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6. Algorithmsfor the Evaluation of interaural L evel Differences
(" Level-Difference-Cocktail-Party-Processor")

6.1. Problem Definition

At high frequencies and naturally ear distancesdbauation of interaural phase differences
alone is not sufficient for an unambiguous deteation of the input direction.

One possibility to approach this problem could toegvaluate group delays between the signal
envelopes at higher frequencies, similar to coordmg observations at the human auditory
system.

Precondition for this is, certainly, that the sigeavelopes are known.. If multiple different
sound sources are present, there are ear signelopeg, which are only caused by the interference
of the different sound sources signals. For examipléwo signals with different frequencies
interfere, envelopes with the difference frequentietween the signals are generated.

cos(Qut) + cos(Qpt) = 2 cos(¥(Q4-Qp)t) cos(¥(Q,+Qp)t)

Now the problem appears, to distinguish betweenasignvelopes (the interference of different
frequency lines of one sound source) and inter-riabidum envelopes (the interference of different
frequency lines of multiple sound sources). Infaioraabout the input direction of a sound source
can be determined from the first case, but not frleensecond case.

Without additional information about the charadtcs of the envelopes of the sound sources a
distinction between signal envelopes and inter-rfagohin envelopes is not possible. If the signals
of the sound sources are unknown, there is nearlyassibility to determine input directions from
envelope information as soon as multiple soundcasuare present.

If ambiguities in the interaural phase appear, raueal level difference can be analyzed,
analogous to the human auditory system. The intakdevel differences of a head increase with
increasing frequency, form maximab dB at 500 Hz t&40 dB above 8 kHz. Below an algorithm
shall be presented, which is able to gain inforamatabout multiple sound sources from the
evaluation of interaural level differences.

6.2. Evaluation of Sound Sour ce Attributesfrom the Analysis of interaural L evel
Differences

6.2.1. One Sound Source

If only one sound source is emitting sound, thesreniral damping,, the input direction
(respectively the interaural level differentie,) and the power of the sound source at the referenc
point "center of the head" (see chapter 4.1) caeviaduated from the amplitudes of the ear signals.
From formula 4.1/9 results:

l(t) = am(t) e'l/zaa 'jl/ZBa eant+jq3a [(t) - am(t) el/Zaa"'jl/ZBa eanH'j(Da

D= an(t)2 e a K= a7 e 7202
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Oy, =%2In(r®F/ 1)
AL, =20dB Ige%a = 10dB Ig (r@®)2/ IR)[2) (6.2.1/1)

am(t)>= [r® IO
With the help of the free field outer ear trandi@nction the input direction can be evaluated

from the interaural level difference and the frestdf power can be evaluated from the normalized
power.

If the exact free-field-outer-ear-transfer-funcsoare not known, or if rough approximations are
sufficient, averaged relationships between intedaurme and level differences according
appendix C (polynomial approximation according takGstraight line approximation) can be taken
as a basis for directional estimation and procegssin

6.2.2. Two Sound Sources

For 2 sound sources the following analytic timenalg and the following ear signal amplitudes
appear according to formula 4.2/1.:
Ity = am(t) e-l/z(]a ej(Qat '1/2[3a +q)a)

0l J(Qut+¥Bo+ )

+ by (1) e Y20lp, ej(th ‘1/2[3b+q)b)

() =ap) e + by () e 720 J(Qut+¥ePy+®y)

0] = an()2ea + by(tze b

+2a(t) by () e A%tI) cog[(Q,-Qp)t +O,-By, - a(B-By)]

MO = am®2e™ %2 + byze’ b

+ 2 an (1) byn(t) € 2% cos[(Q,-Q)t +®,- By, +v2(B,-By)]

For estimating the power and input direction of tamurces from the amplitudes of the ear
signals a similar algorithm can be applied, ase&irmations from the interaural cross product. For
integration timeQTu, which are big against the period of the instamtais frequency difference
211(Q,-Qp), the following mean value and standard deviatibithe square amplitude result, for
example of the right ear signal:

