum. For 125 Hz it remains nearly constant at that level. For the N,Sy
configuration, the thresholds increase for lower frequencies but are still about 5dB
lower than experimental results.

For high frequencies, the predicted BMLDs stay above the experimental ones.
For 4kHz the NyS, BMLD is still at a level of 4.5dB. In addition, the predicted
difference of the NyS, and the N,Sp configuration between 500 Hz and 2kHz is
smaller than for the experimental data.

3.4.2 Interaural time delay of the masker

In the next experiment, the effect of external interaural time differences of the
masker on binaural detection were studied. As in the studies of Jeffress et al.
(1952) and Langford and Jeffress (1964), simultaneous thresholds for a diotic tonal
signal (Sp) were measured as a function of the ITD of the noise masker. Sometimes
such configurations are referred to with the misleading term decorrelation (by an
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Figure 3.5: Binaural masking level differences for the configurations N;Sy (A) and
NoSr (O) from 3.4 in measurements obtained from Holube et al. (1995) (open sym-
bols) and simulations (filled symbols).

external delay) which should not be mixed up with decorrelation by mixing noise
from independent noise sources. The purpose was to determine to which extent
the binaural system is able to compensate for I'TDs in detection experiments. In
the experimental configuration, the masker ITD was varied in steps of 1 ms from
0 to 9ms. In the corresponding simulations, some values in between the integer
multiples of 1 ms have been considered. The test tone had a frequency of 500 Hz
and a duration of 200 ms and was both spectrally and temporally centered in a noise
masker with a bandwidth of 1kHz and a duration of 500 ms. The noise masker was
presented with an overall level of 70 dB SPL. In order to avoid spectral splatter both
the test signal and noise maskers were gated with 20 ms Hanning ramps. Thresholds
are expressed as level of the test tone.

To produce the N,-masker the first noise sample was randomly selected from
a 2000-ms noise buffer described above. A second sample of the same length was
selected with a temporal shift of the size of the desired ITD (delayed noise). Both
samples were presented dichotically and were gated with the same Hanning ramps
so that the I'TD was coded in the fine structure of both waveforms and not in the
onset of the presented signals.

Figure 3.6 shows the experimental data for three subjects (open symbols) and
results from corresponding simulations (filled diamonds). The test-tone level at
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threshold is plotted as a function of the interaural time difference of the masker.
The point N,—ySy for no internal delay is the reference point for calculating the
BMLD (a plot would result in the same curve as in 3.6 mirrored at the 7-axis).
There is a good agreement in performance between the subjects. Thresholds of
subject ms are for several delays some dB lower than those of the other subjects, in
particular for the minima of the threshold curves which occur in the odd multiples
of 1ms. The interquartile ranges for all subjects are smaller than 2.5 dB (exception:
subject su for 7 = 4ms with an interquartile range of 3.125dB).
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Figure 3.6: Experimental masked thresholds for three subjects (open symbols) and
the corresponding model predictions (filled symbols) for a configuration with an ex-
ternal interaural time difference (N;Sy) as a function of the interaural delay of the
noise masker.

All threshold graphs show a periodic behavior with a general damping in each
cycle. In the simulated thresholds, the structure within each cycle tends to be
asymmetric: the (negative) slope for small ITDs is larger than the (positive) slope for
larger ITD-values. This behavior is consistent with experimental data from Rabiner
et al. (1966), Langford and Jeffress (1964) or van der Heijden and Trahiotis (1999).
Thresholds in simulations for values of the ITD which result in a binaural advantage
in detection (ITDs different from even integer multiples of 1 ms) are some dB below
experimental thresholds. This is the result of the scaling of the signal in the binaural
channel which has been chosen in such a way that binaural thresholds and not the
BMLDs are predicted optimally. Except for this difference, the agreement between



34 CHAPTER 3. “EFFECTIVE” BINAURAL SIGNAL PROCESSING

simulations and experimental data is very good up to masker ITDs of 7ms. The
reason why predictions deviate from measured thresholds for larger masker I'TDs is
unclear. It may result from the manner how the internal delay is restricted which
produces an inadequate internal compensation for large external delays.

3.4.3 Level dependence of binaural thresholds

An experiment to establish the relation between BMLD and signal frequency by
Kohlrausch (1984) was repeated in simulations. The test tone frequency was 300 Hz,
its duration 250 ms including 20 ms Hanning ramps (linear ramps in the experi-
ment)”. The noise masker was digitally generated, low-pass filtered at 1kHz and
attenuated to the desired overall level which was varied from 20 to 80dB (corre-
sponding to a spectrum level between -10 and 50dB/Hz for the low frequencies).
Thresholds have been simulated for the configurations NyS, and NyS, as reference.
The reference in the experiment was N,.S;.

Figure 3.7 shows results for both experiments (open symbols) and corresponding
simulations (filled symbols). The level of the test tone at threshold is plotted as a
function of masker level. In general the correspondence between experimental data
and thresholds from simulations is quite good. Larger differences occur only for low
masker levels and for one outlier for the NyS, threshold at 60 dB masker level. The
BMLDs from simulations are slightly smaller than in the experiment. Note that
simulations were performed without the highpass filter describing the ear canal and
the middle ear. Taking it into account would lead to slightly higher thresholds for
the lowest masker levels.

3.4.4 Processing of interaural intensity differences

McFadden (1968) measured binaural masked thresholds for the configurations Ny, S,
and NyS, as function of the masker level. Moreover he measured thresholds in an
NS configuration where the sum signal consisting of masker and test signal is
attenuated at one side. This configuration is denoted as N;S.. Both signals are
scaled with the same factor, i. e. the signal-to-noise ratios for each ear as well as the
interaural phase differences are the same as in the NyS; configuration. Only overall
amplitude differences across both ears were introduced. The masker was a white
Gaussian noise. In the experimental configuration, the masker spectrum level was
varied from -15 to 45 dB/Hz with a step size of 10 dB/Hz. For the N{S.-configuration
the masker spectrum level was kept constant at 45dB/Hz in one ear and varied
in the other ear. The signal was a 400 Hz tone with a duration of 250 ms and
10 ms ramps. Psychometric functions were determined for all three configurations
with a two-interval forced choice method and calculating the proportion of correct

TA configuration at a medium test-tone frequency (300 Hz) is considered here in the simulations
because the model does not account well for the binaural thresholds below about 250 Hz, c. f. see
Section 3.4.1.
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Figure 3.7: Binaural and diotic thresholds as a function of the overall masker level.
Ezperimental data from Kohlrausch (1984), with N;Sy (&) instead of NySy as ref-
erence configuration. Test-tone frequency was 300 Hz.

responses for each configuration and several signal-to-noise ratios. The signal level
which resulted in 80% correct detections was considered as threshold.

In contrast to the experimental setup described by McFadden, thresholds in the
simulations were obtained by an adaptive, three-interval forced choice method as
described in Section 3.3.1 resulting in an estimate of signal level necessary for 70.7%
correct responses. Unlike to the simulations in the previous section, the ear canal
and middle ear highpass filter was taken into consideration.

For high masker levels and a diotic masker (NySp and NyS;) the simulated thresh-
olds are approximately 10 dB higher than thresholds from the McFadden data. Since
predicted thresholds were in good agreement with experimental data in similar con-
ditions (see above) the differences between experiment and simulations are probably
due to a different level definition, threshold criterion, and/or calibration procedure
than in the McFadden data. Therefore in the simulations the range of masker

spectrum levels was chosen 10dB lower (spectrum level ranging from -25dB/Hz to
35dB/Hz) to fit the thresholds.

Figure 3.8 shows the data from McFadden (1968), Figure 3.9 the correspond-
ing results from simulations. The upper panels in both figures show the masked
thresholds as a function of the masker spectrum level. For the N}S. configuration
(pentagons) the signal level at threshold in the ear with the higher masker level is
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plotted as function of the lower masker spectrum level presented in the other ear.
Since the masker spectrum level at one ear was kept constant, the x-axis can as the
shifted IID (upper x-axis). This way of plotting is chosen since thresholds can be
better compared with the NS, reference condition at the highest masker level. The
horizontal dashed lines indicate the reference thresholds for the NjS. configuration:
the upper line for the NySy at the highest masker level, which is the reference point
to calculate the BMLD, and for NyS, which is the lower limit for the threshold
curve. The lower panels show the corresponding BMLDs for NyS, and NJS..
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Figure 3.8: Fxperimental data from Mec-
Fadden (1968).  Level dependence of
masked thresholds for the configurations
NoSo ,NoSy and N§S. (upper panel) and
corresponding BMLDs (lower panel). See
text.
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Figure 3.9: Simulated thresholds (up-
per panel) and BMLDs (lower panel) for
same configurations as in Figure 3.8. Si-
mulations performed with internal ampli-
tude adjustment for the N§S. configura-
tion.

Except from the different range of masker levels and apart from the low masker
levels there is a good agreement between experimental and and simulated thresh-
olds. With increasing masker level, simulated thresholds do not reach the same
absolute thresholds in quiet as in the experiment. They stay about 7dB (NySy)
and 9dB (NyS;) above thresholds from human observers. The transition between
maximum BMLD (difference between both curves) and minimum BMLD with de-
creasing masker level is smoother for the experimental data than in the simulated
thresholds. The predicted thresholds for NJS. are in good agreement with the ex-
periment. Both have the same sigmoid shape and show significant BMLDs up to
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IIDs of 40 dB. The simulated threshold curve performs a slightly steeper transition
between both endpoints of the curve.

3.4.5 Forward masking in binaural and monaural configura-
tions

Fassel (1989) and Kohlrausch and Fassel (1997) measured masked diotic and di-
chotic thresholds in forward masking configurations for several masker durations
and levels. The signal was a 10 ms tone pulse 500 Hz shaped with Hanning ramps.
In the experiments the masker was a frozen noise sample with a flat bandpass spec-
trum between 20 and 1000 Hz. Since the original noise sample was not available
in the simulations, running noise was used. For masking experiments performed in
broadband noise (broader than the critical bandwidth) there is no large difference
between frozen and running noise configurations (masked threshold differ less than
2dB). The noise masker was presented at an overall level of 70dB SPL in NS, and
Ny S configurations as well as 55dB for the NySy configurations. This corresponds
to a diotic situation in which the simultaneously masked thresholds are at an equal
level as the NyS, thresholds at the higher masker level.
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Figure 3.10: Experimental thresholds from binaural and monaural forward masking
experiments. Results are from Fassel (1989) for one subject. Thresholds are plotted
as a function of the relative temporal position of the end of the test tone relative to
the end of the noise masker.
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Figure 3.10 shows the experimental results from Kohlrausch and Fassel (1997).
Forward masking thresholds are plotted as function of the temporal position of the
end of the test signal relative to the end of the noise masker. A test signal presented
at Oms is just still completely within the noise masker.

The NySy (-15dB) and NyS; threshold curves appoximately show the same val-
ues in simultaneous masking (temporal positions < 0ms), but diverge in forward
masking. The diotic curve is steeper for delays up to 20ms, and remains about
six dB below dichotic thresholds. The diotic curve for the higher masker level in
forward masking starts also with a steeper slope than the NyS; curve. Both curves
converge at about 20 ms.

Figure 3.11 shows the results from the corresponding simulations of the three
configurations. The main effects and the general course of the three curves are the
same as for the experimental data: NySy (-15dB) and NyS, curves starting from
an equal level in simultaneous masking diverge in forward masking, NSy and NyS;
thresholds for the same masker level converge in forward masking. Over the whole
range of signal positions, thresholds are some dB lower than in the experiment. Also
the slope of all three simulated curves is flatter for the first 30 ms. In addition, the
range over which diotic and dichotic thresholds approach in forward masking for the
same masker level is slightly larger (about 3040 ms) than in the experimental data
(20 ms).
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Figure 3.11: Results from the simulations of the forward masking experiments in
Figure 3.10.
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3.5 Evaluation of the model structure and “critical”
model parameters

The binaural processing model proposed here is able to simulate several different
binaural detection experimentsto a satisfactory degree with a comparatively simple
add-on to a pair of models of the “effective” monaural processing. Since the re-
spective role of each processing element in the binaural model can not be identified
beforehand, a more detailed analysis is given below. It also will be considered which
general conclusions about binaural signal processing in the human auditory system
can be drawn from the interaction between experimental findings and theoretical
models of the experiments considered here.

3.5.1 Influence of jitter vs. role of neural transduction

The most plausible reasons that may account for the limited efficiency of binaural
interaction in high frequency configurations are the loss of neural phase locking,
an increasing “critical” bandwidth or a binaural mechanism which is less effective
with increasing frequency. The first two properties are already modeled by the
respective monaural processing units which include a model of neural transduction
and a gammatone filterbank, respectively.

To assess the relative contribution of the different stages of signal processing, a
systematic variation of those model parameters and model properties was performed
that directly influence the accuracy of the binaural processing unit.

