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(57) Abstract: In order to realize a correction for changes in the reproduction loudness at low frequencies in a downmix-arrange -
ment, a mixing arrangement is proposed for mixing at least two audio signals, which mixing arrangement is provided with - a first
unit (104) for deriving a first power signal, which is a measure for the power of the first audio signal, - a second unit (105) for deriv -
ing a second power signal, which is a measure for the power of the second audio signal, - a cross-correlation unit (103) for deriving a
cross-correlation signal, which is a measure for a cross-correlation between the first and the second audio signal, - a unit (106) for
deriving multiplication parameters from the first and second power signals and the cross-correlation signal, and - a multiplication
and combination unit (107) for carrying out a signal processing on the first and second audio signals and combining them. The unit
(106) for deriving the multiplication parameters is provided with a combination unit (110) for deriving a combination signal which is
a measure for a combination of the first and second power signals and the cross-correlation signal, and is provided with a scaling
unit (109) for scaling one of the signals in the unit for deriving the multiplication parameters with a scaling signal. The scaling signal
(D[k]) has a frequency characteristic which is a substantially constant below a first frequency value (k1), is increasing between the
first frequency value (ki) and a second higher frequency value (kv) and is again

[Continued on next page]
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substantially constant above the second frequency value. The unit (106) for deriving the multiplication parameters is further adap-
ted to derive a single multiplication parameter m[k]) from the combination signal, and the multiplications and combination unit
(107) is adapted to carry out a signal processing on the first and second audio signals which is equivalent to - multiplying the first
and second audio signals with this single multiplication parameter, and - combining the so multiplied first and second audio sig-

nals.
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ARRANGEMENT FOR MIXING AT LEAST TWO AUDIO SIGNALS

Introduction to the Description

The invention relates to an arrangement for mixing at least two audio signals in
accordance with the preamble of the main claim. An arrangement of that type is known
from WO2011/057922A1 and is used there in a downmix arrangement for realizing a
surround audio signal in a stereo audio signal.

Comb-filter compensation is used in this downmix arrangement that serves to eliminate
sound coloration. The assumption is made in the process that a sound field arises during
reproduction in which the average levels of sound power of the individual channels are
added together. It therefore generates a frequency spectrum in the reproduction area on
average that behaves as if the input signals to be mixed were uncorrelated.

The known downmix arrangement has the drawback that low frequency signal
components are reproduced with the wrong volume in the comb-filter-compensated
downmix.

Low frequency components in the channel signals typically agree in phase (or are at
least strongly correlated) in audio productions. In that case, the phases of the acoustic
waves of the individual channels hardly deviate from one another because of the large
wavelength in the reproduction area as well, and the sound pressures would therefore be
added together here, not the levels of sound power.

This frequently leads to the downmix comb-filter compensation leaving the bass range
quicter than the remainder in music; it does "too much of a good thing", so to speak,
with the power summation. A downmix based on customary addition (and thus without
comb-filter compensation) would be more appropriate for the bass ranges. A sound
engineer who created two separate mixtures for surround and for stereo could perceive
these differences in the sound field when listening to it and would therefore take them
into consideration in the mixture. But a set magnitude for the differences cannot be
determined because the magnitude will be dependent upon the characteristics of the
reproduction arca in addition to the signal itself. The ratio of the direct sound
component to the reverberant sound component is a decisive quantity here (see T.
Gorne, Tontechnik [Sound Engineering], p. 377).

The invention is based on the problem of proposing a mixing arrangement to ensure that

the same perceived volume is achieved in the reproduction of the stereo version as in
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the original surround version in a surround-to-stereo downmix, in addition to a retention
to a great extent of the timbre and spatial effect, and that the quality of the mixture will
therefore approach that of a separate mixture by a sound engineer.

The mixing arrangement in accordance with the invention has the characterization
called for in Claim 1 for that. Advantageous design forms of the mixing arrangement in
accordance with the invention are contained in the subordinate claims.

