CHAPTER 5

BINAURAL SOUND LOCALIZATION

5.1 INTRODUCTION

We listen to speech (as well as to other sounds) with two @&t is quite remarkable
how well we can separate and selectively attend to indivisoiand sources in a cluttered
acoustical environment. In fact, the familiar term ‘codkparty processing’ was coined in
an early study of how the binaural system enables us to sedbcattend to individual con-
versations when many are present, as in, of course, a coghttyi [23]. This phenomenon
illustrates the important contribution that binaural liegmakes to auditory scene analysis,
by enabling us to localize and separate sound sources. itiajthe binaural system plays
a major role in improving speech intelligibility in noisy dmeverberant environments.

The primary goal of this chapter is to provide an understagdf the basic mechanisms
underlying binaural localization of sound, along with apegziation of how binaural pro-
cessing by the auditory system enhances the intelligibdlftspeech in noisy acoustical
environments, and in the presence of competing talkerse &ikmany aspects of sensory
processing, the binaural system offers an existence pfabégossibility of extraordinary
performance in sound localization, and signal separalionit does not yet provide a very
complete picture of how this level of performance can beeaad with the contemporary
tools of computational auditory scene analysis (CASA).

We first summarize in Sec. 5.2 the major physical factorsuhderly binaural percep-
tion, and we briefly summarize some of the classical phygiold findings that describe
mechanisms that could support some aspects of binauragsing. In Sec. 5.3 we briefly
review some of the basic psychoacoustical results whicle hastivated the development
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2 BINAURAL SOUND LOCALIZATION

Figure5.1 Interaural differences of time and intensity impinging anideal spherical head from
a distant source. An interaural time delay (ITD) is produbedause it takes longer for the signal
to reach the more distant ear. An interaural intensity diffiee (11D) is produced because the head
blocks some of the energy that would have reached the faesgecially at higher frequencies.

of most of the popular models of binaural interaction. Thstaeies have typically utilized
very simple signals such as pure tones or broadband notbey than more interesting
and ecologically relevant signals such as speech or museexténd this discussion to
results involving the spatial perception of multiple sowndirces in Sec. 5.4. In Sec. 5.5
we introduce and discuss two of the most popular types of teaddinaural interaction,
cross-correlation based models and the equalizationedation (EC) model. Section 5.6
then discusses how the cross-correlation model may beadilvithin a CASA system, by
providing a means for localizing multiple (and possibly rimm) sound sources. Binaural
processing is a key component of practical auditory scealysis, and aspects of binaural
processing will be discussed in greater detail later intblame in Chapters 6 and 7.

5.2 PHYSICAL CUES AND PHYSIOLOGICAL MECHANISMS UNDERLYING
AUDITORY LOCALIZATION

5.2.1 Physical cues

A number of factors affect the spatial aspects of how a sagipdiiceived. Lord Rayleigh’s
‘duplex theory’ [86] was the first comprehensive analysithefphysics of binaural percep-
tion, and his theory remains basically valid to this dayhveibme extensions. As Rayleigh
noted, two physical cues dominate the perceived locati@naficoming sound source, as
illustrated in Fig. 5.1. Unless a sound source is locateglctly in front of or behind the
head, sound arrives slightly earlier in time at the ear thahiysically closer to the source,
and with somewhat greater intensity. Thigeraural time difference (ITD) is produced
because it takes longer for the sound to arrive at the eaiigtatther from the source.
Theinteraural intensity difference (1ID) is produced because the ‘shadowing’ effect of the
head prevents some of the incoming sound energy from reg¢h@near that is turned
away from the direction of the source. The ITD and IID cuesrafgein complementary
ranges of frequencies at least for simple sources in a frige(fiech as a location outdoors
or in an anechoic chamber). Specifically, IIDs are most puoiced at frequencies above
approximately 1.5 kHz because it is at those frequencigghieshead is large compared
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to the wavelength of the incoming sound, producing subisaneflection (rather than total
diffraction) of the incoming sound wave. Interaural timioges, on the other hand, exist
at all frequencies, but for periodic sounds they can be dastathambiguously only for
frequencies for which the maximum physically-possible i§less than half the period of
the waveform at that frequency. Since the maximum possikileis about 66Qus for a
human head of typical size, ITDs are generally useful onhsfonulus components below
about 1.5 kHz. Note that for pure tones, the ténteraural phase delay (IPD) is often
used, since the ITD corresponds to a phase difference.

If the head had a completely spherical and uniform surfasdnd&ig. 5.1, the ITD
produced by a sound source that arrives from an azimuthiadians can be approximately
described (e.g., [64, 65, 106]) using diffraction theorythg equation

7= (a/c)2sind (5.1a)
for frequencies below approximately 500 Hz, and by the @gnat
7= (a/c)(0 + sinh) (5.1b)

for frequencies above approximately 2 kHz. In the equatidiove o represents the radius
of the head (approximately 87.5 mm) antepresents the speed of sound.

The actual values of IIDs are not as well predicted by wavieatifion theory, but they
can be measured using probe microphones in the ear and @thaiques. They have been
found empirically to depend on the angle of arrival of thermbsource, frequency, and
distance from the sound sources (at least when the souraérésrely close to the ear).
1IDs produced by distant sound sources can become as lagfedisin magnitude at high
frequencies, and the IID can become greater still when acssource is very close to one
of the two ears.

The fissures of the outer ears fibnnae) impose further spectral coloration on the signals
that arrive at the eardrums. This information is especiadigful in a number of aspects
of the localization of natural sounds occurring in a freedfiéhcluding localization in the
vertical plane, and the resolution of front-back ambiguitin sound sources. Although
measurement of and speculation about the spectral caloratiposed by the pinnae have
taken place for decades (e.g., [2, 51, 65, 81, 102, 105])ntbdern era’ of activity in this
area began with the systematic and carefully controlledsaneanents of Wightman and
Kistler and others (e.g., [82, 124, 125, 126]), who combicaekful instrumentation with
comprehensive psychoacoustical testing. Following pooes developed by Mehrgardt
and Mellert [81] and others, Wightman and Kistler and otlisesd probe microphonesin the
ear to measure and describe the transfer function from ssaunde to eardrum in anechoic
environments. This transfer function is commonly refetieds thehead-related transfer
function (HRTF), and its time-domain analog is thead-related impul se response (HRIR).
Among other attributes, measured HRTFs show systemataticars of frequency response
above 4 kHz as a function of azimuth and elevation. Therelaoesabstantial differencesin
frequency response from subject to subject. HRTF measuntsraad their inverse Fourier
transforms have been the key componentin a number of ladrgi@td commercial systems
that attempt to stimulate natural three-dimensional d@imalsenvironments using signals
presented through headphones (e.g., [7, 43]).

As Wightman and Kistler note [126], the ITD as measured aé#rdrum for broadband
stimuli is approximately constant over frequency and itetes on azimuth and elevation
in approximately the same way from subject to subject. Nbedgss, a number of different
azimuths and elevations will produce the same ITD, so the d®Bs not unambiguously
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signal source position. 1IDs measured at the eardrum edthilich more subject-to-subject
variability, and for a given subject the 11D is a much more gdicated function of frequency,
even for a given source position. Wightman and Kistler ssgtgeat because of this, 11D
information in individual frequency bands is likely to be reaseful than overall 1ID.

5.2.2 Physiological estimation of ITD and 11D

There have been a number of physiological studies that hesarithed cells that are likely
to be useful in extracting the basic cues used in auditoriiedp@erception, as have been
described in a number of comprehensive reviews (e.g., [2/7872, 66, 128]). Any con-
sideration of neurophysiological mechanisms that paddiptmediate binaural processing
must begin with a brief discussion of the effects of progegsif sound by the auditory
periphery. As was first demonstrated by von Békésy [128]lanmany others since, the
mechanical action of the cochlea produces a frequencyaitegransformation. Each of
the tens of thousands of fibers of the auditory nerve for eaclesponds to mechanical
stimulation along only a small region of the cochlea, so theral response of each fiber
is highly frequency specific, and stimulus frequency to \wreéach fiber is most sensitive
is referred to as theharacteristic frequency (CF) for that fiber. This frequency-specific
‘tonotopic’ representation of sound in each channel of lgnarocessing is preserved at
virtually all levels of auditory processing. In additiohetresponse of a fiber with a low
CF is ‘synchronized’ to the detailed time structure of a limaguency sound, in that neural
spikes are far more likely to occur during the negative portof the pressure waveform
than during the positive portion.