First, the simulations of the frequency dependence of thresholds have been re-
peated with a modified model in which the binaural processor is assumed to work
with a “perfect” mechanism of noise reduction (without averaging over a range of
internal delays, that means according to Equation 3.3). The remaining processing
stages were left unchanged. Figure 3.12 shows results from these simulations with
the modified binaural processing unit in comparison with the experimental results
(the same as in Section 3.4.1). The results from simulations (filled symbols) are
presented with their medium value and interquartile range from five simulations for
each point. The signal in the binaural channel is scaled in such a way that the
results from simulations in the NyS, configuration at 500 Hz fit approximately the
corresponding masked threshold for human observers. Thus, the simulated binaural
thresholds at this frequency are slightly lower than in Figure 3.4.

In Figure 3.12 the shape of the simulated N, Sy- and NyS,-threshold curves show
much less variation across frequency than the experimental data and the simulations
performed with time jitter (cf. Figure 3.4). In particular thresholds are too low at
high frequencies indicating a higher binaural efficiency in the model than actually
observed in the data. At frequencies below 1kHz threshold agree quite well with
simulations in Figure 3.4. Obviously, the uncertainty in binaural processing has no
influence for low frequencies, since the interaural phase of the ear signals does not
change significantly in the range covered by the time jitter.
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Figure 3.12: Frequency dependence of masked thresholds for the same configura-
tions as in Figure 3.4. FEzperimental data is plotted with open symbols. Simula-
tions (filled symbols) have been performed with a binaural processor which is imple-
mented without random jitter. The peripheral low-pass filter is of 2" order with
feut-off = 1 kHz (see text).

The second stage in signal processing which limits binaural detection is the syn-
chronization low-pass filter describing loss of neural phase-locking. To assess the
influence of this stage on binaural detection performance, the same simulation as
before (binaural processor without processing uncertainty) was repeated with a low-
pass filter with a lower cut-off frequency (650 Hz) and a higher order (5" order)
than in the original simulations. Such a filter would reduce more of the waveform
fine-structure in the transduction process and leaves less information available at
high frequencies. The results of the simulations are plotted with filled symbols in
Figure 3.13 together with the experimental thresholds (open symbols). Again, the
medium values and interquartile ranges from five simulations is presented. Com-
pared with the results from Figure 3.12, there are nearly no noticeable differences
apart from a slight shift in binaural thresholds. This shift results from the changed
characteristic of the low-pass filter since it reduces more of the signal energy avail-
able in high frequencies available at the output of the respective peripheral filter
and hence deteriorates the performance. Since the observed shift is independent of
center frequency, the decreasing efficiency of binaural unmasking at high frequen-
cies can not be explained by the model on the basis of the removal of the signal fine
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Figure 3.13: Threshold curves from experimental data (open symbols) and simula-
tions (filled symbols) for the same configurations as in Figure 3.12 (binaural proces-
sor without random jitter) but with peripheral low pass-Filter with feyop = 650 Hz
of 5™ order.

structure alone in combination with an appropriate peripheral bandwidth (which
has not been considered here).

A higher order and steeper synchronization low-pass filter was also estimated
in physiological and psychophysical studies. Weiss and Rose (1988) measured the
frequency dependence of synchronization of cochlear nerve fibers in different auditory
receptor organs. The transfer characteristics are described by synchronization low-
pass filter functions. The order of these filters was between 4 and 6, the cut-off
frequency varied from 340 Hz to 2.5kHz. These values motivated the parameters
employed in Figure 3.13.

Bernstein and Trahiotis (1996) obtained similar results for human listeners de-
scribing their experimental data from binaural detection experiments. They mea-
sured the percent correct [p(c)| as a function of signal-to-noise ration for several
center frequencies. In order to predict the percent correct they used the normalized
interaural cross correlation coefficient of a half-wave, square-law rectified and low-
pass filtered version of the ear signals. They obtained the best fit of experimental
data with a 4" order low-pass filter with a cut-off frequency of feuron — 450 Hz.

Figure 3.14 finally illustrates two different effects of changing two more model
parameters that show a significant effect only for high or low center frequency, re-
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spectively. A steeper low-pass filter after half-wave rectification. 4" order instead of
5 order as used before combined with a binaural uncertainty in temporal equaliza-
tion (“time jitter”), which primarily affects the high-frequency range. Furthermore,
the range of available internal time delays has been restricted to 3 ms (realized
as described in Section 3.2.3), which only affects binaural low-frequency thresholds.
The modifications have been employed in one single simulation since their respective
influence can be restricted to different frequency ranges. In comparison to Figures

Threshold [dB]

125 250 500 1000 2000 4000
Test tone frequency [Hz]

Figure 3.14: Influence of the uncertainty in binaural processing in combination
with a low-pass filter of 4™ order after half-wave rectification. The range of available
internal delays has been restricted to =3 ms. Interaural configurations are the same
as in Figure 3.12.

3.12 and 3.13,the BMLDs at high frequencies are better predicted. At 4kHz, the
BMLD is even too low. This effect may be due to the restriction to only one internal
time delay in combination with the 4" order low-pass filter. The usage of only one
time delay may be too strict for the high frequency configurations, since there are
several maxima of the ICF at ITDs close to zero with similar function values avail-
able. The optimal combination of binaural signals resulting from different possible
internal delays might therefore improve binaural thresholds in high-frequency config-
urations, when peripheral transduction leaves a sufficient amount of fine-structure.
Hence, a low-pass filter of a higher order and with a lower cut-off frequency than
applied in the monaural model might yield adequate binaural thresholds.

In the low-frequency range, the predicted thresholds for an N, S, configuration
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can be fitted quite well by restricting the range of available internal delays. How-
ever, the thresholds for NyS, are not changed. The restricted size of the internal
delay cannot be made responsible alone for deviations of predicted and experimen-
tal thresholds at low frequencies for the following reason: For a signal frequency of
125 Hz and 250 Hz, the predicted N, Sp-threshold coincidences with the experimen-
tal threshold by restricting the range of possible internal delays. An internal delay
of a half of the period of the signal (of the frequency f.) is required for an N, Sy
configuration to perform an optimal noise reduction in the subsequent cancellation
stage. A smaller delay would result in a suboptimal noise reduction. This is not
the case for the NyS, thresholds where a zero internal delay is required which is
always available. Hence, the restriction of the delay does only account for parts
of the experimental data a further mechanism different from a noisy delay has to
account for the discrepancy found at low frequencies.

3.5.2 Processing of level and IIDs

This section investigates the influence of monaural compression of stationary signals
and of the peripheral noise on the performance of the binaural model in situations
where threshold are determined as a function of the masker level and of the masker
[ID. To this end, simulations of the experiment performed by McFadden (1968)
(already described in Section 3.4.4) were repeated without employing peripheral
noise and without internal gain adjustment.

Apart from the low-frequency behavior, the model reproduces experimental per-
formance quite well. Deviations occur when masked thresholds are close to absolute
threshold where the model performance of the model is determined by the middle
ear highpass filter and the peripheral noise. Several factors may be responsible for
this behavior. For instance, the peripheral stages of the model do not take into
consideration the level dependence of the auditory filter shape. From masking ex-
periments utilizing a spectrally notched-noise paradigm where the signal is placed
asymmetrically in the notch and from physiological tuning curves it is known that
auditory filter are sharper tuned in at low levels and getting broader with increasing
level. For the model performance this would mean that less of the masker energy
falls in the filter and thresholds were lower. Assuming that the peripheral noise is
also filtered in the auditory periphery, even the absolute threshold would be reduced.
As a second factor, the influence of the peripheral noise has to verified.

Simulations of the McFadden experiment performed without peripheral noise
demonstrate that decorrelating noise is necessary to describe binaural thresholds at
low masker levels correctly. Results from such simulations are plotted in Figure 3.15
(masked thresholds in the upper panel and BMLDs in the lower one). Both NS, and
NSy absolute thresholds (the asymptotic value of threshold for low masker levels)
are some dB lower than in the simulations in Figure 3.9. The difference between
absolute thresholds at low masker levels, which is also present in the experimental
data, does not occur. It can be interpreted as binaural threshold in the uncorrelated
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peripheral noise. In contrast to experimental results, with increasing masker level
the simulated NyS, thresholds drop to a minimum lower than absolute threshold
at -5dB/Hz, where the BMLD is already close to its maximum. The binaural
processor achieves maximal efficiency shortly after it receives some input. For the
“undershoot” of NyS, thresholds with increasing masker level a kind of stochastic
resonance® might be responsible. This effect can only be removed when a sufficiently
large amount of (peripheral) internal noise is added to the signal processing in the
model®. In the experiment, the BMLD increases gradually over a input range of
40 dB.
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Figure 3.15: Predicted thresholds (up-
per panel) and corresponding BMLDs
(lower panel) for the same configurations
as in Figure 3.8. Simulations performed
without decorrelating peripheral noise.

Figure 3.16: The same predicted thresh-
olds and BMLDs as in Figure 3.15. Si-
mulations for the N|SL configurations
were performed without internal gain ad-
Justment.

Another important and interesting aspect of binaural signal processing in the
configuration with stationary interaural level differences is the influence of the in-

8Stochastic resonance can be defined as a cooperative effect occurring in nonlinear input-output
systems, in which a weak periodic signal interacting with large fluctuations leads to a large ampli-
fication of the periodic signal component in the output signal (cf. Wiesenfeld and Moss (1995) or
Narins et al. (1997)).

9Simulations with different shapes of the input-output-characteristic of the binaural processor
(instead of a full-wave rectification) have been tested. This can for instance describe a reduced
sensitivity of the binaural system at low signal levels. For tested characteristics the “undershoot”
in thresholds with increasing masker level was preserved.
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ternal equalization of those differences. As it has been described in the previous
chapter, in the internal adjustment only the long-term average of the masker energy
is taken into account. Due to the nonlinearity of the adaptation stages the equal-
ized signals become more dissimilar with increasing masker 1ID such that after the
cancellation step a significant portion of the masker still remains.

Because of the almost logarithmic compression of the stationary part of signals
their internal representations have already a similar RMS-value. The question is,
how much compression alone contributes to the model’s behavior. Therefore the
simulation of the experiment from McFadden (1968) has been repeated without
adjusting the average amplitude of the internal representations of the ear signals.
The result are plotted in Figure 3.16. The predicted N|}S,-threshold curve does
not differ very much from the thresholds in Figure 3.9 (with internal gain adjust-
ment), especially the endpoints of both curves are corresponding. The slope of
the threshold curve is slightly flatter than for these with internal adjustment. The
effect of equalization on predicted thresholds is very small, thresholds in Figure 3.16
correspond even slightly better to the experimental data. Following these results,
monaural compression provides a sufficient “normalization” of input signals to en-
able the model to deal with the large input range and to explain binaural detection
data concerning masker input levels and IIDs. In the present model of binaural
processing it can even take over the role of the equalization of the signal amplitude
in the EC-model.

A quantitative measure how IIDs are represented on an internal level are the
g-factors from Equation 3.2 which define the internal scaling factors r, = ¢ and
l, = 1/q for the right and left ear signal. The ¢-factors occurring in the simulations
for the McFadden-experiment are listed in Table 3.1 for the IIDs investigated in the
simulations. Each factor is the average values calculated for five internal represen-

‘ IID [dB] H q ‘ Gstat ‘
60 0.8965 | 0.8977
50 0.8969 | 0.9140
40 0.9046 | 0.9306
30 0.9339 | 0.9475
20 0.9645 | 0.9647
10 0.9852 | 0.9821
0 1 1

Table 3.1: q-factors occurring in simulations of the experiment from McFadden
(1968). The factors are defined in Equation 3.2 used to adjust the RMS-values of
the internal representation of the right and left ear signal (see text).

tations of independent noise samples (middle row). The values for the small and for
the large investigated IIDs are close to the value ¢4, one would expect for purely
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stationary (constant) input signals (right row). This can be interpreted as follows:
when the external masker IIDs are small the internal representations for both ear
signals are similar in their temporal fine structure. With increasing IID apart from
the deviating RMS-values because of the nonlinear processing also the fine structure
becomes different for both ear signals. For large IIDs the ear where the masker
with the lower level is presented the representation is a constant determined by the
constant value describing the hard threshold criterion before the first adaptation
loop. In this case ¢ becomes exactly equal to gsgat.

The decrease in BMLD with decreasing overall level of the masker has been
investigated in many studies (Hirsh, 1948; Dierks and Jeffress, 1962; Dolan, 1968;
McFadden, 1968). A common explanation of the masker level dependency of the
BMLD is based on additive, partly uncorrelated internal noise to both ear signals.
Robinson and Jeffress (1963) had shown that the size of BMLD as the interaural
correlation of the external, experimentally controlled noise masker decreased. As the
external noise level is lowered, the interaurally decorrelated internal noise constitutes
a larger proportion of the effective masking noise and lowers the size of the BMLD.
Dierks and Jeffress (1962) fitted an internal noise with an interaural correlation of
0.25. McFadden (1968) stated a value of 0.35. Yost (1988) used a correlation of 0.30,
and he estimated the level of the internal noise as 29 dB with supraaural headphones
and 22 dB with insert phones which is in line with other studies, (e. g. Berger, 1983).
All studies considered the overall level of the external masker and internal noise, but
not the energy within the respective critical band.