The invention is based on the step of proposing scaling in the mixture that is dependent
upon frequency. In particular, this scaling has a constant value Dy, dependent upon the
frequency, for mid-range to high frequencies, and it is continuously reduced down to a
small residual component a.Dy in a transition range towards the low frequencies.
Practical values for the transition range for typical reproduction areas are on the order of
250 ... 500 Hz for the lower limit kr, 750 ... 1500 Hz for the upper limit ky and zero for
the residual component factor a of the scaling signal. The choice of values for k;, ky and
a can also be used to optimize the mixture and can deviate from the above-mentioned
typical values in the process, dependent upon the circumstances of the reproduction
area.

The use of a straight-line function suggests itself for the transition.

An expanded solution idea is to carry out the scaling to a reduced extent, if at all, for
spectral components to be added together that are anticorrelated vis-a-vis one another.
This prevents the scaling measure from being at the expense of the desired balancing of
comb-filter notches in the case that the latter also appear in low frequencies.
Anticorrelated components can be identified by the fact that their accompanying value
of the cross-correlation of the signals to be mixed falls below a threshold that
preferentially has the value of zero.

The method of resolving this is to create a continuous transition between customary
addition for low frequencies and power summation for higher frequencies in the
downmix adder.

In the process, the scaling in accordance with the invention is applied to power
summation in the frequency range that is given the capability of controlling the degree
of its comb-filter compensation effect and, if necessary, the capability of making a
distinction between spectral components to be added that are correlated vis-a-vis one

another and those that are anticorrelated vis-a-vis one another.
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It should be noted that DE102009052992 and WO02004/084185 also disclose
arrangements for mixing at least two audio signals. However, insofar a scaling signal is
disclosed in those documents, the scaling factor is a constant and not frequency
dependent, let alone that they disclose the specific frequency dependency as claimed.

Summary of the Description of the Figures

The invention will be further explained with the aid of a few examples in the following
description of the figures. The following are shown in it:

Fig. 1 shows a first example of the mixing arrangement in accordance with the
invention,

Fig. 2 shows the behavior of the scaling signal as a function of the frequency in the
example in accordance with Fig. 1,

Fig. 3 shows a second example of the mixing arrangement in accordance with the
invention,

Fig. 4 shows a third example of the mixing arrangement that is an expanded version of
the first example,

Fig. 5 shows the behavior of the other scaling signal as a function of the frequency in
the example in accordance with Fig. 3,

Fig. 6 shows a fourth example of the mixing arrangement that is an expanded version of
the second example,

Fig. 7 shows a mixing arrangement for mixing more than two audio signals, and

Fig. 8 shows the behavior of the scaling signal as a function of the frequency in the
example in accordance with Fig. 6 in the case that the cross-correlation signal falls
below the threshold value established in advance.

Description of the Figures

Fig. 1 shows an example of the mixing arrangement in accordance with the invention.
Two audio signals are mixed to form a mixed audio signal in this example. The mixing
arrangement is provided with a first input 101 and a second input 102 to receive the two
audio signals A[k] and BJ[k], which have already been converted into the frequency
range here. Both of the inputs are coupled to respective inputs of a cross-correlation unit
(103) for deriving a cross-correlation signal xag[k], which is a measure of the cross-
correlation between the first and second audio signals A[k] and B[k], respectively. The

input 101 is likewise coupled to an input of a first unit 104 for deriving a first power