+T

V]

w® = Yor, [reedy = anee®a +byee® (6.2.211)
tTy
t+Ty

o) = 1zt Jrernedty = 2 a0,z €%t (6.2.2/2)
t-T

u
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From mean value and standard deviation of the igaalsamplitudes estimators for the ratio of
specific sound source signals at the ear signatsbea evaluated.. These estimators are called

Component-Estimators a,, b, a, b;" below:

a'= \/Ur"‘ﬁor"'\/l-lr_ﬁOr b= \/pr+\/§0r—\/ur—\/§0r

a' = iy +v20, ++J1 -20, by = M +~20; -\l —+20 (6.2.2/3)
a' = a (e’ 2% by = by(t) " 20b

a'= a (e 0a b = b () e Y20

When combining the corresponding estimators of leath signalsa,’ with a' andb,’ with b}
(corresponding means resulting from a similar fdatian), then the desired estimators for the
normalized power and interaural damping (or leviéécence) of the sound sources results to:

am?=a, a bm? = by by
g =In(a,//a) op' =In (b, /by)

This method for estimating interaural damping andmalized power of two sound sources from
ear signal amplitudes is calleavel-Difference-Cocktail-Party-Processor. At the bottom of this
page the algorithm is described in a condensed.fd¥ith the help of the free field outer ear
transfer functions the free field power and inpuéctions of the sound sources can be determined
from the estimators. Time signals can be generatmd it by a Wiener-Filter-Algorithm (see

chapter 7.2).

The Algorithm of the Level-Difference-Cocktail-Party-Processor

1. Generation of the square amplitudes of the ear signals from the analytic time signals
of the ear signals

Iz =100 10" Ir(®)[2 = r(t) r())”

2. Evaluation of statistical parameters of the square amplitudes of the ear signals

t+Tu t+TH
W= 12T, J- It dt, My = /2T J- [r(t)l? dty,
t-Tp t-Tp
t+Tu t+TH
op = 1/2T, f (|I(tu)|2- W)? dt, o2 =1/2T, f (|r(tu)|2- Wy)? dty,
t-Tu t-Tu
3. Evaluation of the component estimators
a'= M +420; +l —20; by'= Ky +~/20; =l - 20,
a' = W ++/20] +4l - V20 bl = Yl ++20) -l -~20

4. Estimation of the normalized power and interaural damping of the sound sources

am*= asay oa'=In(a/ay) bm= brby Ay =In(b, /by)
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By combining phase difference and level differepoecessor ambiguities and error sources of
both methods can be compensated, like ambiguousat&ins of the input direction for higher
frequencies by the phase difference algorithm, dueate estimations because of too low level
differences at low frequencies by the level differe algorithm. Most likely are those estimated
power and input directions, which are supportebth methods or where only small deviations
appear between both methods (see chapter 6.3).

If one sound source with varying amplitude is pnése instead of 2 sound sources with constant
amplitude, then, similar to the interaural crossdoict, 2 estimators with the same interaural level
difference are generated.

6.2.3. Morethan two Sound Sources

More complex sound fields can be described by kerfierence of multiple sound sources with
different spectra, according to formula 5.4.1/1eTdguare amplitudes of the ear signals can be
evaluated in analogy to the derivation of the imteal cross product in chapter 5.4.1. Herewith the
right ear signal results to:

IF(Q)2 = %eo‘a hfa 2
G=1 = ma

N g v )M Y '
+2 q=zl pgle - le kgiamqi Ampk COS{(Qi'Qk)Hchi'JCDpk +1/2(Bp'Bq)} (6.2.3/1)

Correspondingly mean value and standard deviaésaltto:

_ a
Hr qzzle ) rzlamql
N g1 Mg M
a,+a
o2= 2 a -p 2 2 6.2.3/2
' q=zlp=le izzlamq' kgjampk ( )

The mean value corresponds to the sum of the gaalgpower of all sound sources. The standard
deviation corresponds to the superposition of #grenonic oscillations of all difference frequencies
between each 2 frequency lines of different samdces.

