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5. Algorithmsfor the Evaluation of Interaural Phase Differences

(" Phase-Differ ence-Cocktail-Party-Processor")

5.1. Requirementsfor a Cocktail-Party-Processor

A system for the analysis of ear signals shall m#te following requirements:

A Cocktail-Party-Processor shall be adapted tcsitpeal processing of the auditory system:

The processing of ear signals shall be possible.
Signals shall be processed inside critical bands.
Time constants shall be adapted to the humanaydiystem.

The power and input directions of at least 2 sosndrces shall be evaluated from a
mixture of sound sources (according to the audiexgeriments, chapter 3). A loss of
information related to phase and frequency inforomatvould therefore be tolerable.

The algorithm shall be able to work under a bigetgirof acoustical conditions:

Processing of microphone recordings (no leveleddfice between the receivers), head
related recording as well as signals from microghamays,

Processing of signals with a constant amplituderrfftonic tones) and time dependent
amplitude (noise, speech),

Processing of configurations with 1, 2 or morerses.

Processing under different spatial environmentese field, closed rooms with reflections
and reverberation, diffuse sound field.

The system shall be applicable in conjunction wlifferent signal processing methods:

It shall be possible to process signals from dedaction algorithms (see chapter 7).

The information content of ear signals shall asafapossible not be decreased and it shall
be possible to forward the result to further analgteps.

The algorithm shall be describable in a matheraliyiclosed form..

Subsequently a system shall be presented, whibhsed on the analysis of the interaural cross
product and which fulfills these requirements. Thsults of this system shall be discussed for
different signal and environmental conditions (floe integration into a package of binaural signal
processing see chapter 7 and the overview sche¥k vespectively)

5.2. Theinteraural Cross Product

Definition

According to the considerations in chapter 4 theraural cross produ&(t) between band-pass-
filtered analytic time signals of the ear signdt} I(t) will be used as analysis method. It is defined

as:

k(®) =1 10"

k@ = o) 1] Pr®
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for one sound source with

/ constant amplitude.

The absolute value of the interaural cross prodoctesponds to the product of the ear signal
amplitudes, the phase corresponds to the phaserdfiffe between the ear signals. Hereby
information about the absolute phase and aboutatteolute frequency gets lost as well as
information about level differences between the signals. The loss of phase and frequency
information by the Cocktail-Party-Processor-Alglont is not in contradiction to the auditory
experiments (chapter 3), whereby the auditory systan extract input directions (interaural
time/level differences) and signal power of sing&ind sources, but not phase, frequency or sound
information of these sources.

Since this algorithm does not evaluate interaueakll differences, additional algorithms for
processing interaural level difference are necgdsaia complete binaural analysis (see chapter 6).

One Sound Sour ce with constant Amplitude, Source Vectors

If one sound source is present and the interauwaaster functions (formula 4.1/9) remain
constant inside critical bands, the interaural €f@®duct results into:

k() = lan®F ePa= A2 (5.2/1)

The absolute value of the interaural cross proguptoportional to the mean power of the source
signal at the reference point "center of the hdaldapter 4.1). The phase corresponds to the inter-
aural phase, it if therefore proportional to theeraural time difference. For sound sources with a
constant amplitude the locus curve results intmiatgn the complex plane (Fig. 5.1). Power and
interaural time difference of the source can bduatad from the locus curve. Signal phase and
interaural level difference have no influence oa ltthcus curve. The interaural cross product of such
a signala(t) at the reference point "center of the head" vellnamedsource vector A,,(t)? below.

The locus curve of the interaural cross productesponds to a representation of the interaural
cross correlation function according to formula/4.and 4.4/1 in polar coordinates with a phase
being proportional to the displacement time ofc¢hass correlation function.

This correspondence is only valid for signals wetinstant amplitude and constant interaural
phase or for short integration times of the crosgetation function. For time variant signal
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Fig. 5.2:Locus curve of the interaural cross product k(t) (formula 5.3.1/1) for 2 sound sources
with constant signal amplitude, but different directional information.
Parameter of the locus curve is the time.
Signal sound source A: Sinus 500 Hz, Amplitude=1 , T,= Ops; Kka(t)=const.
Signal sound source B: Sinus 560 Hz, Amplitude=0.5, T,=400us; Kkg(t)=const.
Time- locus-curve of the interaural cross product k(t)
------ Circle with radius |g| (standard deviation) around the complex mean value U
Left: no interaural level differences AL,=AL,=0dB; Right: AL,,= 6dB

parameters the cross correlation function will aelgresent the mean value of power and interaural
phase, whereas the interaural cross product wikithe course exactly.

5.3. The Phase Differ ence-Cocktail-Party-Pr ocessor

5.3.1. Theinteraural Cross Product at two Sound Sour ces

If 2 sound signals(t),b(t) are emitted from different directions, the eamaig of the particular
signals superpose. If the interaural differencessdm a critical band can be considered as being
constant, (low frequency description accordingariula 4.2/1), the analytic time signals of the ear
signals result to:

r(t)= ap(t) iQat*j®Pa o +720a+%Pa by (0) ol ot Py o +720,+72fp
I(t)= an,(t) ol QattjPa  Y20a 2B by (t) oIt Py Y20 2P

With the cross products of the particular sourcgnalis and with the source vectors
A2=laPeiB,, B2=|b,[2eiB, (formula 5.2/1) the interaural cross product resstd::

k()= Am(t? + Bp(t)? + 2 Ap(t) Bm(t) cosh(j(Qa-Qp)t +j(Po-®p) + ¥2(05-0y))
(5.3.1/1)
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Table 5.1: Influence of Sound-Source-Parameters on the Locus Curve
of the interaural Cross Product (Ellipse)

Ellipse-Parameter influencing Signal Parameter

- Center Sum of the locus curves of the particular signals
(power and input directions of the sound sources)

- Largest principal axis Geometric average of the signal powers

- Orientation (phase zero) Mean interaural phase difference

- Angular frequency Difference between the instantaneous frequencies

- Phase Difference between the phases of both signals

- Principal axis ratio Interaural level differences

The time locus curve (Fig. 5.2) results into afpe#. The Influences of the signal parameters on
the ellipse are depicted in Table 5.1.
For microphone recordinga£0) the locus curve results into a line..