The values of the fitted interaural correlation of the internal noise and the high
level of the internal decorrelating noise (compared to the level employed in the
present model) may be a consequence of the fact that the underlying model descrip-
tion does not incorporate a monaural threshold.

The treatment of signal intensities and the origin of BMLDs within the binau-
ral model of the present study is different. It is a cumulative effect of an absolute
threshold, peripheral additive noise, compression and internal noise. Since the model
incorporates an absolute threshold, the range of masker levels for which the binau-
ral processor receives input has a lower limit. On the other hand the energy of
the internal representation do not show a strong dependence from external masker
energy because of the approximately logarithmic compression of the stationary part
of the signal. Assuming that a constant portion of the noise masker is canceled by
binaural processing, the signal level at threshold shows also no strong dependence
on the external masker level. Since the resolution of the model is restricted by a con-
stant internal noise (which is different from the EC theory), also binaural thresholds
should show a linear dependence from masker level (both in dB). For low masker
levels the decorrelation described in Section 3.2.3 becomes relevant so that the sum
of external and internal noise cannot be removed completely.

The description of absolute thresholds in the model by an effective description of
the ear canal and the middle ear transduction together with decorrelating internal
noise yield predictions for absolute thresholds which are some dB too high in the low-
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frequency range. Deviations from experimental data may results from inadequate
descriptions of both features. So the utilized highpass filter has as steeper transfer
function in the low-frequency range than absolute threshold. Furthermore, additive
peripheral noise might be a description which is too simple to describe internal
decorrelation.

To improve the predictions for the thresholds as a function of masker level,
internal noise could for instance be considered between more adaptation stages. This
can be seen as follows: Peripheral noise (internal noise added before any compression
takes place) influences solely thresholds for a low masker level. Internal noise on the
level of the optimal detector (after compression) describes the resolution of the model
and changing its level shifts all threshold curves on the whole. Therefore noise added
on intermediate stages should result in an decreasing influence on masked thresholds
with increasing masker level, which could cause a smoother decrease of the BMLDs
as a function of masker level (cf. Figure 3.9). Of course also a different kind of
internal noise than additive noise might be a more appropriate description, e. g.
multiplicative noise.

3.6 Discussion

The presented model of the “effective” binaural signal processing is able to account
well for the chosen “critical” experiments. The main differences between experimen-
tal results and predicted simultaneous masked thresholds occur for very low and
high frequencies (f = 125Hz and f > 2kHz). For the low frequency condition the
predicted NySp-threshold is 5dB too low (if one considers the complete shape of the
simulated threshold curve relative to experimental data). This might have its cause
in the formula used to calculate the bandwidth of the peripheral low-pass filters in
Equation 3.1. The critical bandwidth below about 500 Hz derived from psychophys-
ical experiments differs between several studies. Zwicker (1961) and Zwicker and
Terhardt (1980) estimate the critical bandwidth below 500 Hz at a constant value
of approximately 100 Hz whereas the formula of Moore and Glasberg results in a
critical bandwidth of 38 Hz for a characteristic frequency of 125Hz. This value
was adopted in this study. However, a larger critical band would result in higher
thresholds since more noise falls into one filter.

The predicted BMLDs for the lowest frequency show large deviations from that
of human observers. A similar experimental behavior has been observed in many
binaural low-frequency conditions, for instance the dependence of BMLDs in a NSy
configuration from interaural phase for large ¢’s (Rabiner et al., 1966) or in NS,
(Jeffress et al., 1962) configuration. In these conditions the performance of thresh-
old as a function of the interaural parameter of the noise masker is referred to as
“flattening” (threshold curves show less variation and saturate earlier when the in-
teraural parameter is increased). This behavior cannot be explained completely by
the (monaural) peripheral bandwidth. Broadening the peripheral bandwidth from
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38 Hz to 100 Hz would merely result in both an increase of monaural and binaural
thresholds as of about 4.2dB. A part of the overestimated BMLDs for low frequen-
cies in simulations may result from a frequency dependence of the compressive and
adaptive mechanism that was assumed to be the same for all characteristic fre-
quencies in the model’s signal processing. However, physiological and oto-acoustic
emission studies (Cooper and Rhode, 1997), that are in contrast to the assumption
stated above, show that the auditory system seems to be less compressive for very
low frequencies. In combination with a higher absolute threshold such a loss in
compressive properties at low frequencies could be responsible for a small BMLD.
In psychophysical detection experiments (Kohlrausch, 1984) investigated whether
the increased absolute (monaural) threshold for low frequencies could be responsi-
ble for reduced binaural unmasking. He found the higher absolute threshold not to
be sufficient and concluded that in these configurations the binaural system itself
seems to work less efficient.

In modeling the binaural mechanism it has been assumed that it is independent
from frequency. This can be justified from experimental results. van de Par and
Kohlrausch (1997) constructed so-called “transposed” stimuli, which were centered at
4 kHz but designed to preserve in the envelope the fine-structure of lower frequencies
(125 and 250 Hz). Their results supported the hypothesis that binaural processing is
very similar at low and high frequencies and that frequency-dependent differences in
BMLDs probably reflects the inability of the auditory system to encode the temporal
fine-structure of high-frequency stimuli.

The range of available internal time delays is in good agreement with result of
a study from van der Heijden and Trahiotis (1999). They performed experiments
employing both a delayed masker and signal and, additionally, a masker consisting
of the sum of two independent noises having interaural delays of equal magnitude
and opposite sign. They could describe their results with an EC-type model with
operative internal delays up to approximately 750 us. Internal delays of larger mag-
nitude up to 2 or 3ms are probably also operative but degraded to some degree,
that means that their application introduces noise. These findings and the results
about the range of available delays in the present study seem to be consistent with
physiological studies from Kuwada et al. (1997). They suggest a reduced density of
neural elements available for the processing of larger delays.

Fassel (1989) and Kohlrausch and Fassel (1997) discussed their experiments from
forward masking experiments for NySy and NyS, configurations for different masker
levels in the framework of cooperative effects of monaural adaptation and binau-
ral processing and the relative order of these processing stages. The existence of
a BMLD in nonsimultaneous masking is difficult to explain by present theories of
binaural interaction. Kohlrausch and Fassel (1997) discussed their results in the
framework of the monaural model of signal processing, which is also the basis of
the present study. Binaural interaction which takes place before adaptation stages
would lead to a adaptation to different effective masker levels for diotic and dichotic
conditions, since the masker level is reduced by the binaural processor. Binaural
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forward masking curves described by a model consisting of a binaural processor
preceding adaptation would start, in contrast to their results, at a lower threshold
value and decay more slowly than a diotic threshold curve, i. e. the BMLD would
decrease continuously in forward masking conditions. Kohlrausch and Fassel (1997)
concluded that adaptation precedes binaural interaction. For a temporal test-tone
position within the masker, binaural interaction results in lower dichotic threshold.
For positions after the masker the BMLD collapses within a few milliseconds, for
which fine structure of the masker signal is still available in the internal represen-
tation because of the ringing of the peripheral filters. After that time, the dichotic
and diotic thresholds become the same. The course of the threshold curve in the
simulations is in both conditions dominated by the time constants of the adaptation
loops.

/ internal delay axes \

P , input from
p \ \ri ght ear

\j '
% output to higher stages \

internal delay

Figure 3.17: Integration over a range of internal delays within the model in the
concept of delay lines. Within the upper plane integration along continuous lines
15 tllustrated for three different optimal delays. Delay lines receive input from right
and left ear for the same characteristic frequency. Fach cancellation element can be
parameterized by its internal delay and its CF which is outlined by the lower plane.

The uncertainty in binaural processing reduces fine structure information in the
binaural channel by smearing it over time. It is implemented similar to the “jitter
error” in the Equalization and Cancellation Theory but in this description of binaural
processing no actual random jitter is introduced (in a sense of equalization as a
realization of a random process with internal delay as random variable). No error
in performing the cancellation process is implemented. In the EC theory, the time
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jitter can be interpreted as taking its effect into account by a temporal average over
a complete ensemble of stimulus representations since no explicit stimulus waveform
is considered. In the realization within the present model, temporal averaging takes
place for each single stimulus representation. In the concept of a binaural place
mechanism realized by delay lines, this could be realized by an spatial averaging
over a limited range along each axis. This concept is visualized in Figure 3.17.

The uncertainty variable 7., in interaural temporal adjustment is assumed to
follow a Gaussian distribution. The Gaussian distribution is chosen as a simple
representation and following the EC theory. Its standard deviation .., — 105 us
has the same size as the temporal jitter in the EC theory and has proved to be
a reasonable choice. Larger values of 0., change the shape of threshold curves in
NoS,; and N,Sy-configurations such that the BMLDs for 1 and 2kHz become too
small compared with threshold curves from human listeners.

In terminology of neural information processing the working method of the bin-
aural processor in the present model can be described as realizing a straightforward
connection of the right and left pathway in an excitatory-inhibitory (EI) manner. In
this context, cross-correlation models can be considered as realizing an excitatory-
excitatory (EE) connection of ipsilateral and contralateral representations of input
stimuli. Both types of binaural neurons can be found in subclasses of neurons in the
mammalian auditory pathway (Pickles, 1988; Caird and Klinke, 1983). Utilizing an
EI-mechanism enables the model to deal with interaural level differences without
that it is required to normalize the ear signals carefully with the signal energy which
is necessary for cross-correlation models. Large inherent noise fluctuations can be
cancelled out while leaving the test signal unchanged.

3.7 Summary

A model describing the effective temporal binaural signal processing combining con-
cepts of both monaural and binaural signal processing accounts quantitatively for
several aspects of binaural detection in broadband noise in simultaneous and nonsi-
multaneous configurations. The effects of center frequency, external interaural time
delay, masker level, interaural level differences and temporal separation of masker
and test signal on masked thresholds and BMLDs as well are predicted reasonably
well with one set of model parameters. High frequency performance of the model
can be attributed mainly to an uncertainty in binaural noise reduction. In con-
trast to assumptions in the literature, it can not be explained completely in term
of a release from synchronization in peripheral transduction for high frequencies.
Monaural compression of stationary parts of the ear signals provides a reasonable
treatment of masker level and an approximate equalization of stationary interaural
level differences.



Chapter 4

Spectro-temporal processing in
binaural detection: Experiments and
models

Abstract

The influence of spectral resolution and temporal processing in the auditory system
on the performance of human subjects in binaural detection experiments is studied.
The model of binaural signal processing described before is used to predict the exper-
imental results both from the literature and from own data. The model accounts for
the results of various binaural detection experiments in which the interaural param-
eter variations influence detection behavior in the frequency domain. The binaural
model is able to integrate information across frequency by a linear combination of in-
formation across different critical bands. Temporal processing is mainly determined
by the temporal properties of the monaural preprocessor. The difference between the
effective “binaural” auditory filter bandwidth derived from different experiments are
discussed within the framework of the present model. In addition, the model ade-
quately describes binaural test tone integration as a spectral effect by assuming that
binaural detection (of short test tones) also occurs in adjacent frequency channels.
Taken together, a wide range of spectro-temporal effects in binaural detection can
adequately be modeled using only a limited set of parameters and assumptions in the
current model.

ol
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4.1 Introduction

An important aspect in psychophysical and physiological research is the frequency
resolution of the auditory system and the concept of critical bands has become an
established tool to describe data from a large class of psychoacoustical and physiolog-
ical experiments originally proposed by Fletcher (1940) following ideas of Helmholtz
(1868). He assumed that the auditory system performs a spectral decomposition
of sound signals. This concept was physiologically confirmed by findings from von
Békésy (1960). It describes the peripheral auditory system by a bank of linear band-
pass filters with overlapping passbands. These bands restrict spectral resolution of
the auditory system, since adjacent frequency components are processed in common
in one channel. The filterbank concept reveals in a great variety of different spectral
masking experiments, loudness summation (Zwicker et al., 1957) or even modulation
detection (Sek and Moore, 1994). All these experiments lead to similar estimates of
the critical bandwidth.

One way to estimate the shape of the auditory filters is a masking experiment,
where the tonal signal is centered in a spectral notch of a noise masker as described
by Patterson (1976). Results from notched noise masking experiments and from au-
ditory nerve recordings utilizing the reverse-correlation (revcor) technique (de Boer
and de Jongh, 1978) can be modeled in terms of a gammatone filterbank Patterson et
al. (e. g. 1987); de Boer and Kruidenier (e. g. 1990) and are in good agreement with
each other. The derived filter shape also accounts for results from spectral masking
configurations quite different from the original notched noise experiments: Using the
monaural model of the “effective” auditory signal processing Verhey and Dau (1997)
and Verhey (1998) could describe results from bandwidening and notched noise con-
figurations as well. Derleth and Dau (1999) could describe masking patterns for
sinusoids and narrow band noise for several masker-signal combinations.