The auditory-nerve response to an incoming sound is fretpuprodeled by a bank
of linear bandpass filters (that represent the frequenegety of cochlear processing),
followed by a series of nonlinear operations at the outpfiesaoh filter that include half-
wave rectification, nonlinear compression and saturation, ‘lateral’ suppression of the
outputs of adjacent frequency channels (that represendithsequent transduction to a
neural response). A number of computational models incatpay varying degrees of
physiological detail or abstraction have been developatdascribe these processes (e.g.,
[75, 80, 89, 133]; see also Sec. 1.3.2). One reason for thigphicity of models is that it
is presently unclear which aspects of nonlinear auditoog@ssing are the most crucial for
the development of improved features for robust automagesh recognition, or for the
separation of simultaneously-presented signals for CAS#. physiological mechanism
that extracts the ITD or 11D of a sound (as well as any otheetgpinformation about it)
must operate on the ensemble of narrowband signals thagerftem the parallel channels
of the auditory processing mechanism, rather than on tiggnafisounds that are presented
to the ear.

The estimation of ITD is probably the most critical aspecbiwfaural processing. As
will be discussed below in Sec. 5.5.2, many models of bifguozessing are based on the
cross-correlation of the signals to the two ears after siog by the auditory periphery,
or based on other functions that are closely related to arogglation. The physiological
plausibility of this type of model is supported by the existe of cells first reported by Rose
et al. [95] in the inferior colliculus in the brainstem. Such celispear to be maximally
sensitive to signals presented with a specific ITD, indepahdf frequency. This delay
is referred to as aharacteristic delay (CD). Cells exhibiting similar response have been
reported by many others in other parts of the brainstemyéiet the medial superior olive
and the dorsal nucleus of the lateral lemniscus.
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Several series of measurements have been performed thattdrae the distribution
of the CDs of ITD-sensitive cells in the inferior colliculgs.g., [129, 66]), and the medial
geniculate body (e.g., [109]). The results of most of th&seies indicate that ITD-sensitive
cells tend to exhibit CDs that lie in a broad range of ITDshuiite density of CDs decreasing
as the absolute value of the ITD increases. While most of the &ppear to occur within
the maximum ITD that is physically possible for a point sauirc a free field for a partic-
ular animal at a given frequency, there is also a substamfiaber of ITD-sensitive cells
with CDs that fall outside this ‘physically-plausible’ rg@. In a recent series of studies,
McAlpine and his collaborators have argued that most ITBs&#&e units exhibit charac-
teristic delays that occur in a narrow range that is clos@py@imately one-eighth of the
period of a cell's characteristic frequency (e.g., [78l)east for some animals.

The anatomical origin of the characteristic delays has bieesource of some specula-
tion. While many physiologists believe that the delays dreeural origin, caused either
by slowed conduction delays or by synaptic delays (e.g,,132]), other researchers (e.qg.,
[101, 104]) have suggested that the characteristic delayisl @lso be obtained if higher
processing centers compare timing information derivedhfauditory-nerve fibers with
different CFs. In general, the predictions of binaural niedee unaffected by whether the
internal delays are assumed to be caused by neural or meahpheénomena.

A number of researchers have also reported cells that afipessspond to 1IDs at several
levels of the brainstem (e.g., [11, 19]). Since the rate afalgesponse to a sound increases
with increasing intensity (at least over a limited rangendénsities), 11Ds could be detected
by a unit which has an excitatory input from one ear and arbitdrly input from the other.

5.3 SPATIAL PERCEPTION OF SINGLE SOURCES

5.3.1 Sensitivity to differences in interaural time and intensity

Humans are remarkably sensitive to small differences grantral time and intensity. For
low-frequency pure tones, for example, {het-noticeable difference (JND) for ITDs is on
the order of 1Qus, and the corresponding JND for lIDs is on the order of 1 d&.(§34, 53)).
The JND for ITD depends on the ITD, IID, and frequency with @¥ha signal is presented.
The binaural system is completely insensitive to ITD forroatband stimuli above about
1.5 kHz, although it does respond to low-frequency envedagehigh-frequency stimuli,
as will be noted below. JNDs for 11D are a small number of delslover a broad range of
frequencies. Sensitivity to small differences in inteeworrelation of broad-band noise
sources is also quite acute, as a decrease in interauralat@n from 1 to 0.96 is readily
discernable (e.g., [40, 45, 90]).

5.3.2 Lateralization of single sources

Until fairly recently, most studies of binaural hearing baavolved the presentation of
single sources through headphones, such as clicks (e2.493), bandpass noise (e.g.,
[120]), pure tones (e.g., [34, 96, 130]), and amplitude-uiatdd tones (e.g., [3, 52]). Such
experiments measure tregeralization of the source (i.e., its apparent lateral position within
the head) and are therefore distinct frémoalization experiments (in which the task is to
judge the apparent direction and distance of the sourcéeutse head).

Unsurprisingly, the perceived lateral position of a natsawd binaural signal is a periodic
(but not sinusoidal) function of the ITD with a period equathe reciprocal of the center
frequency. It was found that the perceived lateralizatiba aarrowband signal such as
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a pure tone was affected by its ITD only at frequencies belppraximately 1.5 kHz,
consistent with the comments on the utility of temporal caekigher frequencies stated
above. Nevertheless, the perceived laterality of broaded signals, such as amplitude-
modulated tones and bandpass-filtered clicks, can be effégt the ITD with which they
are presented, even if all components are above 1.5 kHziqethat the stimuli produce
low-frequency envelopes (e.g., [4, 5, 52, 79]).

[IDs, in contrast, generally affect the lateral positiorbafaural signals of all frequen-
cies. Under normal circumstances the perceived laterafistimuli presented through
headphones is a monotonic function of 11D, although the efcam of the function relating
lateral position to IID depends upon the nature of the stirmincluding its frequency con-
tent, as well as the ITD with which the signal is presenteddéfmormal circumstances,
IIDs of magnitude greater than approximately 20 dB are peedeclose to one side of the
head, although discrimination of small changes in IID basethteral position cues can be
made at IIDs of these and larger magnitudes (e.qg., [34, 53]).

Many studies have been concerned with the ways in whichnmdition related to the
ITD and IID of simple and complex sources interact with eattteo If a binaural signal is
presented with an ITD of less than approximately 28@&nd an IID of 5 dB in magnitude,
its perceived lateral position can approximately be describy a linear combination of
the two cues. Under such conditions, the relative saliefic€E®and IID was frequently
characterized by the time-intensity trading ratio, whiah cange from approximately 20 to
200.s/dB, depending on the type of stimulus, its loudness, thgnihade of the ITDs and
1IDs presented, and other factock ([39]). While it had been suggested by Jeffress [59] and
others that this time-intensity conversion might be a cqueece of the observed decrease
in physiological latency in response to signals of great&erisity, lateralization studies
involving ITDs and IIDs of greater magnitude (e.g., [34, @6Hicate that response latency
alone cannot account for the form of the data. Most contearganodels of binaural
interaction (e.g., [8, 70, 110]) assume a more central fdrtimee-intensity interaction.

5.3.3 Localization of single sources

As noted above, Wightman and Kistler developed a systeraatigpractical methodology
for measuring the HRTFs that describe the transformatiosoahds in the free field to
the ears. They used the measured HRTFs both to analyze tisecahgttributes of the
sound pressure impinging on the eardrums, and to synthesizel stimuli’ that could be
used to present through headphones a simulation of a partfoee-field stimulus that was
reasonably accurate (at least for the listener used to aleteé HRTFS) [124, 125, 126].
These procedures have been adopted by many other ressarcher

Wightman and Kistler and others have noted that listeneralale to describe the azimuth
and elevation of free-field stimuli consistently and acteisa Localization judgments ob-
tained using ‘virtual’ headphone simulations of the fredefstimuli are generally consistent
with the corresponding judgments for the actual free-figgthals, although the effect of
elevation change is less pronounced and a greater numberrftd-back confusions in
locationis observed [125]. On the basis of various mantmria of the virtual stimuli, they
also conclude that under normal circumstances the lot¢@lizaf free-field stimuliis domi-
nated by ITD information, especially at the lower frequescthat ITD information must be
consistent over frequency for it to play a role in sound lzedion, and that 11D information
appears to play a role in diminishing the ambiguities theg gise to front-back confusions
of position [126]. While the interaural cues for lateratina are relatively robust across
subjects, fewer front-to-back and other confusions areeepced in the localization of
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Figure5.2 Head related impulse responses (HRIRs) (top row) and thresjmonding head-related
transfer functions (HRTFs) (bottom row) recorded at thedefl right ears of a KEMAR manikin, in
response to a source placed at an azimuth dbftd®he right of the head with®elevation. Note that
the stimulus is more intense in the right ear, and arrivesifirthe right ear before reaching the left
ear. Plotted from data recorded by Gardner and Martin [47].

simulated free-field stimuli if the HRTFs used for the vittsaund synthesis are based on
a subject’s own pinnae [123, 84]. Useful physical measurgsnef ITD, 11D, and other
stimulus attributes can also be obtained using an anatdiyniealistic manikin such as the
popular Knowles Electronics Manikin for Acoustic Resea(§EMAR) [18]. Examples
of HRTFs (and the corresponding HRIRs) recorded from a KEMAdikin are shown in
Fig. 5.2. Experimental measurements indicate that loatédim judgements are more ac-
curate when the virtual source is spatialized using HRTFRainéd by direct measurement
in human ears, rather than from an artificial head such as BEMAR. However, there is
a strong learning effect, in which listeners adapt to unfamHRTFs over the course of
several experimental sessions [83].