5.3.2. The Cocktail-Party-Processor-Algorithm

With the help of the complex mean valuend the complex standard deviatiorof the locus
curve an equation system can be set up, which eansbd to evaluate the amplitudes and the
interaural time differences of both participatimmusd sources. The complex mean valuand the
complex standard deviatianare defined as follows:

w=127, [ k) i,
t-Tu
Ty
02 = 1/2T, | (k(ty)- W)z dt, (5.3.2/1)
t-Tl-l
With the interaural cross product from formula 8/3, the complex mean value results to:
t+TH t+TH
u= 1/2T, | Am(ty? dt, +1/2T, | Brn(ty)? dty,
Ty Ty
Ty
+1/2T, | Anm(t) Bn(ty) cosh( j(Qaty)-Qult)ty + i@ Py + Yeu,-¥o0r,) diy,
tT
Il

When choosing the integration tin2&, so, that it is on the one hand small compareth¢o
change rate of the signal parameters and on ther didnd large compared to the period of the
signal's instantaneous -frequency-difference, thistical parameters result as follows:

1= Ar(t)2 + (1)
G=2 Ay®) Bn(®) (5.3.212)

Herewith an equation system can be set up, fronttwthe so calledource estimator can be
evaluated. A complex source estimatgy(t)2 or B,,,'(t)2 estimates for the reference point "center of
the head" from sound field parameters the corredipgnsource vector (formula 5.2/1). The
absolute value of the source estimator is propoali to the power of the estimated sound source,
the phase is proportional to the interaural phegseefrom also estimators for the amplitudes of the
sound sources, trenplitude estimators a,;,'(t), b,,'(t) can be derived:
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(An® £By()2= utv2 0o

Am'(t)=§\/g+\59 +§\/E—«59

Bm'(t)zé\/g 20 ‘ﬂE ~20 (5.3.2/3)
am'(M) = [An'®) Ba' =2 arg(Ay'(1)
bm'(t) = 1Bm' () Bp' =2 arg(By,'(1)

If the instantaneous frequencies of the sound ssuate known, the interaural time difference
can be determined from the interaural phase anefrben with the help of the outer ear impulse
responses the power of the sound sources in tadiéld a'(t)2, b'(t)2:

Ty = Ba/Qa Ty =Bb/Qb
a'(t=(am'(t) * hpn(ta)1)? b'(©%= (am'(t) * hym(Tp)2)?

This estimation algorithm will be calle@hase-Difference-Cocktail-Party-Processor below.
Inside the box on page 51 the method is presemtegiehensively.

From the estimated powers an estimated time sigha sound source can be evaluated by
processing the original ear signals with the héla Wiener-Filter-Algorithm (see chapter 7.2).

Properties of the Algorithm

When using the Phase-Difference-Cocktail-Party-€seor for signal processing tasks the
following basic conditions have to be considered:

- Envelopes and input directions of the sound s@uncay only change slowly compared to
the integration time. For used integration times 1d@f..30 ms envelope modulation
frequencies of 30..100 Hz would be evaluable. Thelysis of speech signals would
therefore be possible without restrictions.

- The power of the sound sources is estimated ®réfierence point "center of the head"
(chapter 4.1). It corresponds to the geometricalaye over both ear signals. Knowing the
free field outer ear transfer function, the fresddipower or the loudness of the signals can
be evaluated from it. According to Remmers/PraB# fhese items depend on the sum of
the ear signal powers.

- For lateral displaced sound sources the relatipnisetween (estimated) interaural phase
and (needed) interaural time difference is frequatependent. Therefore errors can appear
at the estimated directions, if the instantaneoeguencies of the signals are unknown (up
to £12% for third octave band filters). For sound sesrevith a constant direction the
qguality of the estimation can be improved by avemgghe interaural time difference
estimators over the time or frequency. For soumcghe median plane this error does not
appear.

- For natural ear distances there are ambiguitieseaB60 Hz for determining the interaural
time difference from the interaural phase. Proocgssf signals of higher frequencies
remains possible, as long as the ambiguities ofethsting sound sources don't overlap.
These ambiguities can be overcome, if addition&rmation (for example from the
evaluation of interaural level differences) carodie taken into account. (see chapter 6).
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The Algorithm of the Phase-Difference-Cocktail-Party-Processor

1. Evaluation of the interaural cross product from the analytic time signals of the ear signals

k() = r(t) 1)

2. Evaluation of statistical parameters of the interaural cross product

t+Tu t+Tu
o= 12m, | ke d o = 127, | (k)-pyd,
t-TH t-Tu

3. Estimation of sound source amplitudes and directions of two sound sources

Am®©=2 V20 + 2 u-"20  By®=2u+v20-1u-V2o

4. Evaluation of interaural time differences and power of the estimated source signals

T, = arg { Ay'(®)}/ T T,' = arg { Bp'(t) } / ¢

a(t)?=]An' (M) /Hn(1a) P b'(t)> = | Bm'(t) / Hm(f, 1) I?

5.3.3. Signal Processing Examples
Processing of the Signals of the Auditory Experiments

Fig. 5.3 shows the estimators of the Phase-DiffexeDocktail-Party-Processor for the signals of
the auditory experiments (sinus signals aroundHf)0Osignals inside the main critical band). The
input directions (+35°, -5°) are simulated usingmalized interaural time differences according to
formula 3.1/1 (35Qus and -5Qus) and the associated interaural level differer@esording to
appendix C. Depicted are the absolute values anahtbraural phases of the estimators.

For low frequency differences (signals: 500 Hz &i@ Hz) amplitude and interaural time diffe-
rence of the estimators get extremely time varidiite estimated interaural time difference moves
between -50Qus and +70Qus, it covers nearly the whole naturally occurriagge. The estimators
match to the results of the auditory experimenty weell, since: for low frequency differences very
diffuse or through the room moving auditory evdmse been perceived. (chapter 3.2).

For signals of 500 Hz and 530 Hz the fluctuationtloé¢ estimators becomes smaller.. The
estimated interaural time differences and soundrcgo@amplitudes match temporarily to the
corresponding sound source parameters, but thereekatively strong deviations of up #200pus
for the interaural time differences and of up #80% for the signal amplitudes. At the
corresponding auditory experiments the test persmugd determine the input direction of the
sound sources correctly, although with a good déarouble. In the Cocktail-Party-Processor-
Model the troubles of the test persons could beiqot relationship with the periods, where the
estimated input directions and amplitudes match #ie sound source characteristics.
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Sinus 500 Hz + 510 Hz . Sinus 500 Hz + 530 Hz
14 - 1
P ' WM T
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o [ \"—fl-_/ . o : ,
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° / \ ° _—--/Jr H.,.,_jﬂ“a__,_:"’ _\L«*A“’ W‘k '
N
S0 100 50 100
Sinus SO0 Hr + 580 Wz . Fig. 5.3:
The Phase-Difference-Cocktail-Party-Processor
at the signals of the auditory experiments.:

1 . Estimated signal amplitudes (upper diagrams)
and interaural time differences (lower diagrams)
in dependency of the time
Signal a:  sinus 500Hz, amplitude=1,

o ) . ] T,= -50us (6= -59

50 100 Signal b:  sinus 500Hz+Af, amplitude=1,
T,=350s (6=359, AL=3dB
-3 . Model parameters: Ty=28 ms
e T A A et e Rt ey 1 estimator per ms
0 = estimator A
R R e W e S e W WPt estimator B
top left: Af=10 Hz
-.5 I ; top right: Af=30 Hz
30 100 bottom left: Af= 80 Hz
Time / ms :

The Phase-Difference-Cocktail-Party-Processor nest¢herefore the requirements for binaural
models, which arise from the auditory experimeiiise processor can, as required, evaluate the
directions and amplitudes of two sound sources Isameously, and is beyond that able, to
reproduce the results of the auditory experimeantditatively.