In contrast, in binaural signal detection experiments there exist contradictory
results concerning the “effective” critical bandwidth in different configurations. Sev-
eral studies (Bourbon and Jeffress, 1965; Hall et al., 1983; Zurek and Durlach, 1987)
used a bandlimited noise procedure in which the signal threshold was determined
as a function of the masking noise bandwidth. All studies indicate poorer frequency
resolution for dichotic presentations compared to NySy. Estimates for the binau-
ral spectral integration bandwidth are a factor 2 to 3 larger than in a comparable
monaural case. Furthermore, within the bandlimited noise procedure, the estimated
3dB bandwidth is highly dependent on the noise level. The frequency resolution
improved with decreasing noise level such that for low masker level the estimated
binaural critical bandwidth matches the bandwidth estimated in NyS, configura-
tions (Hall et al., 1983). In addition, Hall et al. (1983) used a bandstop procedure
and measured the dependence of masked thresholds as a function of the notchwidth.
In contrast to the bandwidening experiment, the estimated critical bands showed no
strong dependence from masker level and did not suggest large differences in critical
band estimates between monaural (NySp) and binaural (NyS;) configurations. This
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coincidences with estimated binaural critical bandwidths derived from noise maskers
with frequency dependent interaural parameters (e. g. Kohlrausch, 1988; Kollmeier
and Holube, 1992).

This discrepancy opens the question whether the peripheral filterbank concept
successfully employed for modeling monaural auditory processing still holds for bin-
aural auditory processing utilizing the monaural inputs from both sides. The first
part of this chapter therefore uses a model for the “effective” binaural auditory pro-
cessing (introduced in Chapter 3) to predict both experimental results from the
literature and own measurements on configurations similar to those outlined above.
Wherever necessary, the detection in multiple frequency channels is modeled which
appears a salient prerequisite for resolving the discrepancy described above.

In addition, the relation between temporal properties encountered in binaural
detection experiments and the filterbank concept employed for binaural processing
is considered in the second part of this study (apart from binaural forward masking,
the present study focused upon phenomena of binaural masking observed in station-
ary conditions). This aspect is of considerable importance for understanding and
adequately modeling the “effective” binaural auditory processing, because results
from several studies concerning binaural temporal test-tone integration in broad-
band noise were discussed in context with the assumption of different monaural and
binaural spectral resolution.

One important example is test tone integration: Blodgett et al. (1958) measured
masked thresholds of a 500 Hz tonal signal in continuous broadband noise as a func-
tion of the duration of a signal in diotic and dichotic situations. They found that
the increase in threshold for reducing the the duration of the signal below about
20ms was slightly larger in monaural (NySp, NymSm) configurations than for bin-
aural (NogS;, N.Sp) configurations. Thus, the BMLD is enlarged for short signal
durations. Green (1966) obtained similar results for a signal frequency of 250 Hz
and a broadband masker. In both studies very short rise/decay times of only 0.5 ms
were employed for the signal. If the operative critical bands were broader in the bin-
aural configurations, for very short test signal less signal energy would be lost as a
consequence of spectral splatter. Kohlrausch (1986, 1990) employed signal frequen-
cies and reduced the spectral splatter by imposing linear ramps of a duration of 5 ms
on his tonal signals, whose shortest duration was 20 ms. Nevertheless, he replicated
Blodgett et al.’s findings concerning the different behavior of thresholds for short
test signals in binaural and monaural configuration. From that he concluded, that
not different binaural spectral resolution is responsible for the larger BMLDs, but
different temporal properties of the monaural and the binaural auditory system.

In order to evaluate systematically this assumption, multichannel simulations
were performed with the binaural model. One hypothesis is that the spectral broad-
ening of short test signals is advantageous for binaural detection, since signal energy
becomes available also in adjacent critical bands even through signal energy is lost
within the center channel by reducing duration. This is not valid for the monaural
configuration, where the signal energy in adjacent filters is masked by the broadband
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noise.

In these configurations, an appropriate temporal analysis within each frequency
band (such as the modulation filterbank introduced by Dau et al. (1997a)) can im-
prove the agreement between simulations and measurements for monaural temporal
integration (Verhey and Dau, 1997). Hence, this extended version of the model was
used to simulate temporal integration data in Section 4.4.

Although such an extended model version appears to be adequate for monaural
temporal processing, the appropriate temporal behavior for binaural detection tasks
still has to be considered. In monaural and binaural forward masking experiments
considered in Chapter 3, for example, the temporal decay of masking was shown
to be dominated by the monaural “channel” for large temporal distances between
masker and probe tone and by the binaural “channel” for short distances.

4.2 Method

4.2.1 Procedure and subjects

Binaural masked tone thresholds were measured (when measurements were per-
formed) and simulated using an adaptive, three-interval forced-choice (3IFC) proce-
dure. The noise masker was presented with defined interaural parameters in three
consecutive intervals separated by silence intervals of 400 ms. In one randomly cho-
sen interval the test tone was added. The other intervals were leaved unchanged.
The subject’s task was to specify the interval containing the test tone. Within a
track the level of the test tone for each trial was determined according to a 1-up
2-down algorithm which results in an estimate of the test tone level necessary for
70.7% correct responses (Levitt, 1971). The step size was 8 dB at the beginning
of the experiment and divided by two after every two reversals until it reached the
minimum step size of 1 dB. At this value it was fixed. Thresholds were defined as the
median value of the subsequent eight reversals. Trial-by-trial feedback was presented
during the measurements. The procedure was repeated at least three times for each
signal configuration and each subject. All figures show the median and interquartile
ranges base on these measurements. All subjects had experience in psychoacoustic
measurements and had normal hearing and were between 29 and 34 years old.

The results from simulations are represented by their medium value and in-
terquartile range from at least three repetitions of every simulation.

4.2.2 Apparatus and stimuli

The acoustic stimuli were digitally generated at a sampling frequency of 22.05 kHz
and transformed to analog signals with a two-channel 16-bit D/A converter. The
stimuli were low-pass filtered and dichotically presented via headphones (Stax SR-
A headphones with a Stax headphones preamplifier) in a soundproof booth. The
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generation and presentation of the signals was performed and controlled by a SUN-
Workstation using a signal-processing software package developed at the Drittes
Physikalisches Institut in Gottingen.

4.3 Results: Influence of spectral resolution on bin-
aural detection

4.3.1 Noise maskers with combined interaural time and phase
differences

An experiment similar to the one described by Rabiner et al. (1966) was performed
and predicted with the model. An S, tone was presented in a noise masker with an
interaural time difference 7 = ¢y and an interaural phase difference ¢ = —27 fotq (fo is
the signal frequency), which means that for the test tone frequency the total interau-
ral phase difference is zero. This configuration is denoted as N;—;;, 4——2xfoto5=. The
noise masker was presented at an overall level of 73dB SPL. Figure 4.1 illustrates
the interaural phase relations in terms of the interaural phase for the noise masker.
A pure time shift would result in a an interaural phase indicated by the dashed line.
The solid line is the total interaural phase difference for the noise masker resulting
from the combination of ITD and interaural phase shift. The zero internal delay
which results in an optimal cancellation of the masker is best for the components of
the test tone frequency fy, but is suboptimal for frequencies different from f;. Since
all signal components are processed in the same channel where the same internal
time delay is applied, the components different from f, are not completely canceled.
Thus, a large external time delay reduces the spectral range around fy, where the
binaural mechanism works efficiently. The BMLD decreases with increasing delay.
An example for a larger external delay and the resulting interaural phase difference
is given by the dotted line in Figure 4.1. The dashed-dotted line shows interaural
relations for a time delay closer to zero.

Figure 4.2 shows the binaural masked thresholds as a function of the external
time delay for three subjects and the corresponding simulations. Thresholds have
been measured for ITDs from 0 to 7ms in steps of 1 ms. At the signal frequency
500 Hz this means an interaural phase shift of 0 to —77 in steps of . The reference
Ny Sp-thresholds for all subjects and from the simulations are also included in the
Figure 4.2. The results are represented by their medium value and interquartile
range from at least three repetitions of each measurement and five repetitions of
each simulation.

The difference between the threshold functions for the three subjects lies between
3 and 5dB. The interquartile range for all subjects is smaller than 3 dB. Thresholds
from human listeners decrease with increasing I'TD and tend to take an asymptotic
course against a constant BMLD for large interaural delays. The observed threshold
functions agree quite well with the results from Rabiner et al. (1966) (who used a
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Figure 4.1: Illustration of the interaural masker phase difference for the configura-
tion Ni—yy, p=—2rfotoOr- The dashed line shows the phase difference for a pure ITD
T = ty. An additional phase shift results in a zero phase difference for the compo-
nent equal to the signal frequency (continuous line). The dotted line shows the phase
difference for a larger ITD, the dashed-dotted line from a smaller ITD than t,.

different threshold estimation procedure in continuous noise at a different level as in
the present study) and the assumption of a reduced efficiency of the binaural noise
reduction with increasing external delay. The simulated thresholds show a good
correspondence with the experimental data except for the outlier at an I'TD of 4 ms.
It matches appropriately the threshold of the subject with the lowest thresholds.
Compared to the mean threshold values of all subjects, the simulated thresholds are
slightly too low, i. e. the BMLD is slightly overestimated.

4.3.2 Noise maskers with frequency dependent interaural
phase differences

Kohlrausch (1988) estimated the auditory filter shape from binaural detection ex-
periments with noise maskers exhibiting an interaural phase difference of 0 below
and of 7 above a transition frequency of f;, = 500Hz (and vice versa). The test
signal frequency was varied between 200 and 800 Hz and was presented binaurally
in antiphase, S,. These configurations are noted as Ny,S, and N,¢S, respectively.
Results from these configuration are compared with results from NySy, and NyS;
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Figure 4.2: Thresholds for the configuration Nr—y, ¢p=—orfotoSr (downward trian-
gles) for three subjects (open symbols) and predictions from simulations (filled sym-
bols). Reference thresholds (NySy) are indicated by diamonds. Values for the three
subjects are: su 56.75dB, pd and cz 58 dB.

configurations using the same probe signals and monaural masker spectra.

Figure 4.3 shows the experimental data from Kohlrausch (1988) (open symbols)
compared with results from simulations (filled symbols). For the medium value and
the interquartile range within simulations, nine repetitions of every simulation have
been considered.

Experimental threshold curves for the configurations N;(S,; and Ny,S, show an
asymptotic behavior for signal frequencies far from the transition frequency 500 Hz:
N,oS» thresholds approach NySy curves for small frequencies and NyS, curves for
large frequencies. For Ny, S, the relations are just the other way round. The transi-
tion between both curves takes place roughly between 400 and 600 Hz. Apart from
a general shift of the threshold curves (predicted thresholds are between three and
five dB lower than thresholds of human subjects) and a slightly enlarged BMLD in
the simulations for the higher frequencies, the correspondence between experimental
data and predictions is very good: the shape of the simulated threshold curves agrees
with the experiments. Especially the slope and the range in which the transition of
thresholds takes place for the N,S, and Ny,S, curves is predicted quantitatively
by the present model.
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Figure 4.3: Binaurally masked thresholds for the configurations NoSo (diamonds),
NoSy (circles), NzoSy (pentagons) and NozSr (downward triangles). FErperimental
results (open symbols) from Kohlrausch (1988) and results from simulations (filled
symbols).

4.3.3 Spectral integration in binaural detection experiments

Hall et al. (1983) measured NySg and NS, thresholds in notched noise and bandpass
noise configurations that are schematically plotted in Figure 4.4. In order to test the
role of information processing across frequency, all simulations of these experiments
have been performed considering the output of multiple off-frequency auditory filters
that are adjacent to the one with the center frequency equal to the signal frequency
and are regularly arranged on an ERB-scale.

Figure 4.5 shows the NySy and NyS, thresholds from the study of Hall et al.
(1983) and the corresponding predicted thresholds in the bandpass noise configura-
tions. Thresholds were measured for three different spectrum levels of the masker
(at 10, 30, and 50 dB/Hz). The figure shows thresholds of the sinusoidal test signal
in the presence of of a bandpass-noise spectrally centered at the signal frequency
(cf. Figure 4.4, lower panel) as a function of the masker bandwidth. The upper
panel shows thresholds from the diotic condition (NySy), the lower panel for binau-
ral conditions (NyS;). Different symbols indicate different masker spectrum levels:
diamonds 50 dB/Hz, downward triangles 30 dB/Hz and upward triangles 10 dB/Hz.
In the monaural condition, thresholds increase with increasing masker bandwidth
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Figure 4.4: Spectral arrangement of the noise masker and the test tone in the band-
widening experiment (upper panel) and in the notched noise condition (lower panel).
Parameters are the bandwidth and the notch width, respectively.

up to the critical bandwidth. A further increase does not change thresholds. In the
investigated masker level range, the critical bandwidth is level independent.