5.3.4 The precedence effect

A further complication associated with judging the locataf a sound source in a natural
acoustic environment, such as an enclosed room, is thatldsueflected from various
surfaces before reaching the ears of the listener. Howdegspite the fact that reflections
arise from many directions, listeners are able to deterthi@¢ocation of the direct sound
quite accurately. Apparently, directional cues that are ttuthe direct sound (the first
wave front’) are given a higher perceptual weighting thassthdue to reflected sound. The
termprecedence effect is used to describe this phenomenon (see [72] for a review}hér
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discussion of the precedence effect can be found in Chaptenigh deals with the effect
of reverberation on human and machine hearing.

5.4 SPATIAL PERCEPTION OF MULTIPLE SOURCES

5.4.1 Localization of multiple sources

Human listeners can localize a single sound source ratbarately. One accuracy measure
for azimuth localization is the minimum audible angle (MAMhich refers to the smallest
detectable change in angular position. For sinusoidakdsgpresented on the horizontal
plane, spatial resolution is highest for sounds coming ftbenmedian plane (directly in
front of the listener) with about’lMAA, and it deteriorates markedly when stimuli are
moved to the side — e.g., the MAA is about for sounds originating at 75to the side
[8, 85]. In terms of making an absolute judgment of the spédization of a sound, the
average error is about 5or broadband stimuli presented on the median plane, andases
up to 20 for sounds from the side [56, 67].

In the context of this book, a very relevant issue is the gbdf human listeners to
localize a sound in multisource scenarios. An early studg e@ducted by Jacobsen
[58] who observed that, for pure tones presented with a wioise masker, the MAA is
comparable to that when no masker is presented so long aigttad-t0-noise ratio (SNR)
is relatively high (10 to 20 dB). In a comprehensive invedtiign, Good and Gilkey [48]
examined the accuracy of localization judgments by systieally varying SNR levels and
sound azimuths. In their study, the signal is a broadbanH t#ain that may originate from
any of a large number of spatial locations, and a broadbaséenés always located on the
median plane. As expected, the accuracy of localizationedses almost monotonically
when the SNR is lowered. However, Good and Gilkey found tzahath localization
judgments are not strongly influenced by the interferenceramain accurate even at low
SNRs. This holds until the SNR is in the negative range, readetection threshold for
the target, beyond which the target will be inaudible due &sking by the interference.
The same study also reported that the effect of the maskercafization accuracy is a little
stronger for judgments of elevation, and is strongest infitiet-back dimension. Using
multisource presentation of spoken words, letters andgjigypstet al. [131] found that
utterances that can correctly be identified tend to be ctiyrlecalized.

Similar conclusions have been drawn in a number of subségtaties. For example,
Lorenziet al. [74] observed that localization accuracy is unaffectedtmy presence of
a white-noise masker until the SNR is reduced to the 0-6 dBearThey also reported
that the effect of noise is stronger when it is presentedasitie than from the median
plane. Hawleyet al. [50] studied the localization of speech utterances in reoltice
configurations. Their results show that localization perfance is very good even when
three competing sentences, each at the same level as thedangence, are presented at
various azimuths. Moreover, the presence of the interfeuiterances has little adverse
impact on targetlocalization accuracy so long as the tésgétarly audible, consistent with
the earlier observation by Yost al. [131]. On the other hand, Drullman and Bronkhorst
[35] reported rather poor performance in speech locabpain the presence of one to
four competing talkers, which may have been caused by thelexity of the task that
required the subjects to first detect the target talker aad determine the talker location.
They further observed that localization accuracy decrseasen the number of interfering
talkers increases from 2 to 4.
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Langendijket al. [67] studied listeners’ performance in localizing a trafmoise bursts
presented together with one or two complex tones. Theirrdgmlconfirm that for positive
SNR levels, azimuth localization performance is not mudbciéd by the interference.
In addition, they found that the impact of maskers on targedlization is greater when
azimuth separation between multiple sources is reduceidgW®ise bursts as stimuli for
both target and masker, Braasch [12] showed that locadizg@rformance is enhanced by
introducing a difference in onset times between the tangétlae masker when the SNR is
0 dB.

In summary, the body of psychoacoustical evidence on saaalitation in multisource
situations suggests that localization and identificatifasmound source are closely related.
Furthermore, auditory cues that promote auditory scenlysinalso appear to enhance
localization performance.

5.4.2 Binaural signal detection

While the role that the binaural system plays in sound laedilbn is well known, binaural
processing also plays a vital role in detecting sounds inptexnacoustical environments.
In the following, we review some classical studies on biahsignal detection, and then
discuss the ability of binaural mechanisms to enhance tiedigibility of speech in noise.

Classical binaural detection Most of the classical psychoacoustical studies of bin-
aural detection have been performed with simple stimulhsag pure tones, clicks, or
broadband noise. Generally, it has been found that the usmatiral processing signifi-
cantly improves performance for signal detection tasksdafdverall ITD, IID, or interaural
correlation changes as a target is added to a masker. Fopéxaha low-frequency tone
and a broadband masker are presented monaurally, theahd&3KR that is obtained will
generally depend on various stimulus parameters such #artfet duration and frequency,
and the masker bandwidth. Diotic presentation of the sangetand masker (i.e., with
identical signals presented to the two ears) will produdeally the same detection thresh-
old. On the other hand, if either the target or masker areepted with a nonzero ITD,
IID, or IPD, the target will become much easier to hear. Famegle, using 500 Hz tones
as targets and broadband maskers, presentation of thdistiitmuithe masker interaurally
in phase and the target interaurally out of phase (fkigS,,’ configuration) produces a
detection threshold that is about 12 to 15 dB lower than thedtien threshold observed
when the same target and masker are presented monauraibtioally (the ‘Vy.Sy’ con-
figuration) [54]. This ‘release’ from masking is referredat® binaural ‘unmasking’ or the
binaural masking level difference (MLD or BMLD).

Detection performance improves for stimuli which produe&H_D because the change
in net ITD or IID that occurs when the target is added to thekeass detectable by
the binaural processing system at lower SNRs than thoseedded monaural detection.
The MLD is one of the most robust and extensively studied bbialaural phenomena,
particularly for tonal targets and noise maskers. Durlauth @olburn’s comprehensive
review [39] describes how the MLD depends on stimulus pataraesuch as SNR, target
frequency and duration, masker frequency and bandwidthttenl TD, 11D, and IPD of the
target masker. These dependencies are for the most padegelibed by modern theories
of binaural hearing (e.g., [15, 25, 26]).

Binaural detection of speech signals While most of the MLD literature was con-
cerned with the detection of tonal targets in noise maskbkesjmportance of interaural



10 BINAURAL SOUND LOCALIZATION

differences for improving speech intelligibility in a ngignvironment has been known
since at least the 1950s, when Hirsch, Kock, and Koenig festahstrated that binaural
processing can improve the intelligibility of speech in @&ge@nvironment [55, 60, 61]. As
reviewed by Zurek [134], subsequent studies (e.g., [2032,177]) identified two reasons
why the use of two ears can improve the intelligibility of epk in noise. First, there is
a head-shadow advantage that can be obtained by turning one ear toward the direction o
the target sound, at the same time increasing the likelitlbatdmasking sources will be
attenuated by the shadowing effect of the head if they aaigifirom directions that are
away from that ear. The second potential advantagebisiaural-interaction advantage
that results from the fact that the ITDs and 11Ds of the tasget masker are different when
the sources originate from different azimuths. Many steidienfirm that speech intelligi-
bility improves when the spatial separation of a targetspseurce and competing maskers
increases, both for reasons of head shadowing and binateedction.

Levitt and Rabiner [68] developed a simple model that pitsdite binaural-interaction
advantage that will be obtained when speech is present@wliT D or IPD in the presence
of noise. They predicted speech intelligibility by first stering the ITD or IPD and SNR
of the target and masker at each frequency of the speech sanddassuming that the
binaural-interaction advantage for each frequency corapboould be predicted by the
MLD for a pure tone of the same frequency in noise, using theesateraural parameters
for target and masker. The effects of the MLD are then conthbaeross frequency using
standard articulation index theory (e.g., [42, 44, 63]).

Zurek [134] quantified the relative effects of the head-shaddvantage and the bin-
aural advantage for speech in the presence of a single ngestirrce. He predicted the
head-shadow of speech from the SNR at the ‘better’ ear forta&cpkar stimulus configu-
ration, and the binaural-interaction advantage from theDMixpected from the stimulus
components at a particular frequency, again combiningitfilmation across frequency
by using articulation index theory. Zurek found the preidics of this model to be generally
consistent with contemporary data that described the geatapendence of intelligibility
on source direction and listening mode, although it did nodel variations in data from
subject to subject. Hawlegt al. [50] extended Zurek’s approach in a series of experi-
ments that employed multiple streams of competing speeckens The predictions of
both models indicate that many phenomena can be accountsiriply by considering
the monaural characteristics of the signals that arriveatitetter’ ear, but that processing
based on binaural interaction plays a significant role fotate configurations of targets
and competing maskers.