For signals of 500 Hz and 580 Hz the estimated @nags, as well as the estimated interaural
time difference s match to the parameters of thendosources. In the corresponding auditory
experiments the test persons could mostly deterthméirections of the sound sources correctly.

Estimation of the Power of Sound Sour ces

The quality of estimation for stationary signalglaregative Signal-to-Noise-Ratios is depicted
in Fig.5.4 (presentation of two sinus signals wdlifferent frequencies and different directional
parameters inside a critical band). Up to signatkdgse-ratios of -100 dB the power of a desired
source can be estimated with an error <1 dB anditketion can be estimated with an error €80
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Fig. 5.4:The Phase-Difference-Cocktail-Party-Processor at stationary signals and negative
signal to noise ratios (SNR).
Left figure: estimation error of the signal amplitude,
Right figure: estimated interaural time difference .
Desired signal:  sinus 560 Hz, amplitude= 1..10°7, T,,,= O s
Interfering signal: sinus 500 Hz, amplitude= 1, Totr= 400 ps; 2T,=20 ms

This means, that two stationary signals from défer directions can be analyzed direction
selectively nearly up to the limit of computatioredcuracy. For this algorithm all those signals
appear as stationary signals, whose amplitudeyémcy and direction remains constant during the
integration time of the statistical parameters €0 ms).

Fig. 5.5 shows the behavior of this algorithm fonsstationary signals and an averaged signal-to-
noise-ratio of -10 dB. The estimator for the dekiderection follows here relative exactly to the
envelop of the desired signal. The power of therdésignal can be estimated with only very small
errors even for occasionally appearing signal-tiseoatios of -24 dB. Estimators inside a range of
+70ps around the desired direction have been considgeredtimators of the desired signal.

Fig. 5.5:

10 + Estimation of the amplitudes of an
amplitude modulated desired signal Which
is disturbed by a stronger interfering signal

5
Signal-envelopes
0 desired signal: Sinus 560Hz,

frmog=5Hz, T=400us
interfering signal: Sinus 500 Hz
fmog=5Hz, T= Ops
-5 EEEEE -siimated envelope of the
' desired signal

Level / dB

-10

| | |
100 200 300
Time / ms
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Estimation of Directions

Since the interaural phase of a dedicated inpettion is frequency dependent, these frequency
dependent deviations have to be taken into acdousignal processing tasks. Therefore a lock-in-
range is defined around the interaural phase ofddwred direction. Estimators with interaural
phases inside this lock-in-range are counted amaitsirs of the desired direction. The width of this
lock-in-range determines the directional selectiat this method. It depends on the bandwidth of
the signals and on the input direction. Fig. 5.6veh for third-octave-band filtered signals (used
lock-in-range 0.07) the resulting estimators of the desired directionfront”, as a function of the
signal input direction. For frequencies around B20the directional lobe covers an angular range
of £15° around the desired direction. For higher fregies the directional lobe gets smaller. For
frequencies above 800 Hz and naturally ear distatieeinteraural phase becomes ambiguous and a
bundle of lobes occurs, the interaural time diffiers of two neighbor lobes differs by one period of
the signal frequency.

For signal processing tasks delays can be adddtietcear signals in order to generate an
interaural time difference of zero for the desideaection. Then the frequency driven variance of
the interaural phases becomes minimal, and snektileranges and small directional lobes can be
used.

Fig. 5.7 illustrates the capability of this methdd, estimate the interaural parameters and
therefore the directions of two speakers and tagasthe estimated signal power to the speaker
positions. Displayed is the estimated signal endrgydependence upon the correspondingly
estimated interaural time difference. The diredidfe. the interaural time differences) can
therefore be estimated quite precisely in the feegy range around 500 Hz, very pronounced
energy maximums appear at the interaural time r@iffees of the speaker directions. This figure
shows also, how the estimated signal energy isildliseéd over the speakers. Even in the frequency
range around 2500 Hz , where the interaural phakésth speakers are quite similar because of
ambiguities, the method succeeds to distributeetfeegy onto two distinct speakers, which are very
close together. Even in the presence of phase aitibgy the Cocktail-Party-Processor can
determine the signal power of both sources andragpdhe signals direction selectively. For
direction separation however a correction methothfchapter 5.6 (validity range of the estimators)
was used here. The solid lines show the results eatrection method, the dotted lines without.

A signal processing example with this processdosumented in chapter 7.3.2.
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Fig. 5.7: Assignment of signal power to input directions
2 speaker with the same power in the free field, 2.7 seconds continuous text,
speaker A in front (T,=0ps);  speaker B from 45°right ( T,=400us);
Y-axis: direction dependent summed up total energy of the estimators,
X-axis: corresponding interaural time difference of the estimators in ms,
estimator for speaker A, T,=0us
estimator for speaker B, T,=400Ls
-------------- estimator for speaker A without correction method, (see chapter .5.6)
left : critical band around 500 Hz right: critical band around 2.5 kHz
parameters of the processing according to chapter 7.3.2

The capabilities of the Phase-Difference-CocktaittfrProcessor to evaluate the input direction
and signal power of sound sources exceed for statycsignals by far the capabilities of the human
auditory system. For signals with time variant atode the signal processing capabilities are at
least of the same order, but can be enhanced yeftufblyer post-processing methods (see
chapter 5.6).

The ambiguities of the interaural phases, whicheapmt higher frequencies for natural ear
distances, can be overcome by additional estimatigarithms (Level-Difference-Cocktail-Party-
Processor, chapter 6) or by multi-microphone-areamgnts with different microphone distances for
different frequency ranges.

Further algorithms to evaluate the input directsord signal power of involved sound sources
from statistical parameters of the interaural cr@seduct are described in appendix E. At
comparative tests, however, the above describexditlgn has turned out to be the most precise and
the fastest one.

5.3.4. Single Sound Source with time variant Amplitude

For a sound source with time dependent amplituéeattsolute value of the locus curkg)
changes, while the phase remains constant. The lmowe results into a line segment through the
origin.
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If there is an amplitude modulated sound source h withe source signal
a2(t)=a,>+a,cos(Qt+®,) (as>=mean value,21wQ,<1/2T), and the period of the amplitude
modification is small against the integration ti2mg,,, then mean value and standard deviation of
the interaural cross product result to:

=Ty
H= 1/2Tu ,[ aX(t”)2 eJBa dtu = 8,2 eJBa
t-T
K

02= 1/2T“ I (ax(t“)z ejBa - U )2 dtU = 1 314 ejZBa
t-T
M

The source estimators (according formula 5.3.23ult into two estimators with identical
interaural phase. From this the following amplitésémators arise:

(A’ + B)2= (a2 £ ay9) elPa
. 1 1
0= g o+ agF-a

iy — L 1
bm (=7 Vagt+ag? - E\/ao2 -ag?