The three different masker spectrum levels are sufficiently above the absolute
threshold so that the masked threshold increas in a linear way with increasing masker
level. In the binaural condition, the general shape of the threshold curve agrees with
those in the monaural condition. However, in contrast to the monaural condition,
the derived critical bandwidth decrease with decreasing masker spectrum level. For
the masker spectrum level of 50 dB/Hz, the slope of the threshold curve is steep at
the beginning and decreases with increasing bandwidth, but the increase takes place
for for the whole range of presented masker bandwidths. With decreasing masker
level the initial slope becomes smaller and the threshold curves reach a stationary
value earlier (at 200 Hz bandwidth for a spectrum level of 30 and 10dB/Hz). For
the high levels and narrowband maskers the BMLD from human observers amounts
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Figure 4.5: Experimental data from Hall et al. (1983) (open symbols) and results
from corresponding simulations (filled symbols) for the experiment utilizing bandpass
noise in an NoSo (upper panel) and an NoS; configuration (lower panel). Masked
thresholds are plotted as function of the masker bandwidth. The parameter for the
different threshold curves in each plot is the spectrum level of the Gaussian noise
masker.

about 20dB.
The model predictions agree quite well with the observed thresholds for the NySy

configuration, a slight deviation of experimental and simulated thresholds (< 3.5 dB)
can be observed at small bandwidths below 100 Hz.

For the simulations of the NS, configuration, the general correspondence be-
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tween simulations and experiments is satisfying. Measured and simulated thresholds
are in good agreement for the intermediate masker spectrum level. However, thresh-
old curves from simulations do not show the increase of the masker thresholds over
the whole range of bandwidths for the highest spectrum level. The initial slope of
that simulated threshold curve is steeper than for human observers and it reaches
the stationary threshold value already for a bandwidth of 200 to 400 Hz. For the
lowest masker spectrum level, the simulated thresholds are slightly too low for large
masker bandwidths.

It should be remarked that the NySp-simulations are repeated for the on-
frequency auditory filter alone give the same results as the multichannel simulations
shown above, which is not valid for the NyS,-configurations. To illustrate the role
of off-frequency detection in the experiments considered here, Figure 4.6 compares
results from measurements and simulations for the bandwidening paradigm in the
NySp and NS, configuration at a masker spectrum level of 50 dB/Hz for the single
on-frequency channel version.
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Figure 4.6: Experimental data from Hall et al. (1983) (open symbols) and results
from corresponding simulations (filled symbols) for the experiment utilizing band-
pass noise in an NoSo and and NyS, configuration at a masker spectrum level of
50dB/Hz. Simulations were performed only in the on-frequency channel.

For the NySy configuration, results from simultions are unchanged compared with
the multichannel model. However, simulated thresholds for the NyS, configuration
increase much faster than experimental thresholds and reach their stationary value
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already at bandwidths of 100 Hz. Note that this bandwidth is much smaller than in
the simulations performed in multiple channels.
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Figure 4.7: Experimental data from Hall et al. (1983) (open symbols) and results
from corresponding simulations (filled symbols) for the experiment utilizing notched
noise in an NoSo (upper panel) and an NoS; configuration (lower panel). Masked
thresholds are plotted as function of the masker notchwidth. The parameter for the
different threshold curves in each plot is the spectrum level of the Gaussian noise

masker.

Figure 4.7 shows the NySy (upper panel) and NyS,; (lower panel) thresholds for
the notched noise configuration (cf. Figure 4.4, lower panel) with results from the
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corresponding simulations. The same symbols as in Figure 4.5 indicate the different
masker spectrum levels (again 50, 30 and 10 dB/Hz). For all masker levels thresholds
decrease with increasing notch width in monaural (NySy) and binaural conditions
(NpSy). The slope of the threshold curves is nearly independent of the spectrum
level. However, in the binaural condition a shallower slope as in the monaural
condition is observed. Thus the BMLD decreases with increasing notch width from
0 to 400 Hz.

The correspondence between measured and experimental masked thresholds is
very good for the NySy configurations. The behavior of the simulated thresholds in
the NyS; configurations deviates from the measured thresholds. In the binaural con-
ditions, simulated threshold curves agree with the experimental thresholds only for
no notch (0Hz), which corresponds to a broadband noise masker. For large notch-
widths simulated and experimental thresholds as well converge against the absolute
threshold. However, in the range of notchwidthes from 50 to 600 Hz, simulated
threshold decrease faster than in the experimental data. Compared with the NySy
thresholds, the simulations show an approximately constant BMLD up to a notch-
width of 400 Hz, whereas the BMLD for human observers decreases continuously
with increasing notchwidth.

4.4 Influence of temporal processing on binaural de-
tection

Test-tone integration in binaural and monaural configurations

Masked thresholds of a 500 Hz sinusoidal test signal masked by diotic (Ny) Gaussian
noise were measured as a function of the signal duration (10, 20, 40, 80, 160, and
320ms). The interaural phase of the test signal was 0 or m. The onset for all
signals occurred 100 ms after the masker onset. The signals were windowed with
5ms Hanning ramps to present the same on- and offset for all durations. The
running noise masker had a duration of 500 ms including 10 ms Hanning ramps. It
was digitally generated with a center frequency of 2.5 kHz and a bandwidth of 5 kHz
at an overall level of 77dB SPL. In the simulations the peripheral frequency on-
frequency channel was used with four adjacent channels (two with a lower and two
with a higher center frequency, all regularly arranged on an ERB-scale).

Figure 4.8 shows the level of the test signal at threshold as a function of the
duration of the test signal on a logarithmic time scale. Results of model simulations
are plotted with filled symbols, results from three subjects with open symbols. For
the measured thresholds the inter-individual variability is smaller than 4dB and
the intra-individual variability is below 2dB. Probably due to the statistics of the
external noise variability within the simulations is somewhat larger, up to 6 dB. For
the short signal durations the decrease in threshold is slightly steeper than the 3dB
per doubling the signal duration observed by Dau (1996). This is a result from
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the different rise/decay ramps utilized in both studies since Dau imposed Hanning
ramps over the whole duration of the signal, whereas in the present study short
Hanning ramps with a constant duration were applied for all signal durations. The
test signals longer than 10 ms employed in the present study contain more energy
than those in Dau’s study. Furthermore, they exhibit a stronger overshoot in their
internal representation.

In both the NyS, and NyS, configuration thresholds decrease with increasing
signal duration. The slope becomes shallower for long durations. This is in agree-
ment with the data from the literature (see above). The difference between the
unmodulated and measured data is smaller than 3 dB.

The model can replicate the test-tone integration over the whole range of signal
durations for both the NySy and NyS, configuration quite well. One deviation occurs
for the longest durations in the NySy configuration, where simulations have already
reached a stationary level. The measured thresholds still show a decrease of 2 dB.
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Figure 4.8: Masked thresholds of a signal presented in running noise as a function
of the duration of the test tone. Ezperimental results for three subjects are plotted
different with open symbols, results for simulations performed with the multichannel
model are plotted with filled symbols. Simulations performed only within the on-
frequency channel are plotted with the x-symbol.

When the simulations are repeated with the single on-frequency channel model,
predicted thresholds for the Ny.Sy configuration remain essentially unchanged. In the
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NoS, configuration (represented by the x-symbol in Figure 4.8), predicted thresh-
olds are about 6 dB higher for the smallest signal duration and about 4dB for the
20 ms signal. This shows that in these adjacent frequency channels information
about short signals is present after binaural processing. If the same signal-to-noise
ratio had been present in all five channels considered in the simulations, this would
have resulted in a threshold of about 7dB below the corresponding threshold for
a single-channel model. This difference approximately holds for the smallest signal
duration whereas the smaller difference for larger durations are due to smaller signal-
to-noise ratios in the off-frequency channels in comparison with the on-frequency
channel.

4.5 Discussion

4.5.1 Information processing within one critical band

The binaural model of the present study is able to account for effects in binaural
masking, where the spectral resolution or a combination of spectral resolution and
spectral integration of the auditory system is the limiting factor for the performance
in the detection task. The experiments described in Sections 4.3.1 and 4.3.2 and
corresponding simulations concerning spectral resolution in binaural detection tasks
were performed in broadband noise where off-frequency detection provides no ad-
vantage over detection in the on-frequency channel, i. e. the peripheral filter centered
on the respective signal frequency. Hence, these experiments can be described by
only considering one peripheral auditory filter in the model.

The “classical” way of modeling these experiments is to assume an “effective”
peripheral filter shape that operates only for the binaural conditions and to consider
the “internal” power spectrum of the masker at the output of the EC-mechanism.
Since a frequency-varying interaural correlation produces an appropriate spectral
shape at the output of the EC-mechanism, the binaural masked threshold can be
predicted by this approach by assuming a certain signal-to-noise ratio necessary for
detection.

In the framework of the EC-theory Durlach (1972) estimated from the results
of the experiment performed by Rabiner et al. (1966) which is described in Section
4.3.1 a critical bandwidth, which is in reasonable agreement with monaural critical
bandwidths for the frequencies employed. In the present study the approach was to
assume a peripheral filterform with a bandwidth adjusted to monaural masking con-
ditions and to test whether an appropriate model incorporating such a filter is able
to predict the results in this binaural experiment. The simulated threshold function
reaches its stationary part slightly earlier than the measured functions, indicating
that critical bandwidths in the model description are slightly overestimated. This is
due to the fact that for broader auditory filters already a relatively small combined
interaural time and phase shift within the channel would result in large interau-
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ral phase differences for off-frequency components that can not be canceled by the
binaural processor.

The same approach described above was used for the second experiment de-
scribed in Section 4.3.2 by Kohlrausch (1988) to estimate an auditory filter shape
(assuming that masked thresholds are only dependent on the interaural cross corre-
lation of the masker within the filter band at the signal frequency). He estimated
an equivalent rectangular bandwidth of 80 Hz for an auditory filter in the spectral
region around the transition frequency of 500 Hz (assuming that its bandwidth and
shape does not depend strongly on the center frequency), which is close to estimates
of monaural critical bands at that frequency (e. g. Moore and Glasberg, 1987).

Within the present model of binaural signal processing the argumentation is sim-
ilar, only that as binaural cue the interaural correlation of the output of the auditory
filter centered at the test tone frequency has to be replaced by the output signal of
the binaural processor, which depends upon the effective interaural correlation in
the corresponding auditory filter.

4.5.2 External and internal noise statistics in multichannel
processing

In some experiments large differences between monaural and binaural frequency res-
olution are observed. In the present study this difference was shown for the band-
widening experiment, whereas in the other experiments the same bandwidth was
observed for both monaural and binaural conditions (see above). The predictions
are expected to be very close to the “classical” model prediction if only stationary
conditions with broadband maskers and narrowband target signals are considered.
Different explanations have to be considered as soon as maskers are employed with
a strong frequency-dependent spectral shape (such as those conditions condition
exployed in the experiments described in Section 4.3.3).

To account for the wider binaural critical bandwidths in the bandwidening con-
figuration, Hall et al. (1983) suggest that notched noise and bandpass noise data
reflect different aspects of binaural frequency resolution. In wideband noise they
assume that the binaural system is not only influenced by the central auditory filter
but also by adjacent filters, i. e. a combination of information across peripheral fil-
ters. Information from these adjacent filters include no interaural differences and is
detrimental for detecting the S signal. Their influence and the number of activated
filters involved in this process are reduced by narrowing the noise bandwidth. So a
larger proportion of activated auditory filters will indicate the presence of interaural
cues which improves the detectability of the signal.

This explanation cannot account for both bandwidening experiment and
notched-noise experiment since in the latter condition the estimated critical band-
width matches approximately the monaural critical bandwidth. Hall et al. (1983)
argued, that the shallower slope in notched noise is simply a consequence of a re-
duced BMLD for low masker levels. However, assuming a different mechanism op-
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erating only in notched-noise experiments seems to be in contradiction to studies
that estimated binaural critical bandwidths using noise maskers with frequency de-
pendent interaural parameters already mentioned above, in which a relative good
correspondence between binaural and monaural critical bandwidths turns out.

Kohlrausch et al. (1998b,a) considered the role of external vs. internal noise
statistices employed in multichannel detection. They explained the difference in the
estimated critical bandwidth in dependence from the experimental paradigm with
the different cues available in monaural (or diotic) and binaural detection tasks due
to the different influence of the masker variability in both configurations. According
to Bos and de Boer (1966), monaural signal detection is based on changes in the
overall energy of the masker and it is limited by the inherent fluctuations. Assuming
the auditory system performing an averaging mechanism, increasing noise bandwidth
leads to a better estimate of the masker energy. Assuming that on the other hand
binaural detection is based on a change in interaural correlation, the statistics of the
external masker should not influence the detection cue in these situations. Following
these arguments, binaural detection can be considered as only limited by an amount
of internal noise.