5.5 MODELS OF BINAURAL PERCEPTION

In this section we review some of the classical and more tewedels of binaural interaction
that have been applied to simple and more complex binauesdghena. We begin with a
discussion of two seminal theories of binaural interactibacoincidence-based model of
Jeffress [59] and thegualization-cancellationmodel (EC model) of Durlach [37, 38]. Most
current binaural models trace their lineage to one (andrimestases both) of these theories.
We continue with a discussion of modern realizations of #ffgelss model that typically in-
clude a model for auditory-nerve activity, a mechanisméxatacts a frequency-dependent
measurement of the interaural cross-correlation of theatsy along with some additional
processing to incorporate the effects of 1IDs and to devétegperceptual representation
that is needed to perform the particular psychoacoustis#l &t hand. In addition to this
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Figure 5.3 Schematic representation of the Jeffress place mecharB&xes containing crosses
are correlators (multipliers) that record coincidencesi@iral activity from the two ears after the
internal delays AT).

discussion, the reader is referred to a number of excelemews of models of binaural
interaction that have appeared over the years [13, 27, 28,12 116, 119].

5.5.1 Classical models of binaural hearing

The Jeffress hypothesis.  Most modern computational models of binaural perception
are based on Jeffress’s description of a neural ‘place’ ar@sin that would enable the
extraction of interaural timing information [59]. Jeffeepostulated a mechanism that
consisted of a number of central neural units that recordé@ttilences in neural firings
from two peripheral auditory-nerve fibers, one from eachwih the same CF. He further
postulated that the neural signal coming from one of the tiver§ is delayed by a small
amount that is fixed for a given fiber pair, as in the block ddagof Fig. 5.3. Because of the
synchrony in the response of low-frequency fibers to lovgdiency stimuli, a given binaural
coincidence-counting unit at a particular frequency witiguce maximal output when the
external stimulus ITD at that frequency is exactly compé&séor by the internal delay of
the fiber pair. Hence, the external ITD of a simple stimuludddbe inferred by determining
the internal delay that has the greatest response overaofrgquencies. While the delay
mechanism was conceptualized by Jeffress and others intinedf the ladder-type delay
shown in Fig. 5.3, such a structure is only one of severaliplessealizations. These
coincidence-counting units can be thought of as mathealadiostractions of the ITD-
sensitive units which were first described by Resal. decades later, as discussed in
Sec. 5.2.2 above. The important characteristic-delaynpater of the ITD-sensitive units
is represented by the difference in total delay incurredhayrteural signals from the left
and right ears that are input to a particular coincidenagting unit. This parameter will
be referred to as the net internal detfafipr that particular unit. As will be discussed below,
the short-term average of a set of such coincidence outpatparticular CF plotted as a
function of their internal delay is an approximation to the short-term cross-correlation
functions of the neural signals arriving at the coincideshetectors. Licklider [69] proposed
that such a mechanism could also be used to achieve an au&dation of neural signals
for use in models of pitch perception (see Sec. 2.3.2).
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We note that the interaural coincidence operation cannatsieyf account for effects
related to the 11D of the stimulus. Jeffress proposed étancy hypothesis which is based
on the common observation that the neural response to miznesim sounds tends to be
initiated more rapidly than the response to less intensedsmuleffress postulated that this
effect enabled 1IDs to be converted to ITDs at the level ofgbgpheral auditory response
to a sound. It is now widely believed that the interactionisstn the effects of IIDs and
ITDs is mediated at a more central level.

The equalization-cancellation model. The equalization-cancellation model (or EC
model) has also been extremely influential for decades, nbtdwecause of its conceptual
simplicity and because of its ability to describe a numbdémigfresting binaural phenomena.
The model was first suggested by Kock [60] and was subseguidmtbloped extensively
by Durlach (e.g., [37, 38]). While the EC model was primadbveloped to describe and
predict the binaural masking-level differences describeSec. 5.4.2, it has been applied
with some success to other phenomena as well. In the clagpiation to binaural
detection, the EC model assumes that the auditory systesforans the signals arriving at
the two ears so that the masker components are ‘equalizeaiade equal to one another
to the extent possible. Detection of the target is achiewe@dncelling’, or subtracting
the signals to the two ears after the equalization operat@amsidering the two classical
binaural signal configurations described in Sec. 5.4.2 fobMxperiments, it is clear that
signals in theNy S, configuration will not be detectable by binaural procesdirgause
if the equalization and cancellation operations are at¢ewaad successful the target will
be cancelled along with the masker. Binaural detectionutipresented in theVyS,
configuration should be easily detected, however, becdnestatget is reinforced as the
masker is cancelled. Quantitative predictions for the EC@hare obtained by specifying
limits to the operations used to achieve the cancellatiatgss, as well as sources of
internal noise. The performance and limitations of the EGlehare discussed in detail in
the excellent early review of binaural models by Colburn Bodach [28].

5.5.2 Cross-correlation-based models of binaural interaction

Stimulus-based cross-correlation models. While both Jeffress and Licklider had
introduced the concept of correlation in their models ofliral interaction and processing
of complex signals, the work of Sayers and Cherry (e.g.,98497, 98, 99]) represented the
first comprehensive attempt to relate the fusion and latatédn of binaural stimuli to their
interaural cross-correlation. Sayers and Cherry consétiireshort-time cross-correlation
function (or the ‘running’ cross-correlation function) of the stitinu

R(t,7) = / zp(a)zr(a—T)w(t —a)p(r)da (5.2)

— 00

wherez, (t) andz r (¢) are the signals to the left and right ears. The funcii¢t) represents
the temporal weighting of the short-time cross-correlatiperation, and is exponential in
form in most of Sayers and Cherry’s calculations. The fuorgti(7) is typically a double-
sided decaying exponential that serves to emphasize thetgions of internal delays
7 that were small in magnitude. We refer to this type of empghasi‘centrality’. The
reader should note that Sayer’s and Cherry’s function doetake into account any signal
processing by the peripheral auditory system. As is trueafocross-correlation-based
models, an additional mechanism is needed to account faftéets of IID.
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Sayers and Cherry added a constant proportional to thesityenf the left-ear signal to
values of the internal delay that were less than zero and a (generally different) cohstan
proportional to the intensity of the right-ear signal touesd ofr that were greater than zero.
A judgment mechanism then extracted subjective lateratipnsising the statistic

Ip —Ig

pP=
In + 1R

(5.3)

wherel;, and Iy are the integrals of the intensity-weighted short-timessroorrelation
function over negative and positive valuegofespectively. Sayers and Cherry considered
the lateral position of a variety of stimuli including spaggure tones of various frequencies,
and click trains, and found that they were predicted at lgastitatively by the above
lateralization function or variants of it. Furthermoregithdata indicated that the latency
hypothesis could not adequately describe all of the conijgexof the dependence of
perceived laterality on the 11D of the stimulus.

Models incorporating the auditory-nerve response to the st imuli.  While the
models of Sayers and Cherry predicted binaural phenomenatfie cross-correlation of
the auditory stimulus itself, more recent theories of bmahimteraction have been based on
the interaural correlation of threeural response to the stimulus, rather than to the auditory
stimulus itself. Early physiologically-based models fesed more on the development
of closed-form mathematical analytical functions to diémciand predict the data under
consideration. Nevertheless, the trend over the last abdecades has been to use compu-
tational models to calculate both the auditory-nerve raspdo sounds and the subsequent
processing of the signal needed to obtain both the repras@mof the interaural timing
information that is associated with the signal, as well dgesive variables such as lateral
position that are developed from that representation. Beeoficomputational simulation
(rather than analytical description) has the advantagentizalels can make use of more
complex and accurate characterization of the auditoryenersponse to the stimuli as well
as the advantage that far more complex stimuli can be carsld©n the other hand, the
ever-increasing complexity of the computational modets make it more difficult to un-
derstand exactly which aspect of a model is most importatégtribing the data to which
it is applied.

We first consider in some detail the influential quantificatid Jeffress’s hypothesis by
Colburn [25, 26]. We then review several extensions to tfitees-Colburn model in the
1970s and 1980s by Stern and Trahiotis [110, 111, 113, 115}, 11117, 118], by Blauert
and his colleagues Lindemann and Gaik [6, 9, 46, 70, 71], aradlyiby Breebaart and
colleagues [14, 15, 16].