Ba' =Bp = Ba

This example can explain the functional principiéhe Cocktail-Party-Processor-Algorithm a bit
more in detail. Basis is the analysis of inter-nlatans, which appear when mixing signals with
different spectra. If signals interfere with di#et instantaneous frequencies of the analytic time
signals, beats occur, which means, that changeshensignal envelope and phase (inter-
modulations) occur. By a non-linear algorithm (theeraural cross product) terms are generated,
which are dependent of the inter-modulations ohbsgnals, and terms, which describe a linear
overlay of the signals. By generating the compleeamvaluau the terms of the linear overlay can
be extracted, with the help of the complex stand@ndationo the "inter-modulation-terms” can be
isolated.

If only one source with a time variant amplitudgissent, the sound signals are interpreted as an
interference of two signals with different frequgrnd amplitude, but from the same direction.. For
the algorithm there is no difference, whether theduatations of the envelope are caused by the
interference of two signals from different direciso(with different instantaneous frequencies) or by
the interference of two frequency lines of one seusignal. Also variations of the envelope are
considered as the result of the interference of¢marce signals.

One Sound Source with arbitrary Amplitude Characteristics

An arbitrary amplitude characteristics can be dbedr by the interference of a couple of
frequency lines:

N
a(t) = iZlai e JQitﬂcDio
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The interaural cross product of this sound sougsalts to::

. N N . . .
k(t) = eJB > > aa eJ(Qi_Qk)t + P -j Py
= =1 k=1 19K

N N il
K(t) = oIB ( i=Zlaiz + 2 Izzl kz=1ai ay, cosh{ (Q-Q)t+ [P Py} )

For sufficiently big integration times the stattsti parameters result to:

N
i=1

. N -1 . N

g2= 2 eJB Z > aza’2= |- eJZB > aj4

i=1 k=1 i=1

The absolute value of the mean value is proportibmahe power of the source, the phase
corresponds to the interaural phgseorrespond to the source vector of the source.eBlienators
for the source signal have all the same interqahvase3, but different amplitudes.:

Ba' =By =B
am (1) =2 Il +V2lo] + 2yl -2lo]

2

brn'()) =% Il +2lo] - 2ylul - 2lo]

If the source signal can be described inside tmsidered frequency range and time period by
2 frequency lines, the amplitude estimators yiatd the amplitudes of these two frequency lines.

5.4. Complex Sound Fields

In this chapter the behavior of the Cocktail-Pdtpcessor-Algorithm at arbitrary sound fields
shall be investigated, in order to analyze appliiteds and potentially necessary enhancements of
the algorithm.

5.4.1. Theinteraural CrossProduct at arbitrary Sound Sour ces

Arbitrary sound fields can be described by therfetence ofN different sound sources. Each
sound source, p can be described inside the considered frequeamuyer and time period v
respectivelyM, frequency lines, each frequency ling with its own instantaneous frequency
Q;, Q, and instantaneous pha®e ®, (indices:p, i for the right,q, k for the left ear signal). The ear
signals result to:

N . Mq . .
= X el¥Bq20q 2 ang el it Py
i=

q=1
k +j¥23,+v20 < jQpt+P
r(t) = p_Zl g 172PpT72 pk_Zl ampk € Pk TPk (5.4.1/1)
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Fig. 5.8:

Locus curve of the interaural cross product for 3 sound sources with the same amplitude.
Signal A: Sinus 500 Hz, a=1, 1,= Ous;
Signal B: Sinus 540 Hz, b=1, 1,=400us;
Signal C: Sinus 580 Hz, c=1, 1,=-400ys.

left figure: without interaural level differences, right figure: AL,= 6dB, AL.=-6dB

Then the interaural cross product results to::
N N | Mg Mp _ _ _
k(t) = > 2e Jl/z(Bp+[3q) +l/2(ap'aq) 2 2a ](ka-qu)t + J(Dpk'Jchi

i 8mpk €
=1 p=1 i=1 k=1 “mai “mpk

Mq

N .
k(t) = q:zl eJBq |:zl 8mqi®

N g-1 . Mg Mp
j(Bp+Bg) - ‘b i
+2 q;l éle P Pq |Zl glamqi ampk COSN{ j(Q-Qt +HP - Py +2(0-0l) }(5.4.1/2)

If the integration time2T,, is big against the period of the difference freupies(Q;-Qg)/2m, the
statistical parameters result to:

N . Mq
= qZ:leJBq izzlamqi2
N g1 . Mq Mp
02= 2q=Zl pgleJBp*Bq % ang? Z,Ampid (5.4.1/3)

U ando? can be described by the statistical parameteitheofcross product for the particular
sources U0, (formula 5.3.4/1) (superposition theorem for th@tistical parameters of the
interaural cross product):
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N
u= 2

N N g-
gz — qzzl Z gl‘—lq Llp = HZ + qélqu-quZ (541/4)

The sum of the source vectors of the particularcsesu,= qu determine the center of this locus
curve. The shape of the locus curve is determinethé superposition of multiple ellipses, each
corresponding to the locus curve from the combamatif 2 of these sound sources.

If there are no interaural level differences (mprone recordings), these ellipses pass over to
line segments, analogous to 2-sound source witinbertaural level differences. This line segments
form a bundle of axes, which can span a part ofdbmplex plane. The locus curves of the
interaural cross product for 3 sound source aréectipin Fig. 5.8.

5.4.2. Two Sound Sourceswith time variant Amplitudes

The influence of time variant source signals on ltwis curve of the interaural cross product
depends on the change rate of amplitudes. If thegd rate of the amplitudes is small against the
difference between the signal frequencies, onlyciater and the size of the ellipse is modified,
compared to the locus curve of two sources withstaomt amplitude (Fig. 5.2). The ratio between
the main axes and the orientation of the ellipseaias unchanged (creation of a moving spiral).
The estimators of the Cocktail-Party-Processostmh a case are depicted in Fig. 5.5.

If the signal amplitude changes faster than theyuir frequency” of the ellips@,-Q,, the
shape of the locus curve changes; "loops" are forfeee Fig. 5.9). In this case the preconditions of
formula 5.4.1/2 remain valid. The interaural crpesduct results to (sources a and b)::

. Ma . Mb
K(t) = eJBa Zl a2 + eJBb kzl b2
i= =

. Ma Mb
+ e 1(Ba*Bo) 2 2 by COST (Qr QT+ [P +(0-0t) ) (5.4.211)
wi

The center of the locus curve results to the surthefsource vectors of the particular sources,
like for two sound sources with constant amplituBer each combination across the frequency
lines of both sources an ellipse arises around d¢bigter point. The main axis ratio and the
orientation of all these ellipses are equal. Beé sangular frequency and zero phase are dependent
on each particular combination of frequency lines.

If the statistical parametegs,u,,0,,0, Of all sources are given, the statistical pararsebé the
cross product result according to formula 5.4.0/2 t

b= Hat+ Hp
02= 052+ Op? +2 Uy Yy

From this the following source estimators conclude:
(B’ £ B Y= ¥ by 4 1, M+ Ol + 0y




Fig. 5.9:

Locus curve

of the interaural cross product
for 2 modulated sound sources.