The statistical parameters of a complex sound fiald be derived, in analogy to formula 5.4.1/4,
from the statistical parameters of the individualuree signalspy0y. This results to the
superposition theorem:

N
_ o
M = qzzluqe a

N N g-1
02= 3 0p2e’% + 23 3 g, etat (6.2.3/3)
g=1 g=1 p<qt
Correspondingly the considerations from the intexhgross product can be assigned to the
estimators of the square amplitudes of the eaatsgif, for example, multiple sound sources with a
constant amplitudeug=an,204=0) are present, the statistical parameters reserdetore to::
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N N gl
(of

M= 2 apge d 02= 2 2 2 aplam,2e d P

=1 o=1 p&gd P

In order to get information, whether and to whictead signals of a certain direction are present
in such complex sound fields, additional algorither® necessary, similar to the correction
algorithms of the Phase-Difference-Cocktail-Pantgd@ssor. These correction algorithms shall
allow, to determine the sound power of a desirgdction from the statistical parameters and
estimators even in such complex sound fields..

6.2.4. Diffuse Sound Field
Diffuse Sound Field alone

According to chapter 5.4.4 the ear signals in ugéd sound field (reference point "center of the
head") result tod,,g(t) signals of the mirror sound sources):

e . Tt _
10 = [ eme e 7*Pocp 1) = [ emo(t) %6 12Pa 4
-Tt T

Tt . T _
0P = [e o) e 20T Poge + [e gt 2% *¥Po yg
_'r[ __r[

Ir@® =

o3 —

L
1 iL 1 -1
em(® >0 Podp + [ eg()" ™20 0 o
-
If the power densit¥,,' and the spectra of the mirror sound sources anetichl for all input
directions, then the ear signals for a symmetradhesult, analogous to chapter 5.4.4, to:

Tt
MR = I0R = 1EnE | [ eme( e72%0 %P0 gg |2
-TT

Under these conditions the square amplitudes df bat signals are identical and no longer time
variant, the standard deviation results to zer@ Jtatistical parameters and estimators result to:

ur = UI = = |I‘(t)|2 O-r = 0-I =0
ar?=a? = Y b2 =b? =0
an?2=a’a’ =\ by’ = b,b =0
ay =In(a/a) =0 (6.2.4/1)

In a pure diffuse sound field only one estimatartfee median plane appears, which incorporates
the total power of the ear signals. Here the behaofi Level-Difference-Cocktail-Party-Processor is
quite similar to the behavior of the Phase-DiffeeiCocktail-Party-Processor. Since only the late
reverberation has been considered here, but naathg reflections, conclusions about the hearing
in closed rooms cannot be drawn from it without. fdihis characteristics to project the late
reverberation onto the front-direction, could pbksbe used for de-reverberation algorithms.
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One Sound Source in thediffuse Sound Field

For a single sound source inside a diffuse sowrld the statistical parameters of the ear signals
can be evaluated from the corresponding parametetee source signals,, o, and of the diffuse
sound fielduy,04 (04=0) with the help of the superposition theorem aceado formula 6.2.3/3.

M = Hg e %a+ g Hr = Hg e%a+ gy

2 a 2

0= 042 € 0(Q+2pq Hge @ 0= 0g2 e 0(Q+2|1q T

q

If the amplitude of the sound signal changes olayly, compared to the integration time, then it
applies o,2qigHy, and the component estimators and the estimédommplitude and interaural
damping of the concerned sound sources apply to:

a

[ - - 19— a
a|2—uqe d arz_uqeq

bZ = Hg b2 = gy
am?= Hq bm?= Hg

agy' = dg 0, =0 (6.2.4/2)

Similar to the analysis of the interaural crossdpici 2 independent estimators are obtained, one
for the diffuse field and one for the sound souasean estimator for the-reverberated source signal

For a sound source in the median plane there [®ossibility to separate the source signals from
the diffuse sound field. The power of the diffuseirsd field is added to the power of the sound
source.