Colburn’s quantification of the Jeffress hypothesis. Colburn’s model of binaural
interaction based on auditory-nerve activity consistethaf components: a model of the
auditory-nerve response to sound, and a ‘binaural displ#ly& can be used to compare
the auditory-nerve response to the signals of the two eahg nfodel of auditory-nerve
activity used in the original Colburn model was simple innfoto facilitate the develop-
ment of analytic expressions for the time-varying meansvanidnces of the neural spikes
produced by the putative auditory-nerve fibers. Based oradieeformulation of Siebert
[107], Colburn’s peripheral model consisted of a bandpdtes fto depict the frequency
selectivity of individual fibers), an automatic gain com{which limits the average rate of
response to stimuli), a lowpass filter (which serves to liphiase-locking to stimulus fine
structure at higher frequencies), and an exponentiafierctivhich roughly characterizes



14 BINAURAL SOUND LOCALIZATION

peripheral nonlinearities). The result of this series oérapions is a functiom(t) that
describes the putative instantaneous rate of firing of tliit@ny-nerve fiber in question.
The responses themselves were modeled as honhomogenéssRocesses. Similar
functional models have been used by others (e.g., [9, 48,08)). In recent years, models
of the peripheral auditory response to sound have become coonputationally oriented
and physiologically accurate (e.g., [80, 133]).

The heart of Colburn’s binaural model [25, 26] is an ensenoblenits describing the
interaction of neural activity from the left and right eaengrated by auditory-nerve fibers
with the same CF, with input from one side delayed by an amthattis fixed for each
fiber pair, as in Jeffress’s model depicted in Fig. 5.3. kg Jeffress’s hypothesis, each
coincidence-counting mechanism emits a pulse if it recetwe® incoming pulses (after
the internal delay) within a sufficiently short time of eadher. If the duration of the
coincidence window is sufficiently brief, the Poisson asgtion enables us to compute
statistics for the coincidence counts as a function of nuigtime, CF, and internal delay.
For example, it can be shown [25] that the average numbeiinéiciences observed at time
t from all fiber pairs with CFf and internal delay, E[L(t, 7, f)], is approximately

t

E[L(t, 7, f)] = / rr(@)rr(a— 7wt — a)p(r, f)da (5.4)
wherer, (t) andrg(t) are now the functions that describe the instantaneous catbe
Poisson processes that describe the activity of the twa@wenerve fibers that are the
inputs to the coincidence-counting unit. Helg¢, 7, f) is a binaural decision variable
and E[-] denotes the expectation. The functiop(t) represents the temporal weighting
function as before, angl(r, f) now represents the relative number of fiber pairs with a
particular internal delay and CFf. Comparing Eg. 5.4 to Eq. 5.2 it can readily be seen
that the relative number of coincidence counts of the Jeff@olburn model, considered
as a function of the internal-delayat a particular CFf, is an estimate of the short-time
interaural cross-correlation of tladitory-nerve responses to the stimuli at each CF.

Colburn and Durlach [28] have noted that the cross-coigglanechanism shown in
Fig. 5.3 can also be regarded as a generalization of the E@Ineddurlach [37]. As
described above, the EC model yields predictions concgiimaural detection thresholds
by applying a combination of ITD and 11D that produces thet leggialization of the masker
components of the stimuli presented to each of the two eaascéllation of the masker
is then achieved by subtracting one of the resulting sigfrals the other. Predictions
provided by the EC model are generally dominated by the &ffgicthe ITD-equalization
componentrather than the [ID-equalization componentaBse the interaural delays of the
fiber pairs of the Jeffress-Colburn model perform the sametfan as the ITD-equalizing
operation of the EC model, most predictions of MLDs for the twodels are similar. The
Jeffress-Colburn model can explain most (but not all) biabdetection phenomena by the
decrease in correlation of the stimuli (and the correspundecrease in response by the
coincidence-counting units) that is observed at the ITDhefrhasker and the frequency of
the target when the target is added to the masker in a confignthat produces binaural
unmasking.

Figure 5.4 is an example of the representation of simpleuiiby a contemporary
implementation of the Jeffress-Colburn model. Resporrssstewn to a binaural bandpass
noise with nominal corner frequencies of 100 and 1000 Hagrked with an ITD such that
the left ear is leading b§.5 ms. The upper panel shows the relative rate of coincidehegs t
would be produced by the coincidence-counting units as etifumof their internal delay
7 and CFf. The calculations in this figure were implemented by pas#iegincoming
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Figure 5.4 Representation of bandpass noise by the Jeffress-ColbodelmThe upper panel of
the figure shows the rate of response of individual Jeffdsiburn coincidence detectors to bandpass
noise with nominal corner frequencies of 100 and 1000 Hzseweed with an ITD of0.5 ms.
Shown are the relative rate of coincidences of a fiber paionted as a joint function of CF and
internal delay. The central panel shows the putative digtion of the fiber pairs, again in terms of
CF and internal delay [113]. The lowest panel shows the mioofithe two functions depicted in the

upper two panels, which represents the total number of @Ence counts recorded in response to
the signal.
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signals through a bank of gammatone filters as realized ime$laauditory toolbox [108],
followed by a simple half-wave square-law rectifier thatas positive input values and
sets negative input values to zero. This model lacks mangekhown complexities of
the auditory-nerve response to sound. We note that maxiresponse is noted at internal
delays equal te-0.5 ms over a broad range of frequencies, and that secondarymaaxe
observed at internal delays that are separated by integiiphasi of the reciprocal of the
CF for a particular fiber pair. Although these secondarye&provide some ambiguity, it
is clear that for natural stimuli the ITD can be inferred frtime location of the ‘straight’
ridge that is consistent over frequency [114, 117]. There¢pianel of the figure depicts
the functionp(7), which specifies the distribution of the coincidence caumtinits as a
function of internal delay and CF. The specific function shdwere was developed by Stern
and Shear [113] and postulates a greater number of unitéwétmal delays that are smaller
in magnitude. The lower panel shows the total response tfi@lliber pairs as a function
of 7 and f which reflects both the average response per fiber pair andigtrébution per
fiber pair; it is the product of the functions shown in the uppe panels.

5.5.3 Some extensions to cross-correlation-based binaural models

Extensions by Stern and Trahiotis. Stern and his colleagues (e.g., [110, 111, 114,
113, 117]) extended Colburn’s model to describe the suligetdteral position of simple
stimuli, and evaluated the extent to which the position cmgld be used to account for
performance in the largest possible set of psychoacouisésalts in subjective lateral-
ization, interaural discrimination, and binaural detecti Stern’s extensions to Colburn’s
coincidence-counting mechanism include explicit assionptconcerning time-intensity
interaction, and a mechanism for extracting subjectivar#iposition. These extensions of
the Jeffress/Colburn model are referred to as the ‘positayiable model’ by Stern and his
colleagues. In addition a second coincidence-based misthavas proposed that serves
to emphasize the impact of ITDs that are consistent overgerahfrequencies [114].

One aspect of the model that received particular attentis tive form of the function
p(T, f) that specifies the distribution of internal delays at eachI®E distribution function
shown inthe central panel of Fig. 5.4 was developed basegrefid consideration of several
key lateralization and detection results [113]. This fimtspecifies a greater number of
coincidence-counting units with internal interaural gslaf smaller magnitude, which
has been confirmed by physiological measurements (e.§), [§évertheless, a substantial
fraction of the coincidence counters is assumed to havmiatdelays that are much greater
in magnitude than the largest delays that are physicalratble with free-field stimuli.
The existence of these very long internal delays is in acadtfupsychoacoustical as well
as physiological data (see Sec. 5.2.2).

To account for the effects of 11D, Stern and Colburn propdbedithe representation of
timing information shown in Fig. 5.4 be multiplied by a pulseaped weighting function
with a location along the internal-delay axis that variedoading to the 11D of the stimulus.
They further proposed that the subjective lateral positiansimple binaural stimulus could
be predicted by the ‘center of mass’ along the internalyda¥as of the combined function
that reflects both ITD and IID. More recently, Stern and Togibi[114] incorporated an
additional modification to the model called ‘straightnessighting’ that is designed to
emphasize the modes of the function that appear at the saeneahdelay over a range of
CFs. This second-level mechanism which emphasizes ITDatb&onsistent over arange
of frequencies has the additional advantage of sharpehnéridges of the cross-correlation
patterns in the Jeffress-Colburn model along the intedetdy axis. It should be noted that
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Figure55 Schematic diagram of Lindemann’s mod&T" denotes a time delay adkl denotes an
attenuator. Boxes containing crosses are correlatorgifierls). At the two ends of the delay lines,
the shaded boxes indicate correlators that are modifiednitin as monaural detectors. Adapted
from Fig. 3(a) of [70] with the permission of the publisher.

Stern and his colleagues considered only the lateral pasiti simple stimuli such as pure
tones, clicks, or broadband noise, and never carefullyesdeid the problem of the separate
lateralization of individual sources when they are presgstmultaneously.