10

15

20

25

30

WO 2013/144168 PCT/EP2013/056448

signal ea[k], which is a measure of the power of the first audio signal A[k]. The input
102 is likewise coupled to an input of a second unit (105) for deriving a second power
signal eg[k], which is a measure of the power of the second audio signal B[k].
The mixing arrangement further comprises a unit 106 for deriving at least one
multiplication parameter from the first and second power signals and the cross-
correlation signal. Inputs of the unit 106 are coupled to respective outputs of the units
103, 104 and 105 for that. Furthermore, a multiplication and combination unit 107 is
provided to carry out signal processing on the first and second audio signals A[k] and
B[k]. Inputs of the multiplication and combination unit 107 are connected to the
respective inputs 101 and 102 of the mixing arrangement for that. The multiplication
and combination unit 107 is set up to carry out its signal processing on the first and the
second audio signals A[k] und B[k], which is equivalent to
o multiplying the first audio signal A[k] by a multiplication parameter
my[k],
o multiplying the second audio signal B[k] by a multiplication
parameter mg[k], and
o combining the first and second audio signals that are multiplied in
that way to generate a mixed audio signal S[k] and to feed this mixed
audio signal S[k] to an output 108.
The unit 106 for deriving the multiplication parameters is provided with a scaling unit
109 for scaling a signal in the unit 106 for deriving the multiplication parameters with a
scaling signal D[k]. In this example, the cross-correlation signal xag[k] is multiplied by
this scaling signal D[k] to obtain a scaled cross-correlation signal yag[k].
The scaled cross-correlation signal yap[k] is fed to an input of a combination unit 110
for deriving a combination signal that is a measure of the combination of the first and
second power signals ea[k] and eg[k], respectively, and of the (scaled in this case)
cross-correlation signal yag[k]. Outputs of the first unit 103 and of the second unit 104
are likewise coupled to respective inputs of the combination unit 110 for that.
The scaling signal D[k] has a frequency characteristic as shown in Fig. 2. The frequency
characteristic is substantially constant below a first frequency ki, increases between the
first frequency kr, and a higher, second frequency ky and is again substantially constant

above the second frequency ku.
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The substantially constant value above the second frequency ky is Dy, which lies in a
value range [0.36; 0.81] and is preferably equal to 0.49. The substantially constant value
below the first frequency kp, is equal to a . Dy; the following applies to a: 0 <a < 1.

The combination unit 110 is set up in this example to derive the combination signal in
accordance with:

C[k] = ((1+L) . (ealk] + ep[k]) / (1+L) . (ealk] + en[k]) + 2 . yan[k])"?

L is greater than or equal to zero and brings about a limitation of the amount values of
the derived multiplication parameters and a prevention of discontinuities of the output
signal because of that and thereby a reduction in the probability of audibly disruptive
artefacts. Typical values for L lie in the range [0.05; 0.5].

In this example, two parameters are derived by the unit (106) for deriving at least one
multiplication parameter that are equal to one another and, in fact, the combination
signal C[k] is equal to the two identical multiplication parameters here, and thus C[k] =
m[k] = ma[k] = mp[k].

The multiplication and combination unit 107 is consequently set up to carry out signal
processing on the first and second audio signal that is equivalent to multiplying the first
audio signal and the second audio signal by this single multiplication parameter and to
combining the first and second audio signals that are multiplied in this way to obtain a
mixed signal S[k]. This multiplication and combination process can be carried out as
shown in Fig. 1. It speaks for itself, however, that the multiplication and combination
are also possible in other ways. A[k] and B[k] could also be added together first, of
course, and the summation signal could be multiplied by the single multiplication
parameter m[k] after that.

The way in which the mixing arrangement of Fig. 1 operates will now be examined.

The multiplication and combination unit 107 brings about a mixture of the input signals
A[k] and B[k] in which the amplitudes of the input signals are corrected in such a way
that the power of the mixed signal corresponds to the sum of the power levels of the
input signals for the most part. This correspondence brings about predominant
compensation of the comb-filter effect. In addition, a requirement for this is that the
signals that the mixture is applied to are audio signals converted to the frequency range
and that the mixture is carried out in the manner that was described for the respective

signal component of each frequency k.
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The amplitude is corrected by the relevant multiplication of A[k] or B[k] by the
multiplication parameters ma[k] or mg[k], respectively. The multiplication parameters
are derived in turn from the input signals A[k] and B[k] in a specific way, as will be
explained below, to achieve the above-mentioned correction in the process. A joint,
single multiplication parameter m[k] is derived and identified with both ma[k] and
mg[k] in the case of Fig. 1.

It is to be noted here that no amplitude correction, i.e. no comb-filter compensation, is
brought about in the case that ma[k] and mg[k] are both set at 1. This is exploited to
achieve the strived-for transition between the different degrees of the comb-filter
compensation effect. A transition is brought about in a range between no comb-filter
compensation and predominant comb-filter compensation by the variation of the
derivation of ma[k] and mg[k]. This variation is the subject matter of the following
description of the unit 106 for deriving the multiplication parameters.