Diffuse Sound Field with two Sound Sour ces

If there are 2 sound sources with a constant angi@i{i,=a,,2, l,=b2; 04,0,<MaHp) @and with
the interaural damping,,a,, inside a diffuse sound fielgi{; o4), then the statistical parameters of
the monaural square amplitudes result to (for exarup the right ear signal):

— a a
M =ap’e @+ by?e P+ 1y

0,+0),

a a
%02 =a,2b,2e 2 + Uy (@n2e 2+b2e )

%a+ bz e+ g £2 (a2 €72 +1g) + (b €%+ p1g) - g2

(a,/tb/)?=a2e
If both sound sources are dominant compared tdithese sound field, meaning that a listener is
inside the reverberation radius, then estimatoth®fsource signals result, which are interfered by
the diffuse sound field each.

a/2= amzeaa + g az= amze'aa + g
by'2 = byy2e 0 + g b2 = by + g
a2 = a? + Hg c0sh(t,) e*%a= (an2e%a+ g | (a2 %+ pg)
bin' = by + |1 COSh(atp) e*%0 = (o260 + ) / (br2e b + i)

The following case distinction applies for the nateral dampingdp, correspondingly):
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05>>0: Oy =g - (“d/amz)eua
05<<0: Oy =0y + (l-’-d/amz)e-ua
=0 0y =a,

ol

g =lagl - (Mg/amde

By the diffuse sound field the estimated powemnigeased, compared to the original value, and
the estimated directions are displaced towardsndian plane.

Outside the reverberation radius there is one asbimfor the diffuse sound field and one
estimator for the superposition of both sourceaign

a2 = HYy ar? = HUy

Ay ay

19 o~ -a - 19 o~ a
b/2=a,% "2+ by% b/2=a,% 2+b,%

am'?2 =Yy e20a =1

020y - Oa+0 cosh{(a z-ap)/2 +In(am/bm)}
cosh{(a 3-ap)/2 - In(am/bm)}

b2 =y/amztby2+2ay, by, cosh(az-ayp,)

6.2.5. Dominant Sources

A complex sound field with multiple sound sourcesqtiency lines can be described by the
statistical parameters of the ear signal amplitiadeEerding to formula 6.2.3/3, for example for the
right ear signal:

N
(o
= q
My %luq e

A 201 s ! o+
o'rZ:ZO'qze a + ZZZuqupeq P
=1 =1 p<q

Hp:Hq,Op, 04 are mean values and standard deviations of theessignals.

Onedominant Source

If one sourced,;2,0,) is dominant, meaning, that their povegy? prevails the power of all other
sources within the ear signals, then this sourcebeaseparated from a mixture of sources. If there
is a dominant source with standard deviatgrO and if the other source signals can be described
by by individual frequency line®;=0), then the right ear signal, for example, results t

a a
“r:amzea"'zl-’-qeq
J7a

_ a a a_+0
02=ap2e aqgauqe g+ 2 q;argqp,qp,pe q -p

The component estimators result to:

o a
2~q 2 2~
a'2=apn2e @ b2=2 pge @
g#a
-a -a
2=~ 2 2~
a2= a,ze @ b2= 2 pge 9

g#a
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As a result there is one estimator, which describessignal of the dominant sound source and
one estimator, which corresponds to a mixture ladthler sound sources.

am? = ap’ Ay’ =0,
b4 = 24+ 2 cosh(0l- e =p' /b
m qga Uq q¢za pgq Uq Up ( q p) r |

Two dominant Sour ces

If 2 dominant sources,2,b,,2 appear, the following statistical parameters tesotler the same

preconditions as above, for example for the rigintsggnal:
Hr = am? e%a + bry? e+ ¥ Hg ea
g#a,b

+ +
Y%0,.2 = a2 by, zea Ap +(a 2@ a+b zeab) Z uqe Og + 2 2 qu ppeaq a
g#ab p<q

Correspondingly the following component estlmatemjlt from it:

\ a a . a a
a2=ap?e @ + 2 ge d by2=bp2e® + 2 pyed
g#ab g#a,b
12 ~ 2 a Z q 2~ 2 ab Z 'Gq
a2=ap,2e @ + uqe b2= Db,2e P + Hq e
g#a,b g#a,b

Because of the influence of the weak sources thma&w®rs for the source signals deviate from
the signals characteristics of the dominant sour@ég deviations depend on the power ratio
between the dominant sources and the other sowndeso

In order to extract arbitrary signals from a desideection out of a mixture of sources, a method
Is required, which estimates the possible poweo ta¢tween dominant sources and other sources
from the deviations between estimated direction desired direction and which corrects in this
way the possible sound power of the desired doacti

Discussion

If more than 2 dominant sources are present, theces can no longer be extracted correctly. The
estimators are then primarily determined from atorix of the dominant sound sources.