Signal A: Sinus 505Hz,
fmog=10Hz;a=1; 1= 0us

Signal B: Sinus 565 Hz,
frnog=10Hz,b=1, 1=400us

Y

If the standard deviations of the particular signale small against the geometric mean of all
signal's power, this results into::

2+g.2
m'£Bm)? = (i Ky £ zﬁ

+B )2~(\/7 \/7)2 /—_ba (J;:ﬂ/g)

U, andy, are the desired source vectors of both sound esuAs a consequence, the relative
estimation error results into:

¢ _ Aml' Ea [9) 2+Gb
Sch —
VHa SH, My (\/ W, b, * +1) (5.4.2/2)

The source estimators are composed of the demagmuledr estimators and of an error term,
which depends on the standard deviations and tirereh the modulation depth of the signals. As a
consequence, the directions of the estimatorsrdiféen the sound source directions. If the input
directions of the sources are known, the differene®veen estimated and real direction can be a
measure for the accuracy of the estimated ampliatiees. (see also chapter 5.6).
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5.4.3. Morethan two Sound Sources with constant Amplitudes

For sources with constant amplitudes the formwal®2 becomes less comple,&EM,=1):

N .
KO = 2 amg’ elPq

uMz

iYao(Bs+ . . .

2, Z amp & 2P0 Pa) cosh{ j(Q,-Q )t +bg D, +¥(0p-00) } (5.4.3/1)
The sum of all source vectoss,? corresponds to the center of this locus curves 3lmape is
caused by the superposition of ellipses, each septag the locus curve of a 2-source-

configuration of two of the involved sound sources.

If there are no interaural level differences (mpirone recordings) the ellipses pass over to line
segments, analogous to 2-sound source withoutuntalrlevel differences. This line segments form
a bundle of axes, which span a part of the complexe (formula 5.4.3/2, Fig. 5.8).

N g1 ”
K(t)= Za 2P +23 Tan a2 PP cos{ (@ -0t 0} (5432)
g=1 p=1
For constant signal amplitudes and a sufficierdlygl integration time mean value and standard
deviation of the interaural cross product result to

N
U= q;l Am? (5.4.3/3)
N g1
2= 2 qZZl pgl Amg? Amp? (5.4.3/4)

5.4.4 Diffuse Sound Fields

Sound fields inside closed rooms can be descrilyashibror sound source models according to
Fig. 4.4. The sound field characteristics of eadflections corresponds sooner to single sound
sources, thus late reverberations can approximbeetlescribed as a diffuse sound field. In order to
apply the Phase-Difference-Cocktail-Party-Procedsorclosed rooms (e.g. for de-reverberation
purposes), it has to be investigated, how the glgorreacts in a diffuse sound fields.

Thediffuse Sound Field alone

An ideal diffuse sound field can be described byalmited number of sound sources with the
same power density,,'=|A;'[>=const., which are statistically distributed over all sbéingles (see.
Fig. 4.6: diffuse sound field within late reverb@as). With emg(t) as the mean signals of the
mirror sound sources the mean ear signals (referpomt "center of the head") and the mean
interaural cross product result to:

L

I(t)= L e e 2% Be g (t) = L e e 2004 Be 49 (5.4.41)
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T T
k(®)= L emplt) 7200 11Pe g | eme(®)’ e 7200 +172Bg yq

If the mean power density is identical for all dolangles, thenle,g:(t)|=leme2(t)=Ex'"
If, additionally the mean spectrum of all mirror usal sources is identical, then also
arg{en01(t)}=arg{e,g-(1)}. If, additionally the head is symmetrical, , the@0)=-a(0); B(-8)=-3(8).
With all these conditions, which correspond to dlescription of late reverberations in symmetrical
rooms by mirror sound sources, according to chap®rthe interaural cross product results to:
T

i 2
KO=  EmP | ,[[e%ae 1%Po g |

Tt
i 2
k()= 2 [Eq 2 | Of o200 +1%2Bo gg | (5.4.412)

In this case the phase and the standard deviatidreanteraural cross product become to zero.
The interaural cross product is no longer time ddpat. The statistical parameters and the source
estimators result to:

u =kl g =0

An2=1Y Bn?=0 (5.4.4/3)

The result is only one estimator for the front diten (median plane). This also corresponds to
the considerations in chapter 4.2. The results hef model differ from the common hearing
experience in reverberant rooms. But it has todresidered, that here only the diffuse part of the
late reverberations has been examined and ealdgtiehs, which influence the hearing impression
essentially, have not be examined here. Earlyatfles can be treated like a limited humber of
additional sound sources (see above).

One Sound Sourcein thediffuse Sound Field

If one sound source is located in a diffuse soueld,fthe free field ear signals of sound source
and diffuse sound field,l; interfere.

1(t) = rg(t) +rq(t)
1®) =1y +1q®
k() = kg(t) + kg(®) + rg®lg®)" + rg@lg®)” (5.4.4/4)

If the periods of all difference frequencies areaBragainst the integration time, the statistical
parameters of the cross product can be evaluatedfasction of the parameters of the particular
sound source fields:

U =Hq+ Hq
0% = O+ O¢*+ 2 Uy g = Og?+ 2 g g (5.4.4/5)

[q 1lq

If the amplitude of the sound source is constdmd,following statistical parameters and source
estimators result from it::

8} :Hd+Aq2
szZHquz
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4 (A By Y=gt A E 211 A

As a result there are 2 source estimators, onghéosound source and one for the diffuse field.
An? = Ag? B2 =y (5.4.4/6)
If the sound source is located in the median plane, estimators with the same direction are
obtained. The power of the diffuse field and of fveind source add up. This remembers to room
acoustical effects, where a systematic construafaimoms with a reverberation time smaller than

0,8 s can improve loudness and speech intelligibillowever, sound and envelope of the sound
source signals change by adding diffuse field patars.

For lateral sound sources the diffuse field dodsimituence the estimator of the sound source.
Diffuse field and sound source can be directionakyparated, which can lead to a certain de-
reverberation in reverberant rooms. When turningarads the source, the addition of power appears
again and the source estimators are influencetiéditfuse field again.

Two Sound Sourcesin thediffuse Sound Field

For two sound sources in the diffuse sound fietd statistical parameters of the interaural cross
product 0,2=2A,?B4? andp,=A4*+B?) result, according to formula 5.4.1/3, to:

K =y + Aq2+ qu
0%=2A4?By? + 2 Uy (Ag*+ Byd)
Then the source estimators apply from:
Am'£Bm )= A +B?+ U £2 JAPBS+ P AL+

1B

If the sources are outside the reverberation radhes diffuse field prevails and one source
estimator corresponds to the superposition of botind sources, similar to sum localization, while
the other estimator corresponds to the diffuse fiel

A £By = A7 +B 1 2,1 (A B
Am‘Z =~ qu + qu
Bm? =Wy

If both sound sources are inside the reverberatidius, the source estimators of both sources are
influenced by the diffuse field::

' N2 ~ 1 1 1 1
4(Am t@m)2~Aq2+§Ed + 5q2+§Ed iZJ(Aq2+EEd)@q2+EEd)

An?= qu + %2y

Emlz = qu + %Hd

The diffuse field leads to a displacement in theeational estimation of the sound sources.
However, if the head is oriented towards a sounacgy no directional displacement appears, but
the power of the corresponding estimator, will lbe $um of diffuse field and sound source power.