As a second important difference between monaural and binaural detection
Kohlrausch et al. (1998b,a) propose the combination of information from different
auditory filters if a binaural narrowband masker is used at a sufficiently high masker
level. Due to spread of excitation in narrowband masker conditions in adjacent au-
ditory filters the change of masker correlation is available as a cue. Assuming that
the internal noise limiting binaural detection is independent for the various audi-
tory filters, combining information from several auditory filters is advantageous for
detection since it reduces the influence of the internal noise. These explanations do
not hold for a binaural broadband masker since the change of correlation in a remote
auditory filter becomes much smaller than for a narrowband masker. Thus, the de-
creasing BMLD with increasing bandwidth is a consequence of the decreasing change
of correlation in adjacent filters. In the monaural condition, signal information from
adjacent auditory filters is not advatagous for for detection for both narrowband
and broadband maskers, since the detection-limiting external noise fluctuations are
highly correlated across auditory filters. Thus, a combination of information across
these filters would not result in a statistical advantage.

These arguments can be transfered into the framework of the present model,
keeping in mind that binaural cues in the model are not expressed in terms of
interaural correlation but in the size of the output of the binaural processor which
is itself strongly depending on the interaural correlation. In the course of binaural
signal processing of the present model, the external masker is canceled or at least
strongly reduced. This eliminates or reduces also the external statistics as limiting
factor for binaural detection in narrowband conditions, so that the argumentation
above remains also valid within the framework of the model.

In the framework of the present study binaural test-tone integration is inves-
tigated in the same context of integration of temporal information across spectral
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channels. We assume, like it was discussed above for detection in narrow bands of
noise, that internal rather than external noise restricts the performance in binaural
detection experiments.

To account for the different properties of temporal processing in monaural and
binaural configurations, a modulation filterbank was introduced in the monaural
channel. Envelope fluctuations of the stimuli are considered by analyzing them
after monaural preprocessing in a modulation filterbank at the place of the integra-
tion low-pass filter. Dau et al. (1997a) showed that such an expanded version of the
monaural model of auditory signal processing improves the agreement between si-
mulations and measurements of thresholds for monaural test-tone integration®. The
binaural processor was left unchanged, i. e. temporal integration was described by
the same low-pass filter with a cut-off frequency of 8 Hz as in the simulations before.
This corresponds to the minimal assumption that interaural stimulus fluctuations
are only evaluated in the lowest modulation filter?.

Different reasons may account for the discrepancies between predicted and mea-
sured NyS, thresholds from the detection experiment using the notched noise
paradigm and, to a smaller degree, using the bandpass noise.

One possible reason for the discrepancy may be the shape of the auditory fil-
ters chosen in this study. Auditory filter shapes estimated using the notched-noise
method have been characterized as having a sharply tuned “tips” and broader “tails”
(Patterson et al., 1982; Glasberg et al., 1999). Patterson et al. (1982) used the sum
of two rounded-exponential functions to describe both sides of the auditory filter.
These wider tails are not considered by the description of the auditory filters within
the model. To investigate the influence of wider tail on the predicted thresholds
for the bandwidening and the notched-noise configurations, both experiments have
been repeated using a filterbank of 3" gammatone filters instead of 4" order filters.
The equivalent rectangular bandwidth according to Equation 3.1 was kept constant.
These filters are chosen since they represent the required properties of wider tails
and a sharper tip. The results of the simulations are plotted together with the
experimental data in Figures 4.9 (bandpass noise) and 4.10 (notched noise). For
the simulations of the bandpass noise experiment the agreement with experimental
thresholds is slightly better than in the simulation performed using the 4" order
filters (Figure 4.5). For small masker bandwidths the slope of the simulated thresh-
old curve is less steep and the increase in threshold is predicted over a larger range
of bandwidths than for the simulations performed with the 4™ order gammatone
filters, indicating the shallower slope of the 3™ order filters.

!The modulation filterbank was originally developed to account for modulation detection and
masking data

2Studies about binaural modulation are relatively scarce. Grantham and Bacon (1991) inves-
tigated binaural modulation masking and concluded that at higher modulation rates the task is
performed by listening for interaural decorrelation rather than changing IID cues. Since interaural
correlation has to be calculated over a certain temporal window, taking into account only the
longest time constants may be sufficient to describe binaural detection.
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Figure 4.9: Simulations of the same experimental bandwidening config-
uration as in Figure 4.5. Simulations were performed with a gammatone
filterbank of 8™ order filters.

Also the correspondence between simulations and experimental data for the NyS,
configuration using gammatone filters of 3" order in the notched noise configuration
is better than for the original form of the auditory filters. Results from simula-
tions are plotted in Figure 4.10. In contrast to this reconciliation of both threshold
curves the simulated and measured NySy thresholds differ significantly for the high-
est masker spectrum level and large notch widths (above 200 Hz). Again, in these
simulations the BMLD remains constant over a large range of notch widths and
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Figure 4.10: Results of simulations and experimental data of the same
notched noise experiment as described in Figure 4.7. Simulations were
performed with a gammatone filterbank of 3¢ order filters.

masker levels. Since changing the filter shape results always in a shift of both NySy
and NyS; thresholds, also simulations employing alternative filter shapes, such as

a linear combination of filters with different slope, e. g. 4" and 2"? order with the
same center frequency are not able to predict(the results for both conditions at the
same time. the simulations are not shown here). The deviation of simulated and ex-

perimental threshold curves is transferred from the binaural to the monaural curve.
We conclude that the peripheral filter form alone is not responsible for the deviation.
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Further mechanisms responsible for the decreasing BMLD with increasing notch
width could be a contralateral interaction (based e. g. on interaural correlation),
which causes an effective change in the auditory filter shape in conditions when
interaural differences are occuring.

Zurek and Durlach (1987) interpreted the wider “operational” critical bands
found in these experiment within the “classical” model in terms of spectral interfer-
ence or dominance effects. That means that there exist dominant spectral regions
when conflicting interaural information is presented to the auditory system. Further-
more they argued that interaural parameters fluctuate at a faster rate with larger
masker bandwidths. So a decreasing BMLD with increasing noise bandwidth can be
interpreted as evidence of the binaural system’s smoothing over rapid fluctuations
in interaural cues (binaural “sluggishness”, where this notion has to be understood
as a sluggishness of signal processing in the binaural canal).

It is also possible, that the mechanism of binaural noise reduction works less effec-
tive with decreasing masker energy within a critical band. In the description of the
signal processing of the present model, the exact internal delay is calculated from the
position of the maximum of an averaged version interaural cross-correlation function
of the internal representations of the masker signals. That means, that the estimate
for position of the maximum has a small error, decreasing with the number of repre-
sentations over which the pattern of the ICF is averaged. Therefore, assuming that
the calculation of the value of the optimal internal time delay happens separately for
each representation of the masker (e. g. from a running cross-correlation function)
it becomes less accurately defined. A second mechanism which enlarges the error in
performing the internal delay, is the peripheral noise. With decreasing masker level,
the influence of its internal decorrelation increases. Altogether, the maximum of the
ICF and so of the value of the internal time delay becomes a stochastic variable,
whose standard deviation increases with decreasing masker level.

4.6 Summary

Results from binaural masking experiments (from new measurements and from the
literature) were compared with model simulations of the same experiments. The
model of binaural signal processing described in Chapter 3 that combines both con-
cepts of monaural and binaural signal processing in the auditory system is able to
account for experimental results from binaural unmasking experiments where the
masker is stationary broadband noise. In this configuration detection can be re-
stricted to the on-frequency channel. For bandlimited noise, agreement betweent
experiments and simulations becomes better when additional adjacent off-frequency
channels are considered in the simulations. In the same way binaural test-tone inte-
gration can be described as spectral integration over adjacent off-frequency channels
which is possible due to spectral splatter of the short test signals. Simulated binau-
ral thresholds for tones in notched noise are too low for the range of medium notch
widths.



Chapter 5

Binaural sluggishness

Abstract

The model of functional binaural signal processing described in the previous chap-
ter in its present form does not account for erperimental configurations with time
varying interaural parameters that exhibit a “binaural sluggishness” Therefore, a
modification of the binaural processor is proposed that includes a sluggishness in
the strateqy employed for binaural noise reduction. This expanded model shows the
temporal behavior of experimental threshold curves. Additionally, the effect of a slug-
gishness in the evaluation of fast fluctuating interaural differences is investigated in
the simulation of notched noise and bandwidening experiments.
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5.1 Introduction

To investigate the transient properties of the binaural system compared with the
monaural system to one single, nonperiodic transition in the interaural phase of
the noise masker, Kollmeier (1986) and Kollmeier and Gilkey (1990) performed
various binaural detection experiments analogous to monaural forward and backward
masking situations. In a typical configuration, they observed the detectability of a
short tonal test signal in dependence to the relative position to an instantaneous
interaural phase change of the masker from N, to Ny. The signal was a short S tone.
Thresholds from this N, NyS, configuration were compared with NS, thresholds,
where the masker phase was held constant, but the masker level was lowered at
a fixed time by 15dB (noted as N;N,(-15dB)S;). The response to a change in
overall level is assumed to be governed by the properties of the temporal processing
of the monaural system. Since the level is not changed in the N;N,S, configuration,
Kollmeier and Gilkey assumed that performance is governed by the binaural system.
Kollmeier and Gilkey (1990) investigated their results in the framework of the EC-
theory in terms of effective interaural correlation within a temporal window which
integrates binaural information. They found that time constants attained from
fitting the experimental data are a factor 2-4 higher than time constants from the
corresponding N, S, experiment.

They termed the extended temporal range of the binaural response as “binaural
sluggishness”. This is in accordance with earlier studies of Grantham and Wight-
man (1979) (see review by Holube et al. (1998)). They investigated the detectability
of a short phase-inverted (S;) test signal in noise with a non-stationary interaural
correlation. The noise maskers include no monaural changes. The interaural corre-
lation was sinusoidally varied between -1 and 1. At low interaural variation rates
the BMLD follows the “instantaneous” interaural correlation within the range of the
temporal position of the test signal (the BMLD was large for interaural correlations
close to 1 and 0 for correlations near -1). With increasing rate the difference between
BMLDs for positive and negative interaural correlations decreases and disappears
for interaural variation rates above 4 Hz, which is a much lower cut-off frequency
as obtained in monaural experiments with amplitude-modulated stimuli. Grantham
and Wightman (1979) estimated from these results a “minimum binaural integration
time” of 44-243 ms.

This chapter investigates how this dynamic properties of the binaural system
can adequately be described by the model of the “effective” binaural signal pro-
cessing introduced in the previous chapters. The binaural model accounts also for
some temporal effects occurring in binaural detection experiments. As it has been
demonstrated in Chapter 3, it can replicate thresholds in binaural forward masking
experiments. If the output for multiple frequency channels is considered, it predicts
very well thresholds and BMLDs in binaural test-tone integration.

In the literature sometimes the terms of a binaural “strategy sluggishness” (Hol-
ube et al., 1998) or “analyzer sluggishness” (Kollmeier and Gilkey, 1990) are used.
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They describe the detection strategy in more complex binaural configurations, e. g.
with dynamic localization or in detection experiments with a masker with periodic
interaural correlation. A binaural processor has to monitor the output of several
channels according to different internal delays. Establishing and comparing the dis-
tribution of the output of multiple channels might result in a sluggish performance
of the total binaural system.

Since in contrast to many other binaural model the model employed in the present
study is a model of temporal signal processing, it allows to test the hypothesis of
Zurek and Durlach (1987) who assumed that the binaural system is sluggish in
the evaluation of fast fluctuating interaural differences to account for results from
binaural masking experiments in bandwidening configurations.

5.2 Results

Kollmeier (1986) investigated the temporal resolution of the binaural auditory
system in detection experiments for the transient configurations NN,S, and
NoNo(-15dB)Sp. The running noise masker was presented with a duration of 750 ms
at a reference spectrum level of 40dB SPL/Hz. The signal was a 500 Hz sinusoid
with a duration of 20 ms including 5 ms raised-cosine onset and offset ramps. Thresh-
olds were measured in a two-interval forced-choice (2IFC) procedure employing a
one up/three down algorithm. In the N.NyS; condition the interaural phase of
the noise was inverted (from 7 to 0) 375 ms after its onset. In the NoNy(-15dB)Sy
configuration the masker level was attenuated by 15dB. Figure 5.1 shows a typical
result for one subject for both configurations. The abscissa denotes the the relative
time between the onset of the test tone and the masker transition, the test tone level
at threshold is plotted on the ordinate. The 0-dB point corresponds to the subject’s
nontransient NyS, thresholds.

In the N, NyS; conditions a relatively high threshold level (about -2dB) is ob-
tained for delay times less than 30 ms relative to the masker transition. Thresholds
are at a low level (-12 to -15dB) for delay times larger than about 150 to 200 ms.
Between both delay times a continuous transition from high to low threshold levels
occurs. The corresponding decay of thresholds in the purely monaural configura-
tion NgNy(-15dB)Sy happens much faster than in the binaural configuration; the
threshold curve reaches a stationary level for a relative delay of about 50 ms.