Problems in constructing a signal estimator careappf different sources are dominant in only
one ear (for example at big interaural level ddferes). The ear specific component estimators can
than correspond to different sources for eachseathat no existing source signal can be extracted
by combining the estimators.

Example: For 3 sound signals from the directions -45°,0°,45° interaural level
differences of -10 dB, 0 dB, 10 dB result in the frequency range around 3 kHz. If
the sound power is identical for each sound source, the sound sources 1 and 2
are dominant in the left ear signal and the sound sources 2 and 3 in the right ear
signal. The power of all component estimators would then be identical, the
estimated interaural level difference would then be O dB. It would be impossible to
determine the directions of the lateral signals.

For more than 2 sound sources it is therefor nacgd$s use correction methods, which weight
appearing deviations of the estimators from a dddilirection and which correct the estimators, if
necessary; or correct the result by using restilbsher information sources.
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6.3. Mapping of Estimatorsto a desired Direction
Error Sources

If the estimated directions do not correspond tlesired direction, it has to be evaluated, similar
to the weighting methods of the phase differengerihm (chapter 5.6), whether a signal of the
desired direction is present and which power itltawve, possibly.

The error causes, which can provoke deviationshef éstimated direction from a desired
direction, even if a signals of the desired di@ttis present, are in many cases similar to tha err
causes of the Phase-Difference-Cocktail-Party-Rsmre(see chapter 5.6):

- more than 2 sound sources,

- modulated sound sources,

- reflections and reverberation,

- errors in specifying the desired direction or esrm determining the interaural damping,

which corresponds to the desired direction,

- inadequate integration time for evaluating théistiaal parameters,

- frequency dependent interaural level differenespgcially at high frequencies.

The impacts of these error causes on the resultseofnethod shall be investigated below, in
order to derive correction and valuation methodsifviating source estimators from it. Similar to
chapter 5.6 a weighting functiof,(a).shall be defined, which can be used to generataracted
estimator for the desired directiop2 .

Frequency Dependencies

At high frequencies the interaural damping withincatical band is no longer frequency
independent.. Within the free field outer ear tfangunctions of a critical band variations of the
interaural level difference of up t&@5 dB can appear (in the approximated transfer fonst
according to appendix C still up #2 dB). So any deviations of this size have to lbedas correct
values. Then the weighting function of an estimai(a) and the estimator of the desired direction
sm2 applies toX,?= a2 or b,,2):

Aa fo-fu

Wx(asoll) = 1 Sm'2 = Xxm'2 for o, -Ogonl < (E a2

Valid Estimator Range

The sum of the power of the component estimatosstbacorrespond to the mean ear signal
power. The ear signal power of an estimator ofd&red direction has therefore to range between
the mean value of the square amplitude and the etadpcomponent estimators. The possible
interaural damping range is given by combiningittieraural attributes of these corner marks. It is
rather unlikely, that signals with an interauraimbang outside this range are present in the current
sound situation. The deviation of the estimatedraniral damping from the interaural damping of
the desired direction can therefore be a measureéht probability that signals of the desired
direction are present.