The method of operation of the unit 106 for deriving the multiplication parameters is
based on a derivation of multiplication parameters for predominant comb-filter
compensation, realized via the combination unit 110, and upstream scaling in 109.

The combination signal C[k] that is to be derived from the combination unit ensues
from the power analysis mentioned at the outset; the derivation following from that will
now be briefly outlined: A power condition is set up at first for complete comb-filter
compensation, and arbitrary scaling is then added to the original derivation of a C[k]
corresponding to this condition such that ma[k] and mg[k] both become 1 at the
maximum scaling effect and the comb-filter compensation effect is eliminated because
of that.

Complete comb-filter compensation would mean that the power es[k] = Re(S[k]) .
Re(S[k]) + Im(S[k]) . Im(S[k]) of the mixed signal S[k] = A[k] . ma[k] + B[k] . mg[k] is
equal to the sum of the power levels of the input signals, and thus ea[k] + eg[k]. It can
be computationally deduced that this power equation is satisfied, among other times,
when the original derivation of the multiplication parameters is defined as

ma[k] = my[k] = C[k] = ((ealk] + en[k]) / (ealk] + en[k] + 2 . xan[k])'"

with the definitions that are already known for eaf[k], ep[k] und xap[k]. As already
stated, only complete comb-filter compensation could be achieved with this original

derivation without scaling.
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It can be seen that the result goes to C[k] = 1 when the cross-correlation xap[k] goes to
0 in the original derivation. A gradual approach of the multiplication parameter to the
value 1 can therefore be brought about in any case with an arbitrary, gradual reduction
of xap[k].

Scaling is done with the cross-correlation signal xap[k] because of this relationship. It
involves multiplication by the frequency-dependent scaling signal D[k], and its result,
yaslk], replaces xap[k] from the original derivation.

Only the additional factor (1+L) applied to the power signals ea[k] and eg[k] is then
lacking for the derivation specification of the combination signal in accordance with the
invention. Its effect can be ignored for the explanation of the scaling.

The factor (1+L) brings about a situation for L > 0 in which a phase jump can arise that
may be audibly disruptive under certain circumstances in the case that signal
components of the input signals cancel one another. The cancellation has the
prerequisite, among others, that the input-signal components are opposite in phase, and
thus anticorrelated, vis-a-vis on¢ another.

The scaling with D[k] causes, as is strived for, the transition from predominant to
reduced comb-filter compensation, which lies in the range between no comb-filter
compensation and complete comb-filter compensation. Scaling with 1 would bring
about complete comb-filter compensation, for instance; scaling with 0 would bring
about no comb-filter compensation. The frequency dependence is therefore realized in
the form of a frequency characteristic increasing with the frequency k. The cutoff
frequency ky limits the range of high signal frequencies. The lower cutoff frequency kr,
limits the range of low signal frequencies. A transition range lies between them. The
constant scaling value Dy above the upper cutoff frequency ky causes high signal
frequencies to be processed with predominant comb-filter compensation; the smaller
constant scaling value a . Dy below the lower cutoff frequency k; causes low signal
frequencies to be processed with reduced filter compensation. A transition curve
without discontinuities is to be preferred; artifacts are avoided because of that. A
straight-line segment is therefore suitable as a simple solution to a transition for the
range between the cutoff frequencies. These features of the frequency characteristic are
shown in the form of an example in Fig. 2. Other continuously increasing functions, for

instance a parabola segment that connects the points (ki , a . Dy) and (ky , Dy), are also
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suitable as transition curves; no discontinuities result from them.

The requirements for the values of ky, ki, Dy and a follow from the perceptibility of
comb-filter effects for high frequencies, from distortions of the volume for low
frequencies and from artefacts. The values can be optimized and specified by the
manufacturer or made available to the user for individual adjustment.