-64 -

5.5. Dominant Sources

For a bigger number of sound sources and frequiemey, each with the complex mean v
and the standard deviatias,, mean value and standard deviation of the croeslyst result,
according to formula 5.4.1/4, to:

=

I

M
F
Ica,

1
i =
|\/|z

% Hg Hp

Onedominant Source

If one source is dominant, the power of this souge prevails the power of all other sources
IAn2>Z|W], i#q. Representing all sources' frequency lines byiqdar sources witlo,=0 results
to:
= 2 2 fd 2
U=An2+ 2 L 0= 2An2 2l + 22 2 gl
One source estimator corresponds to the dominamtcsoand the second source estimator
corresponds, analogous to sum localization, tetiperposition of the other sources.
Am? = An? Bn? = Z

q¢a

Two dominant Sour ces

If the power of 2 Sources prevails the power of thet of the sound field, the statistical
parameters of the cross product result to:

- 2 4 2 4
H Am Em q¢§b

146052 = 2 2 2
402 = Ar®Br® + (AnBn?) 2 U2 + 2 2 Lg
The source estimators correspond to the sourceorgecf the dominant sources, which are
impacted by the remaining sound field. Dependinglenpower of the remaining sound field the
source estimators deviate more or less from theceorectors of the dominant sources.:

Am?= Apn? + Z

¢b Bn?= By’ + z
g#a,

=m g#a,b q

Conclusion

The algorithm is also able to estimate power amélction of a sound source in complex sound
fields, provided that the desired sound sourceistubed by maximal one strong source or the
desired source has a bigger power than all otherces together.

If multiple interfering sources are present and glgmal-to-noise-ratio is negative, the estimated
directions and power deviate from the existing sbwources. Therefore a correction of the
estimators becomes necessary. Such correctionitalpsr have to realize possible reasons for
estimator-deviations and construct a correctednestir of the desired direction out of it.
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5.6. Mapping of Source Estimatorsonto a desired Direction
Error Reasons

The presented algorithm is able to interpret theammealue and the standard deviation of the
interaural cross product as the result of a soutuctgon with 2 sound sources and to determine
power and input directions of these sound sources.

For sound situations with more than two sound sesiror modulated sound signals the
parameters of all sources can not be determinedgegimators differ prom the existing sound
source parameters. In order to use this method @ecétail-Party-Processor at least the power,
which belongs to a certain input direction, has¢oevaluated. If the estimated direction deviates
from the desired direction, the question appeatstier signals from the desired direction are
present at all and how their portion can be deteeohi

Reason for such deviations can be the presenceltipla sound sources.

- More than 2 sound sources can be present. Incge the source estimators of several
existing sources are combined to pseudo-sourcesselbstimators satisfy the equation
system, but they must not correspond to the ponedaections of existing sources.

- Source signals can be modulated. This corresptmdise presentation of several sound
sources from the same input direction, respectively

- Reflections and reverberation can be appear. tisesponds to the presence of a big
number of mirror sound sources.

Deviations between the estimated input directiod existing directions can also be caused by
inaccuracies in applying this method:

- Ambiguities of the interaural phases at high fesgies. Different input directions might
be mapped onto the same interaural phase.

- Too inaccurate specification of the desired dicect
- Computing inaccuracies.

- Too long integration time compared to the chargsties of the signal parameters. The
signal parameter change during the integration.time

- Too short integration time compared to the diffiee frequencies of the signals. Terms,
which depend on the difference of the instantandé@egiencies, are not averaged out and
influence as non-considered terms the result oéthation system..

- Different conversions interaural Phase - interaumme difference - input angle for
different frequencies inside a critical band. Sinttés conversion depends on the
instantaneous frequencies of the signals, diffaréataural phases can appear for the same
input direction, but different frequencies. Thisrigace of the interaural phases is
dependent on the relative bandwidth of the critizaid.

Subsequently the influence of these error reasba#i be investigated. In case of deviations
between estimated and desired direction, it stekdiimated, with which probability signals of the
desired direction are present and how big theirggawight be. When an estimatgy,? (=A,2 or
Bm'?) has been computed, the signal portions insigeetstimator, which might originate from the
desired direction, are estimated with the help wfegghting functionw,(Bs,)- Then the estimated
power from the desired directiag,2 results to (see also Fig. 5.10):
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Fig. 5.10: Mapping of source estimators onto a desired direction
with the help of weighting functions

Sm?= Wy(Bso) Xm™ with xm? = am?or. by (5.6/1)

A weighting function is also used by Gaik [17] @ddden [10] for appraising the patterns of an
interaural cross correlation function in case oViai#ons between an estimated direction and a
desired direction.

Dependencies between interaural Time Difference and interaural Phase

Inside a critical band with the cut-off-frequencigsf, and the center frequengy the interaural
phases spread for a constant interaural time diffaat over a dispersion range of:

Bfo)-B(fy) = T21fo-f)) = Blfm) (Fo-ful/fm

The magnitude of the deviations corresponds ofe¢letive bandwidth of the critical band filter
(about.x10% at third octave wide critical bands). The dffgcthis error grows proportionally with
the displacement from the median plane. For frastahd {=0) this error does not appear.

Sources with interaural phadeg,, inside this dispersion range have to be interdragecorrectly
estimated (weighting factor=1). Therefore a coroesiing weighting functionV,(Bs,): can be
constructed likef§,'=interaural phase of one source estimator):

W, (Bson) = 1 for [By'-Bsonl < |Bx | (5.6/2)

Valid Estimator Range

The sum of the estimated source vectors must bal équthe complex mean value of the
interaural cross product:

Am?+Bp?=U
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Fig. 5.11:

Relationship between source estimators and
the mean value of the interaural cross
product

\
\
1

|

I

; gray background: possible interaural
/ phase range for the
estimator Ap,"?

Amn'2Bn'2 U build a triangle in the complex plane (Fig. §.1The power of the weakest estimator
IBm?| limits the possible interaural phase differeff&e-p,| between the estimator with the biggest
power|A,,?| and the complex mean valye

Ba-Byl = arctan( B2 sin(|By-Bal) /1An?)

This phase difference is maximal, if there is ahti@ngle betweerA,2 and B2 in the
corresponding locus curve representation. The plessiteraural phase range is not limited for the
weaker source estimator or for estimators with egomgplitudes.