If a,' anda,' are the component estimators with the biggest pothen an estimator shows the
biggest deviation interaural damping from the meatue, if the component estimators are
combined to signal estimators in a wrong way.. iftteraural damping of these estimatags and
a," results with the notation of chapter 6.2.2 asofel:
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e’ = fa/'by SN TR

2%’ p++20, W _ 1+ 2a'b'/(a*b?) 1+2E+2ﬂ
O w20 b T 2ap ) e

O(a"-C(u = br'/ar' + b|'/a|'
With the same considerations the estimator b" tesaol
O(b"-C(u =- br'/ar' - b|'/a|'

This interaural damping difference between estimatml mean value can be used to construct a
weighting function. The probability, that signalstibe desired direction are present, is set t0i0.5,
the interaural damping of an estimatgl deviates from the interaural damping of the desire
directionag, by the difference stated above. With these coraid®s a weighting function can be
generated,with the help of a cosine window:

min (a,',b) | min (aby)

ooyl < max(a,,b)  max(a',b)
—_ GXI- a Tt [ n
W, () =¥z + Y42 cos (Ux"' a, E) for |ay-af < 2|ay 'O(Hl
W, (a)=0 else (6.3/1)

An estimator of the desired directiep? results form a rough estimator of the Phase-Diffee-
Cocktail-Party-Processay, by::

Sm?2 = Wy(Osop) Xm™

Three Source Modée

The presented model describes the statistical paemsof the ear signals as the result of the
interference of two sound sources. If more thawuhd sources are present, this approach is no
longer sufficient for a complete description of #wnd situation. The estimators will deviate from
the parameters of the sound sources.

Besides the sound source of the desired direcpowérs,2, dampingag,) two further sound
sources shall be presgpbwera?b?; interaural dampingr,,a,). It is assumed, that the estimators
an,04'by',0y'" result each from interferences of the signal efdlesired direction with the signals
of another direction. Therefore the portion of signof the desired direction in the estimated power
g has to be determined. The statistical parametest be identical, if the situation is described by
estimators or by ear signals. Therefore the righsegnal results, for example, to:

= 2 2 = 2 2 2
My =a2+Db? = a2+b?+s,

a/2=a2+ gs.? b,2= b2+ (1-9)s,?

%02 = a2 = a2b2+a?s2+b2s? = a',2+s2ga2+(1-g)b,2-(g>-g+1)s?

g a’?ls?+ (1-g)bys? = g>g+l
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The left ear signal results correspondingly to:
g a?sp + (1-g)b%/s? = g>g+l

The factorg and the power of the desired directsyt results to::

g am‘Z eaSOH_aaI + (1_g)bm'2 eaSO”-ab = g am‘Z eaal_aSOH + (1_g)bm'2 eab‘-aSO”
g= bm? sinh(ap-0son)
bm'2 sinh(ay'-a o) - am?sinh(a -0 gep)
2 . ; 2 .
Sp? = 2om_ g0 Gsol + (19 - jap-as (6.3/2)

g%-g+1 g%-g+1
sm2 €an act as an estimation for the emitted powénh@fdesired direction, if three sound sources

are active, and represents a corrected estimatdahéocase that deviations between the estimated
directions and the desired direction appear.

6.4. Combining Estimatorsfrom interaural Time and L evel Differences
Method

Hence 2 Cocktail-Party-Processor algorithms ardlabla now, each with own methods for
correcting estimation errors.

- The Phase-Difference-Cocktail-Party-Processor raieg to chapter 5 evaluates from the
interaural cross product estimators for the poweriateraural phase of 2 sound sources.

- The Level-Difference-Cocktail-Party-Processor eaes from the amplitudes of the ear
signals estimators for the power and interaural iag (interaural level difference) of
2 sound sources by using a similar processing rdetho

The Phase-Difference-Cocktail-Party-Processor plessiat low frequencies unambiguous results
for a 2-source-situation. If the receiver distanwches to natural ear distances, the interaussgh
becomes ambiguous for frequencies above 800 HzreTlse no possibility, to determine the
"unwrapped phase” or interaural wave number diyeftbm this method and to evaluate
unambiguous estimators out of it.

Optimal for the Level-Difference-Cocktail-Party-essor are higher frequencies, where the
interaural level differences are big enough to eveliable and exact directional estimators. For
low frequencies and low interaural level differemdhe estimation errors of this method grows.
This means, that the optimal frequency ranges tif pmcessors complement one another:

- For low frequencies the Phase-Difference-CoclRaitty-Processor alone can provide
reliable results.