Extensions by Blauert and his colleagues. Blauert and his colleagues have made
important contributions to correlation-based models ofbial hearing over an extended
period of time. Their efforts have been primarily directedard understanding how the
binaural system processes more complex sounds in real immhisave tended to be compu-
tationally oriented. This approach is complementary to ¢fi€olburn and his colleagues,
who (atleastinthe early years) focussed on explaining&ital’ psychoacoustical phenom-
ena using stimuli presented through earphones. More fgcBldauert’s group worked to
apply knowledge gleaned from fundamental research in bahkearing toward the devel-
opment of a ‘cocktail party processor’ which can identigparate, and enhance individual
sources of sound in the presence of other interfering sofeds [10]).

In arelatively early study, Blauert and Cobben [9] combitierunning cross-correlator
of Sayers and Cherry [97] with a model of the auditory perigrsaiggested by Duifhuis
[36] that was similar to the model proposed by Siebert anchedbby Colburn. They
subsequently developed a series of mechanisms that dlypiidroduced the effects of
stimulus 1IDs into the modelling process. One of the mostrieéting and best known
of these mechanisms was proposed by Lindemann [70], which bearegarded as an
extension and elaboration of an earlier hypothesis of Btd8g Lindemann extended the
original Jeffress coincidence-counter model in two wage (8ig. 5.5). Firstly, he added a
mechanism that inhibits outputs of the coincidence cosntdien there is activity produced
by coincidence counters at adjacent internal delays. Sigdme introduced monaural-
processing mechanisms at the ‘edges’ of the display of @#nce-counter outputs that
become active when the intensity of the signal to one of titedars is extremely small.

One of the properties of the Lindemann model is that the aatéwn of the inhibition
mechanism and the monaural processing mechanism caudesdtiens of peaks of the
coincidence-counter outputs along the internal-delag toxshift with changes in 1ID. In
other words, this model produces a time-intensity tradireginanism at the level of the
coincidence-counter outputs. While the net effect of lIDgtlee patterns of coincidence-
counter outputs in the Lindemann model is not unlike thecethé the intensity-weighting
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Figure5.6 Schematic diagram of Breebaart’s modAlT" denotes a time delay anilo denotes an
attenuator. The circles denote excitation-inhibition) @ements. Redrawn from Fig. 3 of [14] with
the permission of the publisher.

function in the model of Stern and Colburn [110], the timeeirsity interaction of the
Lindemann model arises more naturally from the fundamexgsilimptions of the model
rather than as the result of the imposition of an arbitrarigivéng function. In addition to
the time-intensity trading properties, Lindemann also destrated that the contralateral-
inhibition mechanism could also describe several interggphenomena related to the
precedence effect [71]. Finally, the inhibitory mecharsshLindemann’s model produce
a ‘'sharpening’ of the peaks of the coincidence-countengstglong the internal-delay axis,
similar to that which is achieved by the second-level calaoce layer of Stern’s model
that was designed to emphasize ITDs that are consistenfregerency.

Gaik [46] extended the Lindemann mechanism further by agdisecond weighting to
the coincidence-counter outputs that reinforces natut@dturring combinations of ITD
and IID. This has the effect of causing physically-plausttimuli to produce coincidence
outputs with a single prominent peak that is compact alomgirtkernal-delay axis and
that is consistent over frequency. Conversely, very umabtombinations of ITD and 11D
(which tend to give rise to multiple spatial images) produesponse patterns with more
than one prominent peak along the internal-delay axis. Taedt-Lindemann-Gaik model
has been used as the basis for several computational modelgstems that localize and
separate simultaneously-presented sound sources (€]., [

Models that incorporate interaural signal cancellation. Although the coincidence-
counting mechanism proposed by Jeffress and quantified ly@ohas dominated models
of binauraliinteraction, the EC model developed by Durlaahretained its appeal for many
years, and figures strongly in the conceptualization of bataulling and Summerfield [30]

and others (see Sec. 5.7). As noted above in Sec. 5.5.2ffitresseColburn model is loosely
based on neural cells that are excited by inputs from both(eafled EE cells). Breebaart
has recently proposed an elaboration of the Jeffress-@olmadel that includes an ab-
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Figure5.7 Activity of El units in Breebaart's model, as a function oétbharacteristic IID4) and
ITD (7) of each unit. The input was a 500 Hz tone presented diofi¢ad., with zero 11D and ITD)
and there is no internal noise. Reproduced from Fig. 5 of {li#j the permission of the publisher.

straction of cells that are excited by input from one ear bhidited by input from the other
ear (El cells) [14, 15, 16]. The incorporation of El unitsdrtinaural models provides an
explicit mechanism that can in principle estimate the lIDadfignal in a given frequency
band, just as the EE-based mechanism of the Jeffress-@atodel is typically used to
provide an estimate of the ITD of a signal. In addition, therigichanism can provide the
interaural cancellation in the EC model.

Figure 5.6 is a block diagram that summarizes the processiBgeebaart’'s model [14]
that enables the simultaneous estimation of ITD and 11D ahgles frequency. In this
diagram, units labeled\« insert small attenuations to the signal path, just as thesuni
labelled AT insert small time delays, as in the earlier models of Colp&fauert, and
their colleagues. With this configuration, both the ITD ahe HiD of a signal component
can be inferred by identifying which EI unit exhibits th@nimal response. Specifically,
the IID of the signal determines whiebw of El units includes the minimal response, and
the ITD of the signal determines whidolumns include the minimal response. Note that
the response patterns will tend to repeat periodicallygtbe horizontal axis, because the
effective input to the network is narrowband after perighauditory filtering.

Figure 5.7 is an example of a response of such a network toetpae of 500 Hz
presented with zero ITD and IID in the absence of internas@oiNote that the network
exhibits aminimum of response at (s ITD and 0-dB 11D, with the minima repeating
periodically along the internal delay axis with a period ah2 (the period of the 500-Hz
tone). Since the pattern shifts horizontally with a chanf€T® and vertically with a
change of 11D, this type of processing maintains an indepahcepresentation of ITD and
IID for subsequent processing. In contrast, other modegs, (¥, 46, 70, 110]) combine
the effects of ITD and 11D at or near the first stage of binauredraction.

As Breebaart [14] notes, the predictions of this model wdlvery similar to the pre-
dictions of other models based solely on EE processing farynsimuli. Nevertheless,
Breebaart also argues that predictions for El-based mod#ldiffer from those of EE-
based models in some respects. For example, Breebaartrffiigsathat the dependence
of binaural detection thresholds on target and masker iduré better described by El-
based processing. Furthermore, he argues that the panatléhdependent availability of
estimates of ITD and IID (as discussed in the previous papyris likely to be useful
for describing particular detection and discriminatiosuls, and that El-based models are
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Figure5.8 Upper and central panels: spectrum of the vowels /AH/ anfldi+ecorded by a male
and female speaker, respectively. Lower panel: resporaeiofplementation of the Jeffress-Colburn
model to the simultaneous presentation of the /AH/ presientth a0-ms ITD and the /IH/ presented
with a —0.5-ms ITD.

better able to describe the dependence of binaural deteptfzeriments on overall stimulus
level.

5.6 MULTISOURCE SOUND LOCALIZATION

We now consider the ways in which the models discussed akexelieen applied to de-
scribe signals containing multiple sound sources. In galdr, we focus on the application
of such models within CASA systems, where they often formithsis for localizing and
segregating speech that has been contaminated by intgrfaunds.

Although the following discussion of multisource localiom is based on the type of
binaural processing described in the previous sectiomitlsl be noted that the problem has
been extensively studied in array signal processing (fdeves, see [121, 62]), where the
main concern s direction-of-arrival estimation. For exdenthe classic MUSIC (MUItiple
Slgnal Classification) algorithm [100] performs a prindipamponent analysis on the array
covariance matrix in order to separate a signal subspace aoie subspace, which are
used in a matrix operation that results in peak responségisdurce directions. Although



MULTISOURCE SOUND LOCALIZATION 21

accurate source localization can be obtained with a largsosearray, the utility of such
techniques is limited when the array is limited to only twosars, as in the case of the
auditory system. The MUSIC algorithm, for instance, caralze only one sound source
with two microphones. General multisource localizationstreiso consider room rever-
beration, which introduces multiple reflections of everyrs source and complicates the
localization problem considerably. The problem of reveskion will be treated extensively
in Chapter 7, and hence we do not deal with room reverberatitris section.