Ba-Bul < arctan( |By2/1An? ) for  |Am?>Bm™

This means, thathe interauralphase$ of all soundsourceswhich arerepresentedby estimator
An'2 must be located inside this interaural phase rafges limitation is not valid for estimator
Bm*.

|B'Ba'| S |Ba"Bp| |B'Bb'| S T2
The quotient of the statistical parameters of tles<s product results to:
A B B /A, B,
J% =y s = =0 for  |A,2»Bn2
B Af+By 1+BJ/AL A,

=1/ ZCOS(BH‘Ba) for  |Am2=IByn?|

The maximal allowed interaurale phase range ardo@cstimator-phases can be described with
the help of the statistical parameters of the sl cross product foh,,'4»|B,"2:

IB-Ba’l < IBa-Byl < arctan( Y4|o/uP? ) for  |ALZPIB"
IB-Byl<m2 =2 arctan( %|o/u2 |An2/Bm2|?)

Out of this the upper limit for possible deviatiooisthe source parameters from the interaural
phases of the estimators can be determined as:

IB-Ba1<  arctan( ¥0/u? max(|An?.1Bn) / 1Am? ) (5.6/3)
B-ByI <2 arctan( ¥2l0/uP? max(|Am?.1Byn) / 1Bm? )

Therefore it is unlikely, that signal portions éxi®m directions outside these ranges around the
estimated phases. Weighting will be done by a eosimdow, which weights estimators with
interaural phases according formula 5.6/3 withghabability 0.5 and reduces the weight for bigger
interaural phase deviationg,(X,,?= interaural phase and power of the weighteanagbtr):
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_1 B B T N o> max(|Ay?.IBy?)
Wx(Bsoll)_E _COS( soll ) |Bmax'Bx|_arCtan( 2||_J|2 |Xm '2| m )
max L m
for [Bsol-Bx'l < 2 IBmax-Bx|
W, (Bson =0 otherwise (5.6/4)

Combination of Source Vectors

Both the sum of the source estimatérg?,B,,? (formula 5.3.2/2) and the sum of all source
vectors of the sound sourceg,® (formula 5.4.3/2) have to result into the meanugabf the
interaural cross product.

U= An?+By"? H= % Aqu

If more than 2 sound sources are present, an assigrbetween the source vectors of the sound
sources and the source estimators must exist. @néréry) possibility would be, to assign all
source vectors with interaural phases bigger thaniriteraural phase of the mean valy¢o the
source estimator with also bigger interaural phase to assign all source vectors with smaller
interaural phases to the other source estimator.

Am? = 2 And with  sign(B,-Bg) 2 0
B2 = 2 Ay with - sign(B,-Bp) < 0

If the desired direction does not match to thediiiom of the corresponding source estimator
Xm?2 then a signal of the desired directip 2 can only be present, if there is at least onecgour
vector of another signal 2, for which the sum with the source vector of ttesired direction
results into a source estimator. An estimation hid maximal possible power form a desired
interaural phaseg,, can be achieved, if the interaural phase diffezebetween the desired
direction and the direction of the claimed signgh%Ggets maximal. If the desired directifg,
lies outside the phase range between source egtiaral mean value, the maximal possible power
appears, if the interaural phase of the claimedadiGy,? corresponds to the mean vajuelf By,
lies inside the phase range between source estimatb mean value, then the maximal power
appears, if the direction of the claimed signalnfsrin the complex plane a right angle to the
direction of the desired direction.

X' 2 Sz + gm'(Bu)Z for  sign(Bson-By) = Sign(Bp'Bx‘)
Xm? = Sm?+ Gm'(By-172) for  sign(Bso-Bx) = 'Sign(BH-BXI)

Xm'% Sm'2 andG,,,2 form an triangle in the complex plane. With théphef the sinus theorem the
power ratio between desired and estimated dire¢8g/X,?| can be determined. With the same
direction selected fag,,? as above this corresponds to the maximal posgiMeer ratio. From this
a weighting functionw,() can be constructed, to correct those estimatongravthe interaural
phases differ from the desired direction.

|S | sin(Bg-Bx')
Wx(Bsoll) < |K'n?| Sin(Bg'BSOH)

Bg = By or ByT02 (5.6/5)
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Mapping of a 3-Sour ce-Configuration to a desired Direction

A 3 sound source configuration is the simplest igumation, where the interaural phases of the
source estimators deviate from the interaural phaseexisting sound sources. Deviations of the
source estimators from the desired direction camntezpreted as a result of the interfering of 3
sound sources: the source of the desired dire¢siource vectorS,,2=s 2eJBSO”) and two sources
from other directions(A2=a2eiP, and B, 2=bz2eiP). From the comparison between found
deviations and a 3-source-configuration correcmmhods for these derivations can be developed.

Mappingthe sourceestimatoronto 3 inputdirectionswill give anestimatefor the possiblepower
of thedesireddirection. Formorethan3 sourcer only 2 sourceghe estimategowerof thedesired
direction would be smaller. For 3 sources the &iatil parameters of the cross product result to:

Y20%= An?Bm? = An®Bm? + An®Sn? + B®Si?

Each source estimateéy,2B,,2 shall now be described by the interference of @@ vector
An2By2 with the signal of the desired directi8p?2 (g is a real factor, which is not yet known):

Am? =An*+0 Sy’ Bm?=Bmn*+(1-9) Sy’

Y202 = An?Bm? = (Am?- 9 Sp?) Bm™* (1-9) Spy?) + (Am? +Bm? - Siy?) Sm?

0 = Sy2(9An?+(1-9) By?- (g%g+1) Spy?)
SmAg-g+1) = gan2e jBa"stoll + (1-9) bm-zeij"stoll
From this the unknown itengsands,,,2 can be determined. From the imaginary part foltows

b sin(By- Bson)

b Sln(Bb Bsoll) - am sin(Ba-Bson) (5.6/6)
2 Sin(Ba-Bson)

am SiN(Ba-Bsol) - b SIN(Bp-Bson)

From the real part the possible power of a sigmathfthe desired direction can be evaluated:

2 by S'”(Bb Ba)
g b Sln(Bb Bsol) - am sin(Ba-Bson) (5.6/7)

1-g =

From this the weighting functions result as:
_ sin(Ba-Bp)
(@) azlb? sin(Ba-Bsor) - Sin(By-Bson

Wa(BsoII) =

. o) i
'\’ 3,\;3.\,

W (Bso ) — °m SIn(Bb Ba)
° : bm gb 2/am S'”(Bb Bson - S'”(Ba Bsol)

sm? Is @ measure for the possible power of a sounthbf the desired direction.
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Fig 5.12:
Effect of correction methods
at 3 sound sources

Signals: tone complex, 16 Hz bandwidth,

5 frequency lines.
Desired signal: 500-516Hz, 1= 400us
Interfering signall: 540-565Hz, 1= Ous
Interfering signal 2: 570-585Hz, 1=-400s
Signal-to-noise-ratio : -3 dB

Amplitude

signal envelopes

estimator of the desired signal
without correction method
— ostimator of the desired signal
: . : without correction method
100 200 200 "valid estimator range"

Time / ms i

Signal Processing Examples

Using the example of the correction method "ValstiBator Range" the effect of correction
methods shall be demonstrated. Fig. 5.13 showsdtimators of a desired source with and without
applying a correction method for amplitude modudasggnals with mean signal-to-noise-ratios of
-20 dB and -30 dB (corresponding to Fig. 5.5).