Fig. 3 shows a second example of the mixing arrangement in accordance with the
invention. The mixing arrangement in Fig. 3 is similar to the mixing arrangement in Fig.
1. The mixing arrangement is provided with a first input 301 and a second input 302 to
receive the two audio signals A[k] and B[k], which have already been converted into the
frequency range here. Both of the inputs are coupled to the respective inputs of the
cross-correlation unit 303 for deriving the cross-correlation signal xag[k]. The input 301
is likewise coupled to an input of the first unit 304 for deriving the first power signal
ealk]. The input 302 is likewise coupled to the input of the second unit 305 for deriving
the second power signal eg[k].

The mixing arrangement again comprises a unit 306 for deriving at least one
multiplication parameter (in this case, two multiplication parameters again, ma[k] und
mg[k], that are equal to one another) from the first and second power signals and the
cross-correlation signal. Furthermore, the multiplication and combination unit 307 is
provide to generate the output signal S[k] at the output 308.

The unit 306 for deriving for deriving a multiplication parameter is once again provided
with a scaling unit 309 for multiplying a signal in the unit 306 for deriving a
multiplication parameter with a scaling signal D'[k]. In this example, the output signal
of the combination unit 310 is multiplied by this scaling signal D'[k] to obtain a scaled
combination signal.

The scaling signal D'[k] has a frequency characteristic as shown in Fig. 5. The
frequency characteristic is substantially constant below a first frequency ki ', increases
between the first frequency ki' and a higher, second frequency k¢' and is again
substantially constant above the second frequency ky'.

The substantially constant value above the second frequency ky' is D', which lies in a
value range [0.6; 0.9] and is preferably equal to 0.7. The substantially constant value
below the first frequency k' is equal to a' . Dy'; the following applies to a": 0 <a' < 1.

The combination unit 310 is set up to derive a combination signal that is a measure of
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the combination of the first and second power signals es[k] and eg[k] and the cross-
correlation signal xag[k]. Outputs of the units 303, 304 and 305 are coupled to the
respective inputs of the combination unit 310 for that.

The combination unit 310 is set up in this example to derive the combination signal
C[k] in accordance with:

CLk] = ((1+L) . (ealk] + es[k]) / (1+L) . (ea[k] + es[k]) + 2 . xas[k])"?

The combination signal is multiplied by the compensation signal D'[k] in the following
way in the scaling unit 309 to derive the scaled combination signal in accordance with:
(Clk]-1).D'k] + 1.

The unit 306 for deriving a multiplication parameter is further set up in this example to
derive the single multiplication parameter m[k] from the scaled combination signal in
accordance with: m[k] = (C[k] - 1) . D'[k] + 1.

The way in which the mixing arrangement of Fig. 3 operates will now be examined.

The way in which it operates corresponds to a very great extent to what was explained
for Fig. 1, except that a difference exists in the unit 306 for deriving a multiplication
parameter, namely the scaling in 309 is downstream of the combination unit 310.

The combination signal C[k] to be derived from the combination unit 310 results in the
same way as in 110.

It can be seen that, unlike in Fig. 1, a gradual approach of the multiplication parameter
to the value 1 can also be brought about via an arbitrary, gradual reduction in the
difference between C[k] and 1.

The scaling is done with the combination signal C[k] due to that relationship. It involves
the subtraction of 1 here, the subsequent multiplication by the frequency-dependent
scaling signal D'[k] and the subsequent addition of 1.

The scaling brings about the strived-for transition between various degrees of the comb-
filter compensation effect in a way that is similar to 109. A scaling value of 1 would
also bring about complete comb-filter compensation in 309, a scaling value of 0 would
bring about no comb-filter compensation, and the frequency dependence is therefore
realized in the form of a frequency characteristic increasing with the frequency k.
Scaling values lying between 0 and 1 have a slightly different effect on the
multiplication parameter in 306, however, than in 106. A separate frequency

characteristic of the scaling signal D'[k] with its own features ky', k', Dy' and a' is
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therefore defined and optimized if necessary in 306. It is shown in the form of an
example in Fig. 5. The corresponding requirements for its values are subject to the same
considerations as in 106.

In general, ky, in Fig. 2 will be equal to k;' in Fig. 5, and ky in Fig. 2 will be equal to ky'
in Fig. 5 It cannot be ruled out, however, that values will be chosen in certain cases for
ki, and ky that differ from those for k;' and k', respectively.