As has been described previously, the human binaural syspemars to make use of
several different types of information to localize and sapasignals, including ITDs, IIDs,
and the ITDs of the low-frequency envelopes of high-freqyesimulus components. Nev-
ertheless, of these cues, ITD information typically dontésdocalization (at least at low
frequencies) and has been the basis for all of the modelsidedabove. As a conse-
guence, the primary stage of binaural interaction in maliise localization algorithms is
a representation of interaural timing information baseeitimer an EE-type mechanism as
in the Jeffress-Colburn model or an El-type mechanism akdarBreebaart model. This
representation can be subsequently modified to reflect thadtof [IDs and possibly other
types of information. Figure 5.8 illustrates how the Jeffr€olburn mechanism can be
used to localize two signals according to ITD. The upper taogis of the figure show
the magnitude spectra in decibels of the vowels /AH/ and #ptlken by a male and a
female speaker, respectively. The lower panel shows thdvelresponse of the binaural
coincidence-counting units when these two vowels are ptedessimultaneously with ITDs
of 0 and -0.5 ms, respectively. The 700-Hz first formant oftnveel /AH/ is clearly visible
atthe 0-ms internal delay, and the 300-Hz first formant of/tveel /IH/ is seen at the delay
of -0.5 ms.

5.6.1 Estimating source azimuth from interaural cross-correlation

The first computational system for joint localization andi®@ separation was proposed
by Lyon in 1983 [76]. His system begins with a cochleagram sband mixture, which
is essentially a representation that incorporates cocfilisaing and mechanical-to-neural
transduction of the auditory nerve (see Sec. 1.3). The sysigbsequently computes
the cross-correlation between the left and the right cagriem responses, resulting in a
representation similar to that shown in the lower panel gf Bi8. Lyon termed this the
cross-correlogram. He suggests summing the cross-correlation responsealtivequency
channels, leading to a summary cross-correlogram in whichnment peaks indicate the
ITDs of distinct sound sources. The idea of performing peatection in the summary
cross-correlogram for multisource localization has sioeen adopted in many subsequent
systems, although Lyon'’s original study did not evaluateittea in a systematic way.

A more systematic study of multisource localization wasdraried by Bodden [10],
again in the context of location-based source separatitve bihaural processor used in
Bodden’s system follows the extension to Jeffress’s mogdlauert and his colleagues
as detailed in the previous section; in particular it inargtes contralateral inhibition and
adapts to HRTFs. As a result, his model for localization iselanot only on ITD but also
on IID. His system analyzes the acoustic input using a fitekwith 24 channels, intended
to simulate the critical bands in human hearing. A mixturéfadband signals such as
speech may have large spectral overlap. In other wordgrdift sources of this kind are
usually not well separated in frequency as shown in Fig.AsBa result, binaural responses
to different sources interact in a complex way in the crassetogram, so that peaks in the
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cross-correlogram no longer reliably indicate ITDs of indual sounds. Hence, spectral
overlap between multiple sound sources creates a majanudiffiin localization.

To deal with the problem of spectral overlap, the Bodden rhioderporates a number
of computational stages. First, the cross-correlationtion within each frequency band is
converted from an internal-delay axis to an azimuth axigs Tonversion is performedin a
supervised training stage using white noise presentediatsgarrival angles between -90
to 9 in the frontal horizontal plane. The mapping between pealitions on the cross-
correlation axis to the corresponding azimuths is firstidistaed within each frequency
band, and linear interpolation is used to complete the asie. Bodden has observed some
frequency dependency in the conversion, which is congistgh the observed frequency
dependence of physical measurements of ITD by Shaw andspesummarized in Eq.
5.1. To perform localization, the model sums convertedszmsrelation patterns across
differentfrequency channels. Rather than simply addiegttogether as is done in Lyon’s
model, the Bodden system introduces another supervisathgatage in order to determine
the relative importance of different bands; this is donedimalar way as in the conversion to
the azimuth axis. This second training stage provides atieigicoefficient for each critical
band, and the weighted sum across frequency is performekeohitaural responses in
different frequency channels. To further enhance thebiitiaof multisource localization,
his system also performs a running average across timenaatshort window (100 ms).
These steps together result in a summary binaural pattdexéd by azimuth and running
time.

A peak in the resulting summary pattern at a particular tigrieterpreted as a candidate
for the azimuth of an acoustic event at that time. Bodden’siehdecides whether an
azimuth candidate corresponds to a new event by trackintitieecourse of the amplitude
of the summary binaural pattern — a new event should have @mgmanying amplitude
increase. Results on two-source localization were regpdad when the two sources
are well separated in azimuth, the model gives good resitlshould be noted that the
sound sources used in Bodden’s experiments were combigédllyi from recordings of
the individual sources in isolation (Bodden, personal camitation); it is more difficult to
obtain comparable improvements using sound sources rddand natural environment,
especially if reverberation is a factor. This concern ajgglias to a number of subsequent
studies (e.g., [94]).

5.6.2 Methods for resolving azimuth ambiguity

When the azimuths of sound sources are not far apart, thedBodddel has difficulty in re-
solving them separately because, as discussed earlfergdif sources may interact within
individual frequency channels to produce misleading p&altse binaural pattern. For ex-
ample, two sounds may interact to produce a broad crosslogram peak that indicates a
ghost azimuth in the middle of the two true azimuths. Sewesthods have been proposed
to sharpen the cross-correlation modes along the intelelaly axis and resolve ambigu-
ities in source azimuth, including the previously-menédrsecond level of coincidences
across frequency proposed by Stern and Trahiotis [114 dridihe contralateral-inhibition
mechanism proposed by Lindemann [70, 71].

One approach that has been effective in computationalregster source separation
is the computation of a ‘skeleton’ cross-correlogram [88, Svhich is motivated by the
observation that peaks in a cross-correlogram function@rebroadly tuned to resolve
small differences in azimuth (see Fig. 5.8). The basic idéaieplace the peaks in a cross-
correlogram response by a Gaussian function with a narnavdén. Specifically, each local
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Figure5.9 Azimuth localization for a mixture of two utterances: a matterance presented &t 0
and a female utterance at20A. Cross-correlogram for a time frame 400 ms after stimoloset.
The lower panel shows the summary cross-correlogram. Be®kecross-correlogram for the same
time frame. The lower panel shows a summary plot along th@athi axis. The arrow points to
channels that contain roughly equal energy from the tangéttlhe interference. Reproduced with
permission from [94].

peak in the cross-correlogram is reduced to an impulse oddh@e height. The resulting
impulse train is then convolved with a Gaussian, whose wilthversely proportional to
the center frequency of the corresponding filter channeé rBlsulting summary skeleton
cross-correlogramis more sharply peaked, and therefpresents multiple azimuths more
distinctly.

Figure 5.9 illustrates the utility of the skeleton crossretogram for a mixture of a male
speech utterance presented atfid a female utterance presented &t Fg. 5.9A shows
the cross-correlogram for a time window of 20 ms in respoagkd stimulus, where a 64-
channel gammatone filterbank with filter center frequenogirag from 80 Hz to 5 kHz is
used to perform peripheral analysis. The cross-correfnigahown for the range [-1 ms, 1
ms]. For frequency bands where energy from one source isgomithe binaural response
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indicates the ITD of the true azimuth. On the other hand, fammels where the energy
from each source is about the same, peaks in the binaurainespmleviate from the true
ITDs. In this case, the summary cross-correlogram showhdrdwer panel of Fig. 5.9A

does not provide an adequate basis for resolving the twoudkin Figure 5.9B shows

the corresponding skeleton cross-correlogram with sharpaks (note that a conversion
from the delay axis to the azimuth axis has been performddsrfigure). Integrating over

frequency yields a summary response that clearly indigh$vo underlying azimuths,

as shown in the lower panel of Fig. 5.9B. A skeleton crossetogram could be produced
by applying a lateral inhibition mechanism to a conventlarass-correlogram; lateral

inhibition should be contrasted with contralateral intidy used in Lindemann’s model
[70].

Motivated by the psychoacoustical evidence that humawpagnce in localizing multi-
ple sourcesis enhanced when the sources have differentiomsg, Braasch [12] introduced
a model, called interaural cross-correlation differefficelocalizing a target source in the
presence of background noise. When the target and the mackdjnoise are uncorrelated,
the cross-correlogram of the mixture is the sum of the coosselogram of the target and
that of the noise. If the cross-correlogram of the backgddsrknown, it can then be used
to subtract from the mixture cross-correlogram, produchegcross-correlogram of the
target alone. As a result, target-localization perforngaiscbetter than that which is ob-
tained using the traditional cross-correlogram. The bidsia behind Braasch's difference
model is similar to that of spectral subtraction commonkydim speech enhancement (see
Sec. 1.5). Consequently, we can expect that Braasch’s maltlelork reasonably well for
signals that are in the presence of stationary backgrouisg nbut not so well when the
interference is nonstationary in nature, as in the case ofrgpeting talker.

Itis well known that the energy distribution of a speechnattee varies a great deal with
respectto time and frequency. Hence, for a mixture of spsegices — or any other sources
with such characteristic such as musical sounds — a singieadends to dominate the
responses within individual time-frequency units, eaahesponding to a specific frequency
channel and a specific time frame. This property has beenestblished in earlier parts
of this book (see Chapter 1 and Chapter 4). Figure 5.8 ilitess$r such a situation for a
mixture of two concurrent vowels. Because the two vowelswslioergy peaks in different
spectral regions, they are well separated in the binautinmeshown in the lower panel of
the figure. Capitalizing on this observation, Faller and iteia [41] recently proposed a
method to automatically select the time-frequency (T-Fsuohominated by a single source.
The ITD and 11D cues provided by such units resemble thosdtetdi by a single source.
Faller and Merimaa assume that only reliable binaural ceesed from such units are fed
to the later stages of the auditory pathway.