Without a correction bigger estimation errors ofdB)appear for a mean signal-to-noise-ratio of

[t .ﬂ“-‘_’_\_‘-h_—\-
30 4 30 ™ .
l‘M". l-fj- # \ ’/
= b i .'\L: bl i ™ £a JJr'l o 3l .
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100 200 3200 1040 200 200
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Fig. 5.13: The correction method at modulated sound signals.
Model parameter: THZZS ms, 1 estimator/ms, estimator-averaging 30 ms, lock-in-range 0.1Tt
Correction method: "valid estimator range"
desired signal: Sinus 560Hz + Sinus 565Hz, amplitude ratio 1:0.8, T1=400us
interfering signal: Sinus 500Hz + Sinus 495Hz, amplitude ratio 1:0.8, T=0ps
envelopes of desired and interfering signal
estimated envelope of the desired direction without correction method
estimated envelope of the desired direction with  correction method
Mean signal-to-noise-ratio : left figure: -20 dB right figure: -30 dB
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-20 dB. For a signal-to-noise-ratio of -30 dB thdireation of the desired signal is no longer
possible. The estimated envelopes correspond rieatthe interfering signal.

By applying the correction method "Valid EstimaReinge” the estimation error can be reduced
to circa 3 dB for signal-to-noise-ratios of -20 dBor signal-to-noise-ratios of -30 dB at least a
rough estimation of the envelope of the desire€dation becomes possible (ergit dB).

For 3 active sound sources (Fig.5.12) the sigriathe desired direction can no longer be
estimated without a correction of the estimatdrshe interfering signals prevail. In this case the
estimated amplitudes correspond nearly to thosheinterfering signals. The correction method
"Valid Estimator Range" detects in those times, mhthe uncorrected estimator follows the
interfering signals, these estimation errors andlects the estimated values correspondingly. By
this the estimation errors are reduced considerédlycases with prevailing interfering sound
sources.

5.7. Conclusion

Now a signal processing method is available, whilbdbws to process the signals of two sound
sources in the free sound field direction spedifica\pplied to ear signals this method is ideally
suited for the processing of low frequency signaiscause there are unambiguous relationships
between input directions and interaural phase rdiffees.

The algorithm interprets fluctuations of the sigealelopes as the result of the interference of
two sound sources and evaluates source estimatoic) describe the interfering components. The
source estimators describe the effect of the sdiefdlon the interaural envelope, they analyzait i
terms of particular frequency lines or as a grolfremjuency lines, independently from their spatial
distribution. Source estimators can also be dontifraquency lines of one sound source or the sum
of several sound sources (e.g. all mirror soundcasuof a diffuse sound field). For one sound
source with a fluctuating envelope 2 source estinsavith the same interaural phase will appear.

More than 2 sources (or frequency lines) are mappetisource estimators.. If two sources (or
frequency lines) are dominant, they dominate thec® estimators, too, then other sources have
only an effect as error terms for these estimatbthe input directions are know, then errorshe t
directional estimation can be a sign for the existeof further sound sources. If no or more than
two dominant sources exist, then the estimatioorgrincrease, then the source estimators describe
no longer existing sound sources, but the chairatiter of the sound field.

Estimation errors can provide additional informatabout involved sound sources. If the input
direction of a desired source is known, the sigrmaver of this direction can be estimated from the
estimator power and the deviation of the estimalieelction from the desired direction. Even in
complex sound fields the possible course of thegraf/a desired sound source can be extrapolated
by this, and the signal-to-noise-ratio can be eobdnin very complex sound fields, for example
multiple sound sources in reverberant environmettt many early reflections, the capabilities of
this method in enhancing the signal-to-noise-rafie reduced. But in such situations also the
auditory system is no longer able to analyze thenddield correctly, as the Franssen-Effect [16]
shows.

For very complex sound fields additional analysiecpdures for the interaural cross product
might be necessary besides the analysis of meame \#ad standard deviation (moments of higher
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order, pattern-recognition-methods, main axis aiglgtc.). In this manner additional conclusions
about the sound field and involved sound sourceghitie possible (for example about the count of
sound sources, diffusivity of the sound field, matgal level differences, times of dominance for
specific sound sources).

One problem is, however, the ambiguity of the iabeal phase of the cross product. For natural
ear distances and frequencies above ca. 800 Haghal period becomes smaller than the maximal
interaural time difference. Different input diremti can than get the same interaural phase and are
mapped on each other.

Example: The input directions 0° and 40° lead to normalized interaural time
differences of 0 and 400 Us (formula 3.1/1). For frequencies of 5 kHz, 10 kHz and
15 kHz these are mapped onto the same interaural phase, for 2.5 kHz, 7.5 kHz,
12.5 kHz and 17.5 kHz they are mapped onto by Tl displaced interaural phases,
with a similar effect.

Under these conditions it is for high frequenciesny impossible, to infer from the interaural
phases onto the input direction. (At 16 kHz thenalgperiod corresponds to only 10% of the
maximal interaural time difference, this correspomol an input direction difference of 6° for the
front direction). But with increasing frequency ttieectional selectivity of this method increases,
too. Therefore different input directions can dtidl detected via different interaural phase leftove
to multiples of Zr, and signal processing remains possible, even thivug reduced form.

In the example above for 500 Hz-signals interaurale phases appear of O and 0.4Tg
for 16 kHz of O and 6.4TU After adjusting the phases by multiples of 2TT the phases
become identical. In both cases the algorithm would be able to separate the
sources.

A further problem is the frequency dependency @&f ititeraural phases for lateral sound. For
third-octave-filters the interaural phases canagbigy about10% for the same input direction. For
an input direction of 40° there is a range of disfp® around 500 Hz of abot#0.04rt, but+1.281
inside the critical band around 16 kHz. An analyisike interaural phase would be impossible here.
Since this error does not appear at a interaurad tlifference of Qus, this error can be eliminated
by projecting the desired direction onto the frdiection, for example by shifting the ear signals
by the corresponding interaural time difference.

It remains a problem, that for high frequency tkaot estimation of the desired direction would
be necessary. But nevertheless the free field @#etransfer functions provide steep minimums
and maximums for high frequencies, which lead tditewhal phase shifts and additional
uncertainties. An exact transformation input di@tt interaural time difference - interaural phase
becomes hardly possible.

In order to solve this problem additional infornaatisources have to be used, like the auditory
system does, as there are interaural group delaysteraural level differences. The following
chapter ("Level-Difference-Cocktail-Party-ProceSysodescribed methods, to determine input
directions and power of involved sound sources withhelp of interaural level differences and to
correct via a second method the errors of the Phdsrence-Cocktail-Party-Processor.

For technical applications these problems coulddieed by a corresponding system design, for
example with the help of multi-microphone-arrangataewith different microphone distances for
different frequency ranges it should be possibdeptevent ambiguities, extreme values of the
transfer function and inaccurate direction estimgato