Fig. 4 shows a third example of the mixing arrangement in accordance with the
invention. The mixing arrangement in Fig. 4 is similar to the mixing arrangement in Fig.
1. The example in accordance with Fig. 4 is essentially the example in accordance with
Fig. 1, but it is additionally provided with a threshold detector 411. The threshold
detector 411 is provided with an input coupled to the output of the cross-correlation unit
403. The cross-correlation signal xap[k] is compared in the threshold detector 411 with
a threshold value T that is specified in advance.

If the cross-correlation signal xap[k] does not fall below the threshold value T, the
multiplication parameters ma[k] and mg[k] will be derived in the unit 406 just as they
are in the unit 106 for deriving the multiplication parameters that is shown in Fig. 1.

The formula in block 410 in Fig. 4 is in fact different than the one in block 110 in Fig.
1. But the assumption is made in Fig. 4 that L = 0. And for L = 0, the formula in block
110 in Fig. 1 directly changes to the formula in block 410 in Fig. 4. The specification of
L = 0 is allowed here, because anticorrelated input-signal components are excluded
from the processing by the unit 406. Only correlated input-signal components are
processed by the unit 406. This distinction is caused by the function of the threshold
detector, which will be described later on. The way that L works has already been
described for Fig. 1. It is evident from this that L, if L > 0 is applicable, only fulfills its
purpose, namely preventing phase jumps via possible cancellations, for anticorrelated
input-signal components. Cancellations cannot be made for correlated input-signal
components. Thus, the effect of L would not be needed for the correlated input-signal
components exclusively processed in the unit 406; the remaining computational
difference between the two formulas would be so minor for the correlated input-signal
components that it has practically no significance. The specification of L = 0 therefore

results in the obvious simplification of the derivation formula in block 410 vis-a-vis that
of block 110.
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Different signal processing of the signals xap[k], ea[k] and eg[k] is carried out in the
unit 406 to derive the multiplication parameters mu[k] and mg[k] for the case that the
cross-correlation signal falls below the threshold value T. That is also indicated in Fig. 4
by the block 406'. The different form of signal processing in the unit 406' for deriving
the multiplication parameters is explained in more detail below.

The cross-correlation signal is now multiplied by a different scaling signal D"[k] to
obtain a scaled cross-correlation signal y' ap[k]. The scaling signal D"[k] is shown in
Fig. 8.

The scaling signal D"[k] has a frequency characteristic that is substantially constant
below a third frequency ki, that increases between the third frequency ki" and a higher
fourth frequency ky" and that is one again substantially constant above the fourth
frequency. The substantially constant value above the fourth frequency ky" is Dy",
lying in the value range [0.5; 1]. Dy" is preferably equal to 1. The substantially constant
value below the third frequency ki" is equal to a" . Dy"; a" lies in a value range [0; 1].
The first multiplication parameter ma[k] is now derived in block 406" in accordance
with:

malk] = ((y'as [K]/ (ealk] + L' eg[KD))*+ 1)"* - y'an [K] / (ealk] + L' . eg[K])

The second multiplication parameter mg[k] has a value equal to 1.

The threshold value T that is specified in advance is preferably equal to zero. The
threshold detector 411 has an output for delivering a control signal that is fed into a
control input of the unit 406, 406' for deriving the multiplication parameters. If the
cross-correlation signal xag[k] is greater than or equal to the threshold value T, a first
control signal is generated at the output of the threshold value detector 411. If the cross-
correlation signal xap[k] is less than the threshold value T, a second control signal is
generated at the output of the threshold value detector 411. The unit 406 for deriving the
multiplication parameters operates as indicated in block 106 in Fig. 1 in response to the
first control signal; L could be zero if necessary, as shown in block 406. The unit for
deriving the multiplication parameters operates as indicated in block 406' in Fig. 4 in
response to the second control signal.

The signal processing in the unit 406 (406") for deriving the multiplication parameters
can be carried out with hardware or software and switching is therefore done with

hardware or software as indicated in the blocks 406 and 406' in Fig. 4 in response to the
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first or second control signal 415, respectively.