Faller and Merimaa [41] propose an interaural coherencenfi€asure to select reliable
T-F units. The IC is estimated from a normalized cross-datign function, which may be
defined for a specific frequency channel at titvees

ffoo rr(a)zr(a — T)w(t — a)da

R(t,7) =
\/fioo 22 ()w(t — a)da\/ffoo %h(a — Hhw(t — a)da

(5.5)

The notations in the above equation are the same as those WEdz(¢, 7) is evaluated
in the range [-1 ms, 1 ms]. The IC at timés then given by

IC(t) = maxR(t, 7) (5.6)

T
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This measure of interaural coherence, which in many ways lbeasegarded as an am-
plification and implementation of an earlier approach byeAkt al. [1], is effective for
the following reasons. When a single source dominates aiémcy band at a particular
time, the left and the right signal will be similar except #or ITD, which leads to a high
IC value. On the other hand, if multiple sources have sigaifienergy within the same
time-frequency unit, the left and the right signals will Imeaherent, leading to a low IC
value. In the Faller and Merimaa model, binaural cues fromuhits with high IC values
are retained, and the cues from other T-F units are discaiideslr evaluation results show
that the selection of binaural cues based on interauralreobe yields sharper peaks in a
joint ITD-IID feature space, which implies more robust lbzation of multiple sources.
Faller and Merimaa have also evaluated their method onifieglreverberant sounds, and
more discussion on this will be given in Chapter 7.

A major cause of azimuth ambiguity is the occurrence of mldtpeaks in the high-
frequency range of the cross-correlogram in response toadband source (e.g. speech),
as shown in Fig. 5.9A. This is because at high frequenciesdivelength is shorter than the
physical distance between the two ears. When multiple sslare active, their interaction
may lead to a summary cross-correlogram in which the peakenger reflect the true
ITDs, as discussed by Steehal. [114, 117]. Liuet al. [73] divide the peaks into those
on the primary trace that coincides with the true ITDs and¢hon the secondary traces
that do not indicate true ITDs. Furthermore, they obseragttie primary and secondary
traces form a characteristic pattern on the cross-conratngnd devise a template matching
method that integrates peaks across frequency on the Balsesaharacteristic correlation
pattern. They call their spectral integration method therisil’ filter, and have reported
good results for localizing up to four speech sources. A naeteiled description of the
stencil filter will be given in Chapter 6, in the context of &ion-based sound separation.

5.6.3 Localization of moving sources

Sound localization in real-world environments must coesithe movement of sound
sources. For example, a speaker often turns his or her hehavalks while talking.
Source movement introduces yet another dimension of coditylén particular, it limits
the window length for temporal integration, which has prote be very useful for accu-
rate localization. Few studies have addressed this impigptablem. Bodden [10] made
an attempt to test his model on localizing two moving soutbes$ cross each other in
their azimuthal paths. However, the two sources in his eialn are active alternatively
with little temporal overlap, presumably because of théiiitst of the model to deal with
simultaneously active sources.

Roman and Wang [93] recently presented a binaural methddiftking multiple moving
sources. They extend a hidden Markov model (HMM) for multipitracking [127] to the
domain of multisource localization and tracking. Specificéhey extract ITD and IID cues
and integrate these cues across differentfrequency clsanmpeoduce a likelihood function
in the target space. The HMM is subsequently employed to mmmtinuous azimuth tracks
and detect the number of active sources across time. Theielhsombines instantaneous
binaural information and an explicit dynamic model thatgliates the motion trajectory of
a sound source. They have reported good results for trackieg active sources whose
azimuth paths may cross each other. A further evaluatiowslaofavorable comparison
with a Kalman-filter based approach [92].
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5.7 GENERAL DISCUSSION

The ability to localize sound sources is a crucial aspectidftary perception; it creates a
sense of space for the listener, and provides informationtthe spatial location of objects
inthe environment which can be critical for survival. Thggsoacoustical studies reviewed
here reveal that human binaural hearing can accuratellizecsounds, particularly in the
horizontal median plane, and that this capacity remairgelgrintact in the presence of
other interfering sounds. Reproducing this ability in cartgtional systems is a significant
challenge, and an important one for the development of CAfems.

Binaural sound localization is largely based on compagd&mtween the signals arriving
atthe two ears. Several cues contribute in this respettidimg ITD, 11D, aswell asthe ITD
of the low-frequency envelopes of high-frequency comptsmefthe signals. Cues related
to frequency-dependentfiltering by the pinnae also playeg particularly for localization
in the vertical plane and for resolving front-back ambigpsit Although ITD appears to
play a dominant role in the determination of sound azimutk,dlear that all of these cues
interact in complex ways. At present, these interactioasat well understood; similarly,
there is much that we do not know about how binaural cues aptogned to process multiple
sound sources.

The Jeffress coincidence mechanism [59], postulated dl6years ago, has domi-
nated computational modeling of sound localization. Hoevethe Jeffress scheme and its
variants (see Sec. 5.5.2) were principally developed tda@xphe localization of simple
stimuli such as a single sound source in an anechoic envenhmVhile these models
have been successful in modeling the binaural perceptiosotdted sounds, there have
been relatively few attempts to quantitatively evaluaenthusing multiple sound sources.
Nonetheless, the key representation in Jeffress’ schemkerred to by some as the cross-
correlogram— has been used as the basis for a number of oautteslocalization and sound
separation systems. Within such systems, integrationosiecorrelation responses across
frequency and time is necessary for good localization perémce. Computational efforts
in multisource localization have mostly concentrated on tresolve azimuth ambiguity
introduced by the presence of multiple sound sources.

Spatial location is an important cue for auditory sceneyamiglsee Sec. 1.1 and Breg-
man [17]), and many computational studies have addresseuttiblem of location-based
grouping — the topic of the next chapter. In such studiesyddacalization is often consid-
ered to be a prerequisite step. This, plus the fact thatspésmnporal integration is usually
needed for accurate localization, raises an interestingejtual issue of whether sound
separation depends on localization or sound localizatepedds on separation. Experi-
mental evidence discussed in Sec. 5.4.1 suggests thated $angnd in background noise
that is clearly audible is also easily localizable. Thisitates a close link between sound
localization and separation.

On the one hand, the robust MLD effect due to spatial seperdsee Sec. 5.4.2) and
other binaural advantages in sound separation would diramgply the contribution of
location-based grouping to auditory scene analysis. Omther hand, it is well known
that binaural cues such as ITD and IID are susceptible tasign by background noise and
room reverberation (see Chapter 7). Such intrusions mdieble estimates of binaural
cues very difficult, if not impossible, in local time-frequey regions.

Indeed, the notion that the human auditory system groupzseswaccording to ITD is
far from universally accepted. For example, the resultewérl experiments using ear-
phonesindicate that listeners are unable to achieve sepaeatification of simultaneously-
presented vowel-like bandpass-noise sounds solely oretis bf their ITDs (e.g., [30, 31,
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57]). Culling and Summerfield (and others) believe thatefresults indicate that the hu-
man auditory system does not make use of ITD informationliexing an initial grouping
of signal components according to sound source. They stugfugssignal components
are extracted independently for each frequency using araintal cancellation mechanism
similar to that used in the EC model. In contrast, Setral. have found that identification
accordingto ITDis easily accomplished if similar noise éisare modulated in amplitude or
frequency in a fashion that is similar to the natural modaret of speech signals [91, 112].
One plausible interpretation of these results is that thedruauditory system first groups
signal components according to common modulation in aogeitand/or frequency (as
well as other information such as the harmonicity of peaijnal components), and that
ITD information is then used to segregate the grouped commtsnperhaps abetted by IID
information to provide additional help in interpreting aigious inputs. Certainly, sound
localization and sound separation are likely to interacivays that we do not yet fully
understand.

While the question of how human listeners utilize ITDs torsggte sounds remains an
interesting one, it is not necessary for a CASA system to miwery aspect of auditory
processing. As a practical matter, signal segregation ieigdly more easily achieved
computationally on the basis of ITD information than it isbd on common amplitude or
frequency modulation, at least for anechoic signals. Hetheeuse of ITD information as
the basis for signal separation remains appealing for ctamtipnal systems.

Future research in multisource localization will need tdrags the issue of room re-
verberation, which few computational studies have tacHiegttly (see Chapter 7). More
consideration also needs to be given to moving sound squitgsh frequently occur in
natural acoustic scenes. Background interference, rexatibn, and motion conspire to
create a tremendous problem for computational sound leatadn systems that operate in
real-world environments, and they will present a challefogenany years to come.
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