- For medium frequencies of some kHz the resultthefPhase-Difference-Cocktail-Party-
Processor become ambiguous, but the unambiguoestyitiable direction range has still a
reasonable size. Here the Level-Difference-CoclRaitty-Processor has to determine the
rough directions and make a directional decisiotwben the ambiguities of the Phase-
Difference-Cocktail-Party-Processor.

- For high frequencies only the results of the Ldviéference-Cocktail-Party-Processor can
be evaluated, since the ambiguities of the PhaferBince-Cocktail-Party-Processor lie so
close to each other, that a reliable evaluatioih@$e results is impossible.



-84 -

Estimator from g~ > Estimator from et e
Crgﬁ.s ”Ft)ﬂ?jg‘;d: '\\/‘ ,\ magnitude left: ||| I] magnitude right: | |] ||
dir%ctions’ \ % amplitude left amplitude right

Estimation error ,%\\ Estimation error |H H Estimation error | H ﬂ

cross product b 5 magnitude left magnitude right
Ambiguities /' T N /" #°\  Possible amplituden Outer

cross product ! . h . ) and directions -« ear 9
for f>800 Hz N , N ’ from magnitudes catalogue

~
¥
-

Amplitude- / L7 A RPN
direction- | ] | \
combination with ! \ /
lowest rel. error M. _ _7 .

v

New estimator /;J\\
amplitudes, ’\ I‘
directions N ,
Fnergy COﬂ_SiSi_Qration§4 \ Corrected estimator for
->n$ﬁ?$r§lblggﬁfces‘ * ;| input directions and
N signal amplitudes

Fig. 6.1: Processing unit for combining phase difference and level difference information.

By using information of additional information scas (for example the precedence processor,
chapter 8) the evaluation strategies can be entddeend that.

When comparing this method with other methods ofabral analysis, analogous to chapter
4.5/4.6, this methods corresponds to a combinadfothe results of a binaural cross correlation
function and monaural auto correlation functionge@fic for the described processors are the used
functions (interaural cross product, amplitudethefear signals), which allow an easy and very fast
computation of the results.. A further specialtyth® evaluation procedure. By evaluating the
standard deviation information about the time delpah behavior of the patterns is included into
the evaluation. Through this the possibility arjses estimate the parameters of two sources
simultaneously. As a result of this even for 2-seusituations with negative signal-to-noise-ratios
accurate results can be achieved, where modelsowtitavaluation of time dependent pattern
structures (pure instantaneous value or mean eaaleiations like cross correlation models), which

follow a 1- source-approach internally, often geblpems to evaluate the desired direction
correctly..

Dealing with Ambiguities

Figure 6.1 shows the concept of a processing which combines the information from phase
difference and level difference evaluation. Thig ismmbased on the following considerations:



-85 -

- At the human head (or at microphone equipped ifemieraural time and level differences
only appear in "natural combinations", which areafic for a distinct frequency and input
direction.

- A fused auditory event is only possible, if thésatural combinations" appear (Gaik [20])..

- If natural combinations appear between the estirmadf the Phase-Difference-Cocktail-
Party-Processor and the Level-Difference-CocktaiftyrProcessor these results have a
bigger probability than results which lead to uminalt combinations.

For the construction of a layer, which connecthljmbcessors, this means, that :after checking
the possible estimators on plausibility and ratthgm in each processor type individually, the
possible combinations of phase and level differexstgnators are rated, e.g. by weighting functions
W, (Bson), W, (ago). The pair of estimators with the fewest deviatfoom a natural combination
will be taken as basis for the subsequent procgssin

Unnatural Combinations of Time and L evel Differences

Resulting combinations of interaural time and lediffierences, which do not correspond to outer
ear transfer functions, indicate that errors hgyseared. From the reactions of the auditory system
on such inconsistent information, possibly a metbhad be developed to cope with such errors,
which might be useful for the improvement of CodkiRarty-Processors.