Masked thresholds resulting from the corresponding simulations using the model
from Chapter 3 are shown in Figure 5.2. The most striking difference to the experi-
mental results in Figure 5.1 is that N NyS,; and NyNyS, threshold curves decay on
the same time scale. Additionally, the transition from high to low threshold takes
place faster than in the experiment: the binaural threshold are at the lower level
after a delay of about 30 ms. Besides that difference, the monaural threshold curve
shows an “undershoot” effect.
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5.1: Ezxperimental results from Kollmeier (1986) for the configurations
and NoNy(-15dB)Sy for one subject.
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Figure 5.2: Masked thresholds from simulations for the same configurations as in
Figure 5.1 using the model described in Chapter 3.
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5.3 Strategy sluggishness

Several reasons may be responsible for the inability of the model from Chapter 3
to predict the “binaural sluggishness” encountered in the experimental conditions
considered here. In the following, they are considered as hypotheses (a)-(d).

(a) A special “binaural” processing channel exhibiting longer adaptation time
constants than the respective monaural channels (“channel sluggishness”). In such a
channel the “effective masking level” would decay more slowly than in the monaural
channels and the observed sluggishness could be interpreted as forward masking
in this binaural channel. However, that hypothesis would be in conflict with our
model assumptions that binaural processing follows monaural processing (with the
same time constants for the monaural and binaural channel). Therefore, we discard
hypothesis (a).

(b) A longer time over which binaural information is integrated in the binaural
system compared to the monaural system. We denote this as “integration sluggish-
ness”. In the signal processing of the binaural model, hypothesis (b) can be modeled
by changing the time constant of the integration low-pass filter following the bin-
aural processor. This would result in an interaction of earlier parts of the masker
with the test tone. Figure 5.3 shows the masked thresholds from simulations per-
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Figure 5.3: Masked thresholds from simulations for the same configurations as in
Figure 5.1. Simulation were performed performed utilizing a integration low-pass
filter with a time constant of 200 ms in the binaural channel.
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formed with a low-pass filter with a time constant of 200 ms (corresponding to a
cut-off frequency of 0.8 Hz) following the binaural processor. There are only small
differences between the N,;NyS, in this simulation and the corresponding simula-
tions considered in Figure 5.2 performed with the original model. The predicted
binaural thresholds change on the same time scale as the binaural thresholds, i. e.
the temporal behavior in purely binaural conditions follows the monaural temporal
performance of the model, which are mainly imposed by the time constants of the
adaptation loops. Hence, the temporal behavior of the binaural system can not be
described by only using a prolonged binaural integration time.

5 | | |
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Figure 5./4: Simulated thresholds for the same configurations as in Figure 5.2. The
internal delay has been calculated from a delayed version of ICF of the noise masker
(see text).

(c) A simple modification of the algorithm determining the size of the internal
time delay is to include only information from the past relative to the temporal oc-
currence of the test tone to calculate the internal time delay. This can be described
by calculating the interaural cross correlation function not from the temporal posi-
tion of the test to (as described in Chapter 3) but from a range before the occurrence
of the test signal.

Figure 5.4 shows results from such a simulation for the same configurations as
in Figure 5.2. The internal delay of the binaural processor has been calculated from
the ICF of the noise maskers in the range of 60 ms before the beginning of the test
tone. The algorithm results essentially in a shift of the position of the transition
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from high towards low thresholds for the predicted N,NyS, thresholds. The size
of the shift is about 30ms corresponding to the temporal center of the window
employed for the calculation of the ICF. For that reason, we denote hypothesis (c)
as “delay sluggishness”. This performance can be explained as a consequence of
the position of the maximum of the ICF, when the temporal window in which the
correlation function is calculated, is shifted across the position of the transient in
interaural phase. The position of the maximum, and consequently the performed
internal delay, remains constant at the value of 1 ms for the first 30 ms and switches
abruptly to the value of Oms, the optimal delay to cancel the second half of the
noise masker.

(d) The results from simulations following hypothesis (c¢) propose that, in the
framework of the present binaural model, the mechanism of selecting or steering
the internal time delay itself has to be phenomenologically described as sluggish.
This might be modeled by the low-pass filtered output of a running estimate of the
optimal delay, which may itself be determined from the position of the maximum of
a running cross-correlation. To test such a sluggishness of the equalization process,
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Figure 5.5: Simulated thresholds for the same configurations as in Figure 5.2. The
internal delay has been chosen from a low pass-filtered version of the optimal delay
for the position of the beginning of the test tone (see text).

simulations have been performed in which a low-pass filtered version of the optimal
delay for the noise masker is used. As described above, the optimal internal delay
for an N,;NyS, configuration is 1 ms for the first half of the masker and 0 ms for the
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second half. No assumptions were made how the binaural processor estimates the
delay. The results of the simulations are shown in Figure 5.5. In these simulations
threshold curves show a behavior similar to experimental threshold curves.

A sluggish mechanism steering as described above should comply with the de-
mand that it conserves the hitherto existing model predictions. Apart from forward
masking configurations, all previously considered binaural masker configurations
consisted stationary interaural relations, for which the sluggish mechanism of select-
ing an interaural delay results in the same estimates as the old mechanism. This
is true at least for the temporal average of the estimate. For the binaural forward
masking configurations the performance of the model is determined by monaural
detection. The employed mechanism of steering the binaural noise reduction should
play no significant role.

Nevertheless, similar results as in the N,NyS, described above occur also for
transient binaural configurations that are constructed analogous to a monaural for-
ward masking experiment, e. g. NgN,;S,. In such a configuration an increase in
threshold is already observed for test signal positions about 60 ms before a position
in which in a corresponding diotic condition thresholds are influenced by forward
masking. Therefore in the description of the process used to evaluate the inter-
nal time delay a temporal range around the test signal should be used. Holube
et al. (1998) described results from binaural detection experiment employing noise
maskers with different shapes of temporal binaural transitions of interaural corre-
lation (step or sinusoidal, periodic or nonperiodic) in terms of temporal windows
and their respective time constants (the sum of upper and lower time constant).
They found significantly different time constants for the stepwise (43 Hz) and the
sinusoidal (109 ms) masker correlation variation. Following these results, it is not
clear whether the results from simulations performed with the binaural model of the
present study and utilizing hypothesis (d), can be explained with with one single
temporal window, in which the ICF is calculated and from which the internal delay is
estimated considering an additional binaural strategy inertia. It should be remarked
that the proceeding in the present study is different from that in the study of Holube
et al. (1998) where the binaural masked threshold is assumed to be a function of the
effective masker correlation within the assumed temporal window (Kollmeier and
Holube, 1992). Further investigations with the present model in configurations with
transient binaural interaural parameters are required.

5.4 Binaural sluggishness in evaluating fast fluctu-
ating interaural differences

Zurek and Durlach (1987) interpreted results from binaural masking experiments
utilizing bandpass noise maskers in context with the faster fluctuation of interaural
parameters for larger masker bandwidths. So a decreasing BMLD with increasing
noise bandwidth might be interpreted as evidence of the binaural system’s smoothing
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over rapid fluctuations in interaural cues.

In the binaural processor interaural differences are coded in the difference signal
of the left and right monaurally processed ear signals after adaptation. A slug-
gish binaural canal can be described by an low-pass filter following the cancellation
stage and preceding the full-wave rectification stage (in contrast to the modified
integration low-pass filter which was employed in the simulations for Figure 5.3).

Figure 5.6 shows experimental (open symbols) and predicted results (filled sym-
bols) from such a modified model. They are for the binaural detection experiment
in bandpass and notched noise respectively performed by Hall et al. (1983) which
was already described in Chapter 4. Only the configurations with a noise masker
of presented at spectrum level of 50 dB/Hz is investigated in NySp (diamonds) and
Ny Sy-configurations (circles). In the simulation a “sluggishness low-pass filter” of
first order with a cut-off frequency of 80Hz (i. e. a time-constant of 2ms) was
employed. As for the “standard” model, also multiple off-frequency channels are
considered in the simulations. The predicted results for the bandwidening experi-

Threshold [dB]

Notch Width or Bandwidth [Hz]

Figure 5.6: Experimental and simulated threshold curves for the Hall experiment in
the notched noise and the bandwidening configurations at a masker spectrum level of
50dB/Hz. Simulations have been performed employing a 80 Hz low-pass filter behind
the binaural cancellation mechanism.

ments are scarcely different from the corresponding results presented in Section 4.3.3.
For the notched noise configuration, the large deviation between experimental data
and model predictions is reduced. Also in the simulations a continuously decreas-



5.4. FAST FLUCTUATING INTERAURAL PARAMETERS 81

ing BMLD can be observed with increasing notchwidth. Nevertheless, compared
with the experimental data, the BMLD is slightly to large for medium notchwidths
(100-400 Hz) and disappears for large notchwidths.

The cut-off frequency of 80 Hz employed for the sluggishness low-pass filter yields
reasonable results for both the notched noise and the bandpass noise configuration.
A smaller cut-off frequency result in a smaller notch width for which the BMLD
disappears. Also the the NyS, thresholds become affected, since the effect of spec-
tral integration across off-frequency channels is reduced. A larger cut-off frequency
results in predictions similar to those in Section 4.3.3. However, the time constant of
the investigated filter is much to low to explain results from experiments concerning
binaural canal sluggishness described in the previous section.



Chapter 6

Summary and General Conclusions

In this thesis a new functional model of the temporal auditory signal processing is
introduced and evaluated. The model is based on a combination of a well evaluated
model of the monaural auditory signal processing which is employed as monaural
preprocessor and a new binaural signal processing module.

The monaural model of auditory signal processing was employed in numerous
previous studies (Dau et al., 1996a,b) to model detection thresholds in a variety of
simultaneous and nonsimultaneous psychacoustical detection experiments. For the
present, study, the same set of parameters as in the original model was employed.

The binaural processor is constructed following ideas of the Equalization and
Cancelation (EC) theory (Durlach, 1972). It follows monaural processing and per-
forms a relative temporal delay of both ear signals and subsequently calculates
their difference. The subsequent decision device which works on the monaural and
binaural “internal representations” of the ear signals is implemented as an optimal
detector.

Results from simulations of several critical experiments were presented in Chap-
ter 3. These simulations were used to fix the value of parameters of the binaural
processor (the range of available internal delays and and the size of the uncertainty
of the internal equalization of interaural time differences, the “jitter error”) and to
verify the effects of the different stages of monaural and binaural signal processing
on the performance of the complete model. The reduced BMLD for high frequencies
is a cooperative effect of the loss of phase locking in the description of the trans-
duction process for frequencies above 1kHz and of the jitter error. In contrast to
descriptions in the literature where the BMLD is described in terms of the interaural
correlation of the half-wave rectified and low-pass filter noise masker, in the present
model the uncertainty in performing an interaural delay is necessary to account for
experimental results at high frequencies. The binaural processing stage profits from
the compression of stationary parts of the ear signals in the monaural preprocess-
ing stage. It could be shown that in the present model the interaural amplitude
adjustment from the EC-theory can be omitted since the peripheral compression
already performs this task in a satisfactory way. Deviations of some dB of predicted
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and measured absolute thresholds are mainly determined by the description of the
middle ear and the peripheral noise added after the gammatone filterbank. Since
the internal decorrelation is necessary to describe the BMLD at low input levels,
the description of the middle ear transfer function may be chosen too strict in the
framework of the monaural model. Since the binaural processor follows the monaural
adaptation stages, the shape of threshold curves in monaural and binaural forward
masking experiments as well is determined mainly by the temporal properties of the
monaural model, which is in line with the experimental results.

In Chapter 4 the performance of the binaural model in more complex spectro-
temporal masking configurations was investigated. Whereas one gammatone on-
frequency filter provides appropriate results in the model description of monaural
and binaural detection configurations when broadband noise maskers are employed
in stationay conditions, more off-frequency channels have to be taken into account
when a narrowband noise masker or short test signals are utilized. In notched noise
configurations, the binaural model does not give correct predictions of binaural
masked thresholds. Hence, the binaural model applied in multiple channels appears
to be adequate to predict the data.

In Chapter 5 different hypotheses where investigated in order to find a description
of the “sluggish” performance in binaural masking experiments with time varying
interaural parameters where larger “effective” time constants are found than in cor-
responding monaural experiments. Within the framework of the model of binaural
signal processing, this performance could be described with the assumption that
the mechanism which steers the internal time delay is sluggish. A sluggishness in
the evaluation of fast fluctuating interaural differences describes by a low-pass filter
following the cancellation unit of the binaural processor could be used to describe
thresholds in binaural notched noise experiments with smaller deviations from the
experimental data than in the original model. This approach is not suitable to
describe the binaural inertia described above.

