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Used Symbols
Indices
a signal a
abt sampling, sampled
b signal b
c signal ¢
diffuse field
f free field transfer function
FG critical band
G weighting factor
HE auditory event
i summation index
k summation index
korr corrected value
| left ear
m transferred to the reference point center of tlalhe
max maximal value
min minimal value
o upper cut-off frequency of the critical band
p summations index for sound sources
q sound source (also summation index)
r right ear
soll value of the desired direction
SQ sound source

u lower cut-off frequency of the critical band
X parameter of an arbitrary estimatorxx @ or b)
M mean value

o standard deviation

0 input direction

Exponents
' estimator
+ cross power density of a signal

* conjugated complex
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Formula Symbols

a(t)
am(?)
am'(t)
am(t)
A(f)
Am(t?
Am'(1)?
Am(fT)
Am*(f,1)?
AntwB
b(t)
bin(®)
bry'()
brn(®)
B(f)
Bm(t?
Brm'(1)?
Bn(f.1)
Bn'(f.0)?
Cschall
d

ae
Em*

€mb
f

fabt

time function of the sound signal

time function of the sound signalat the reference point center of the head
estimator for the sound signal amplitudat the reference point center of the head
analytic time function of the sound sigrat the reference point center of the head
Fourier-transform of the sound sigral

source vector (at the reference point center ohdaal)

source estimator (at the reference point centdreohead)

Fourier-transform of he sound sigmaht the reference point center of the head
spectral cross power density of sound sigif@lat the reference point center of the head
range of answers of the auditory experiments (£9f1°)

time function of the sound signal

time function of the sound signalat the reference point center of the head
estimator for the sound signal amplitude b at #ierence point center of the head
analytic time function of the sound sigeat the reference point center of the head
Fourier transform of the sound sigmal

source vector (at the reference point center ohdaal)

sound sourcestimator (at the reference point center of thelhea

Fourier transform of the sound signal at the refeegpoint center of the head
spectral cross power density of sound sidni@lat the reference point center of the head
sound velocity

microphone distance

interaural difference

power density of the diffuse sound field

analytic time signal of mirror sources

frequency

sampling rate

correction factor

center frequency of the critical band

lower limit of the considered frequency range

upper limit of the considered frequency range

upper cut-off frequency

upper cut-off frequency of the critical baind

lower cut-off frequency

lower cut-off frequency of the critical band

function of

lock-in range around a sound source, where audéweeyts are considered as correctly
localized

Fourier transform



SrI(T)
Sn(T.)
§r|(fvt)
SE
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inverse Fourier transform

critical band

weighting factor

compensation signal for correction purposes

outer ear impulse response of the left ear

outer ear impulse response of the right ear

transfer function left ear - center of the head

free field-outer ear -transfer function of the ledr

free field-transfer function head position - cerdkthe head

free field-transfer function sound source - heasitpmm

transfer function sound source - left ear

transfer function sound source - right ear

transfer function right ear - center of the head

free field-outer ear -transfer function of the tiglar

interaural transfer function

auditory event

cross product

real time function of the left ear signal.

analytic time signal of the left ear signal.

Fourier transform of the left ear signal.

localization rate: degree of correspondence betweand direction and auditory event
lateralization (-10=left, O=center, 10=right)

slew rate of the upper filter slope of the critibahdi

slew rate of the lower filter slope of the critidandi

total amount

number of perceived auditory events in an audiéxperiment
number of sound sources

real time function of the right ear signal.

analytic time signal of the right ear signal.

Fourier transform of the right ear signal.

signal of the desired direction

signal of the desired direction at the referendatpzenter of the head
signal power estimator for the desired directiothatreference point center of the head
source vector estimator for the desired directrefeence point center of the head)
cross correlation function

sliding cross correlation function

Fourier transform of the sliding cross correlationction

sound event

time



time interval

integration time for the evaluation of the statigtiparameters

experiment (number)

test person(number)

guess probability

window function

Fourier transform of the window function

weighting function for the estimatar

arbitrary estimatorx(= a or b)

power of an arbitrary estimator at the referendatpmenter of the head
arbitrary source estimator (reference point ceofténe head)

interaural damping

estimator for the interaural damping

interaural phase

estimator for the interaural phase

interaural phase of the arbitrary source estimete

(center-)frequency difference of auditory experitrggnals
(center-)frequency difference, at which one sound®e can be localized correctly.
(center-)frequency difference, at which both sosodrces can be localized correctly.
bandwidth of a critical band

interaural level difference

complex mean value of the cross correlation fumctioof the cross product
mean value of the power of the left ear signal

mean value of the power of the right ear signal

signal phase

difference between the signal phases of the signafsed b

current angular velocity

complex standard deviation of the cross correldumetion or of the cross product
standard deviation of the power of the left eanalg

standard deviation of the power of the right egnal

interaural time difference

additional interaural time difference (cross catiein function)

normalized interaural time difference90° corresponds tH6251s)

maximal interaural time difference

mean interaural time difference inside the congidérequency range
mean runtime source-receiver

angle of incidence