According to investigations of Gaik [20] 2 auditorgvents appear at such unnatural
combinations, one auditory event, which is slightigplaced from the direction of the interaural
time difference and one monaural auditory evethetar, where the level is increased compared to
the natural combinations. Therefore the auditorgtesy seems to interpret situations with
inconsistent interaural parameters as the restitteointerference of several sound sources.

For signals with unnatural combinations the twocpssors provide the following result:

- The Phase-Difference-Cocktail-Party-Processor uatak one or two estimators, whose
directions correspond to the interaural phase rdiffees. The evaluated directions are
ambiguous at higher frequencies. The number aihastirs depends on the signal envelope
(constant or modulated). The power ratio of thevestbrs describes the modulation rate of
the envelope.

- The Level-Difference-Cocktail-Party-Processor ats@luates 2 estimators, whose power
ratio also describes the modulation rate of theskpe.

For the results of each processor mean value andatd deviation of the directional estimation
are determined, and a function is generated, wihiicates - including all ambiguities - with which
probability and maximal power an estimator of aaardirection can appear (compare chapter 5.6
and 6.3). If the estimated directions match forhbatocessors, the estimators are combined to an
overall estimator. Elsewhere the estimators of Ipptitessors are combined in such a way, that the
standard deviation ranges for the directional estiion overlap or the combined probability for the
directional estimation from both methods becomesimal.

For unnatural combinations of interaural parametieye are inconsistencies between the
directional estimation of both processors, theneoi®stimator combination with a high probability.
According to the results of the psychoacousticalestigations the estimator with the lowest
probability (e.g. with the highest variance) shobddre-interpreted in this case, on the one hand to
an estimator, which supports the estimations ofativer processor and whose direction therefore
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has to be changed, and on the other hand to a mar@umpensation estimator, which shall keep
the statistical parameters consistent, althouglditieetion of the first estimator has been changed.

6.5. Per spective: Combination of different spatial Analysis and Processing M ethods

For the spatial processing of ear signals humane tea couple of directional information
available, which exceed the capabilities of thehbmtesented processor types: interaural phases,
time and level differences, directional estimatioosn rising slopes (see chapter 8 and Wolf [49]),
optical information, prior knowledge.

In order to coordinate and process this informatwithin enhanced binaural models the
information content of each information source dtidoe rated. A rating criterion could be the
variance of this information or the probability, tiviwhich an information can be considered as
correct (for example by using similar methods thewsposed in chapter 5.6 and 6.3).

The direction, which is supported by many inforroatsources, or the direction with the highest
probability could be defined as a new directionatiention by a central processing layer and be
taken as the the new desired direction for the @deRarty-Processor-Algorithms. If estimations
are available, how probable the appearance oftaicatirection is, the power, which is estimated
by the Cocktail-Party-Processors, could be weighgdhis probability and so be mapped to the
desired direction.

If, as proposed here, all directional and signalgroinformation, would be available for a longer
time frame at a central processing unit, then efaample, the parallel processing of two different
directions and signals could be modeled and remamebr effects as well, which mean the
retroactive selection of a different informatiorusce.

In chapter 8 an attempt is made, to derive constru@rinciples for a central processing unit of a
Cocktail-Party-Processor from psychoacoustical ifigd about the dynamic behavior of the
auditory system (Precedence-Effect). This shalltihee foundations for the modeling of a central
unit, which decides about the desired directiora @ocktail-Party-Processor without any external
presetting. This unit could, for example, be usedollow a moving speaker inside a room and
process his sound signals.

This would result into a processing framework farcktail-Party-Processors, which evaluates
interaural phase differences and interaural leviérénces in two parallel layers and which can
estimate the signal power and direction of two sbsaurces simultaneously. In complex sound
situations a desired direction for processing shdid specified, either through external definition
or via a central processing unit, which has bedhnaa roughly above. For a complete construction
of a signal processing system an additional a psegssing unit is necessary, which prepares the
received sound signals for the directional analgsid an additional post-processing-unit, which
converts the estimators for the mean signal powter processed time signals. More information
about that can be found in the following chapter.