When detection in the binaural model of auditory signal processing took place in
multiple frequency (on-frequency and off-frequency) channels, in the present study
the same strategy of binaural unmasking, i. e. the same internal delay has been
utilized in all frequency channels. This is a consequence of the noise masker -
test tone configurations employed in the present study. As an expansion in further
experiments and simulations, binaural masking configurations should be investigated
in which different internal interaural delays in different frequency channels would
lead to an optimal strategy of binaural unmasking. Such a configuration can for
example be generated in binaural masking experiments in broadband noise where
the signal in a (harmonic) tone complex consisting of components with different
ITDs or different interaural phase.

Further interesting possible applications of the binaural model are automatic
predictions of the performance of human listeners in realistic binaural situations
with spatially separated target and noise signals. This implies that realistic head
related transfer functions (HRTFs) preceding monaural signal processing have to be
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taken into account. Especially the prediction of speech intelligibility (cocktail-party
effect) is of interest. The binaural model of auditory signal processing might be
employed as a preprocessor to produce a binaural auditory-based representation for
automatic speech recognition based on two input (ear) signals. Furthermore, with
an adequate description of the impaired auditory system, the effect of a (monaural)
hearing impairment on binaural performance could be investigated.



Appendix A

Internal adjustment of external
parameters

A.1 Factor ¢ for internal amplitude adjustment

Let R and L be the RMS values of the monaurally preprocessed masker-alone signal
of the right and left ear, R and L:

rms(R) = ¢%A|MMMt (A1)

L= rms(L)= ¢%A|met (A.2)

ny]
I

The factor ¢ to adjust the signal energy of both masker signals is chosen such that
the overall masker energy for right and left ear is equalized. The transformation
R — ryR and L — [,L yields the first condition:

rgR =1,L (A.3)

since rms(af) = |a|rms(f) for every real a and ry, [, > 0. The constancy of the
arithmetic mean for the scaled and unscaled RMS-values results in the second con-
dition:

rqR-l,L =RL (A.4)

1. e.

Equation A.3 and A .4 result in Equation 3.2 for the factors r,, I, and g respectively.
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Appendix B

Examples of the binaural auditory
signal processing in the model

As an illustration of the outcome of binaural auditory processing within the model
some examples of typically occurring internal representations of signals from simu-
lation of the first experiments for an NS, situation (Section 3.4.1) are shown in
Figure B.1. Only the output of the filter tuned to the signal frequency of 500 Hz was
considered. All plots show internal representations without peripheral or internal
noise.

The left panels show the result from monaural processing (right ear). They have
the same temporal behavior as the internal representations described by Dau et al.
(1996a) for a higher characteristic frequency. Additionally after the integration low-
pass filter some signal fine structure with the frequency of the test signal (and the
corresponding gamma tone filter) can be observed. This fine structure is somewhat
reduced in the binaural signals which are shown in the right panels. Because of the
limited graphical resolution, the 500 Hz fine structure appears as widening of the line.
The top panels show the internal representations of a suprathreshold test-tone with
a level of about 20 dB above monaural threshold in a noise masker. The shape of the
monaurally processed signals is the result of peripheral processing, adaptation and
the final 8 Hz low-pass filter. When the masker is turned on a pronounced overshoot
occurs and causes the first peak in the signal. The second peak results from the
overshoot when the test signal is turned on after 50 ms. Since the signal is presented
at a high level, it dominates the total signal. After the signal is switched off an
undershoot is observed.

The binaural processing unit reduces the masker significantly. Nevertheless, the
masker is not eliminated completely even in the part of the signal where only the
noise alone is present (the first 50 ms of the total signal). The remaining masker
results from incomplete noise reduction because of the uncertainty error. The bin-
aural processor operates before the integration stage and has more fine structure
available than it is obvious from the plots of signals after the integration low-pass
filter (compare Figure B.2).
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Figure B.1: Internal representations of acoustical waveforms for the peripheral
channel centered at 500 Hz. Left panels show monaurally, right panels binaurally
processed signals for an NyS; configuration. Top panels show internal representa-
tions of the masker plus suprathreshold test signal. The test signal was a 200 ms
sinusoid windowed with 20 ms Hanning ramps. The middle panels show the dif-
ference between the internal representations of masker plus test signal and of the
masker alone. The bottom panels show the same difference for a level of the test
stgnal below monaural masked threshold. The amplitude of all signals is given in
model units.
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In addition the overshoot caused by the test tone is reduced by binaural pro-
cessing. As discussed in the description of the temporal behavior of the adaptation
loops by Dau (1996) the overshoot is mainly due to the stationary and slowly vary-
ing parts of the input of the adaptation loops. These parts are canceled out nearly
completely by calculating the difference in binaural processing (since the level of
the right and left noise masker is equal). This reduces also the amplitude of the
binaural representations compared to the monaural representations. The binaural
signal becomes again a positive signal after the full-wave rectification following the
cancellation process.

The middle panels show the difference between the internal representations of
the masker plus signal and the representation of the masker alone (differences are
calculated for monaural and binaural channel separately). Since in the binaural
representation the noise is already almost extinct there occurs no large difference
between the upper and middle binaural signal.

The lower panels show again the difference between internal representations of
masker plus signal and masker alone but for a signal level slightly above monaural
threshold. Whereas in the graph of the monaural representation the test signal is
barely visible and the total representation is dominated by noise the signal is still
quite large in the binaural representation although is has become more noisy. The
noise fluctuations dominating the monaural representation in the left panel can also
be recognized in a reduced (smoothed) form in the binaural representation in the
right panel.

The conditions and signals on which the binaural processor is working are illus-
trated in the upper panels of Figure B.2. Both panels show the output pattern which
results from an Ny-masker from the same simulations like presented in Figure B.1.
The upper left panel shows the noise masker after monaural preprocessing, the same
noise masker after binaural processing (with the appropriate internal time delay 7 =
0ms) is shown in the upper right panel. Finally, the lower panels show both signals
8 Hz low-pass filtered.

Figure B.3 shows internal representations for the same interaural relations for a
signal and characteristic frequency of 4kHz. The plots are arranged in the same way
like in Figure B.1. To emphasize the distinction between high and low frequencies
in the simulations a 4" order low-pass filter after the half-wave rectification stage
has been utilized (like for the simulated thresholds in Figure 3.14).

Some differences between the graphs of high and low frequency representations
can be observed:

1. Due to the modeled loss of phase locking for high frequencies the fine structure
fluctuating with the signal frequency is no longer visible, even in the monaural
internal representations.

2. The monaural signal amplitude takes on higher values. This is an result of the
stationary part of the signal which is larger for higher frequencies when less
fast fluctuations are transmitted.
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Figure B.2: Upper left panel: Monaurally processed Ny noise masker after the fifth
adaptation loop. The signal is calculated as output from the 500 Hz gammatone filter.
Upper right panel: output of the binaural processor for the same noise signal. Lower
panels: the same signals after the 20 ms integration low-pass filter.

3. Also of a consequence of phase locking there are merely small interaural dif-
ferences between the internal representations of the right and left ear signals.
Therefore the amplitude of the binaural representations is much smaller (more
than one order) than in the low-frequency configuration. For all plots (and all
test signal levels) it is even smaller than the standard deviation of the internal
noise which restricts the internal amplitude resolution within the model. So
detection always takes place in consequence of monaural processing.

4. For a suprathreshold level of the high-frequent signal binaural processing only
emphasizes its onset. Increasing the cut-off frequency of the low-pass filter
limiting phase-locking or decreasing its order makes the internal representa-
tions becoming more similar to those in a low-frequency configuration. That
means also the part where the adaptation loops provide stationary output for
the test tone it becomes recognizable in the binaural signal.

5. At a level of the test signal at or slightly below monaural threshold this behav-
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Figure B.3: Internal representations of acoustical waveforms for the peripheral
channel centered at JkHz. The arrangement of the panels is in the same order
like in Figure B.1.

ior changes. The binaural representation now shows excitation over the whole
temporal range in which the test signal is presented. This seems to be a con-
sequence of the addition of masker and signal with a similar amplitude before
nonlinear processing takes place. The superposition of two sinusoids results
in an amplitude modulated sinusoid with a modulation frequency equal to the
difference of both sinusoid frequencies. The amplitude modulation resulting
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from a superposition of the filtered noise masker and the test signal is stochas-
tic and relatively low-frequent. It is transferred by the hair cell model and
the adaptation loops. Since the interaural phase of the test signal is non-zero
the fluctuations are different for both ear signals and result also in a binaural
output. Nevertheless the amplitude in the binaural channel is too small to
result in a detection due to binaural processing.



Appendix C

Level-dependent peripheral noise

Several mechanism not described correctly or not included into the description of
the signal processing of the model of auditory signal processing may be responsible
for the inconveniences described above. The behavior of the binaural thresholds is
similar to the different course of predicted and experimental BMLDs as a function
of the masker level, where the transition between a minimum BMLD at low masker
levels and a maximum BMLD at high masker levels in the simulations takes place
less gradually than in the experiments. The mechanism of binaural noise reduc-
tion working on the inputs from the same critical band of the two ears seems to
be less effective when less masker energy falls in the auditory filter, which may re-
sult from the fact the internal decorrelation at low and moderate masker energies
is too low in the model’s signal processing. To test this hypothesis, simulations for
the notched noise and the bandwidening condition have been performed utilizing
level dependent peripheral noise. This is motivated in the description of the neural
transduction process and the resulting firing patterns on individual auditory nerve
fibers as the output of an inhomogeneous Poisson process (Siebert, 1968). Since the
present model does not work on firing patterns, the peripheral noise is constructed
mimicking a Poisson process. Since its standard deviation of the output is propor-
tional to the square root of the input signal, the internal noise is constructed as
the multiplication of a noise pattern with the square root of the Hilbert envelope
of the half-wave rectified and low-pass filtered waveform in the frequency channel.
Results from the corresponding simulations are shown for a masker spectrum level of
50dB/Hz in Figure C.1. The plot shows threshold curves for the notched noise and
the bandwidening configuration. For the notched noise condition, the peripheral
noise influences both simulated NyS, and NyS, thresholds for large notchwidths,
i. e. low masker energy in the on-frequency channel. NS, thresholds are too high
for notchwidths above 200 Hz, whereas NyS, thresholds are still too low for the
medium notchwidths. In the bandwidening condition, NyS; thresholds are too high
for narrow and medium bandwidths (< 400 Hz). Altogether, describing the periph-
eral noise as level dependent does not remove the deviations between observed and
simulated binaural thresholds.

92



93

Threshold [dB]

Notch Width or Bandwidth [Hz]

Figure C.1: Experimental and simulated threshold curves for the Hall experiment
in the notched noise and the bandwidening configurations at a masker spectrum level
of 50dB/Hz. Simulations have been performed utilizing level dependent peripheral
noise (see text).

The concept of introducing level-dependent internal noise has been motivated
by experimental results from Kohlrausch et al. (1999) who investigated the influ-
ence of the masker correlation uncertainty in binaural detection experiments. They
measured the masked thresholds of a 500 Hz sinusoid for both running and frozen
noise masker as a function of the masker correlation. Experiments for maskers of a
bandwidth of 10 Hz were repeated in simulations with the original model of binaural
signal processing described in Chapter 3. The noise masker was generated with ezact
correlation. For the frozen noise configuration, a realization was generated for each
track. Results from experiments (open symbols) and simulations (filled symbols)
are plotted in Figure C.2.

Experimental frozen noise thresholds are lower than those in running noise but
converge for correlations close to unity. Threshold curves for running noise show a
steeper increase with decreasing correlation than those in frozen noise. All predicted
thresholds are below experimental thresholds, apart from those in running noise at
unity correlation. The deviation is much larger for frozen noise thresholds where it
reaches 13 dB. Also the increase with decreasin correlation is weaker for the predicted
thresholds.

These results suggests that internal decorrelation is not strong enough in the
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Figure C.2: Binaural masked thresholds for 500 Hz test signal in 10 Hz wide run-
ning (upward triagles) and frozen noise (downward triangles). Open symbols show
experimental results from Kohlrausch et al. (1999), filled symbols results from simu-
lations performed with the model of binaural signal processing.

description of the signal processing in the model. At the other hand it has been
shown that the peripheral noise provides a sufficient description of absolute monaural
and binaural thresholds. So a level-dependent internal noise (e. g. mediated by the
transduction process) could be an expansion which conserves the former results at
the absolute threshold.

Figure C.3 shows the masked thresholds from simultations (filled symbols) per-
formed with the level-dependent peripheral noise described above together with the
experimental results (open symbols). Predicted thresholds are plotted as medium
value and interquartile range of nine repetions for each value of the maker corre-
lation. Predicted thresholds in running noise are only slightly changed for large
interaural masker correlations. Predictions for frozen noise are up to 8dB higher
than in simulations with peripheral noise of a constant level, but the increase in
threshold with decreasing correlation is even more reduced.
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Figure C.3: Binaural masked thresholds for 500 Hz test signal in 10 Hz wide noise.
Open symbols show experimental results from Kohlrausch et al. (1999), filled sym-
bols results from simulations performed with the model of binaural signal processing
including level dependent peripheral noise (see text).
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