The way in which the example in accordance with Fig. 4 works in the case that the
cross-correlation signal xap[k] does not fall below the threshold value T has already
been explained as it was with the aid of Fig. 1. The other signal processing in
accordance with the block 406" will take effect in the case that the cross-correlation
signal xap[k] exceeds the threshold value T. This manner of operation will be briefly
explained here.

The arrangement according to Fig. 4 makes a distinction between correlated signal
components and anticorrelated signal components with the aim of subjecting the latter
to special treatment. A signal component of a frequency k is considered to be correlated
or anticorrelated when the difference between the accompanying cross-correlation
signal and the threshold value T is positive or negative, respectively. That is in line with
the customary definition for the typical value T = 0.

Correlated input-signal components are handled by the combination unit 410. The
frequency-dependent reduction in the comb-filter compensation effect in 410 via the
scaling unit 409 operates in the same way as in 110.

Anticorrelated input-signal components are handled by the combination unit 410'. The
modified derivation specification for the combination unit 410" brings about complete
comb-filter compensation, just like the one in 110, and a prevention of phase jumps for
L'> 0 in the cases in which signal components of the input signals cancel one another
out. The frequency-dependent reduction in the comb-filter compensation effect in 410’
via the scaling unit 409' operates in the same way as in 110.

A separate function D"[k] with its own function characteristics ky", k", Dy" and a" is
once again defined and optimized if necessary in 409'. It is shown in the form of an
example in Fig. 8. The corresponding requirements for its values have already been
described above.

The facts that D"[k] only refers to the anticorrelated signal components and that
anticorrelated signal components do not usually arise for low frequencies bring about a
situation in which a greater comb-filter compensation effect can be achieved for signal
components of that type than would be the case if the were given the same treatment as
the correlated signal components. To this end, a smaller frequency dependence is

chosen for D"[k] than is the case for D'[k], in an advantageous way by making a" > a"’;
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ky" =ky* and k" = ki * and Dy" = Dy°* are retained. Included in that is also the possible
requirement as a result of optimization that the frequency dependence of D"[k] will
entirely disappear by choosing a" = 1.

Fig. 6 shows a fourth example of the mixing arrangement in accordance with the
invention. The mixing arrangement in Fig. 6 is similar to the mixing arrangement in Fig.
3 and the mixing arrangement in Fig. 4. The example in accordance with Fig. 6 is
essentially the example in accordance with Fig. 3, but it is additionally provided with a
threshold detector 611. The threshold detector 611 is provided with an input coupled to
the output of the cross-correlation unit 603.

If the cross-correlation signal xap[k] does not fall below the threshold value T, the
multiplication parameters ma[k] and mg[k] will be derived in the unit 606 just as they
are in the unit 306 for deriving the multiplication parameters that is shown in Fig. 3.

The formula in block 610 in Fig. 6 is in fact different than the one in block 310 in Fig.
3. But the assumption is made in Fig. 6 that L = 0. And for L = 0, the formula in block
310 in Fig. 3 directly changes to the formula in block 610 in Fig. 6. This is allowed for
the same reasons that were already described with the aid of Fig. 4.

Different signal processing of the signals xap[k], ea[k] and egp[k] is carried out to
derive the multiplication parameters ma[k] and mg[k] for the case that the cross-
correlation signal falls below the threshold value T. That is also indicated in Fig. 6 by
the block 606'.

The different form of signal processing in the unit 606' for deriving the multiplication
parameters is explained in more detail below.

The cross-correlation signal is now multiplied by a different scaling signal D"[k] to
obtain a scaled cross-correlation signal y' ap[k]. The scaling signal D"[k] is shown in
Fig. 8 once again, and it has already been described in detail with the aid of Fig. 4.

The first multiplication parameter ma[k] is now derived in block 606" in accordance
with:

malk] = ((y'as [K]/ (ealk] + L' eg[KD))*+ 1)"*- y'an [K] / (ealk] + L' . eg[K]) .

The second multiplication parameter mg[k] has a value equal to 1.

The manner of operation when xag[k] is less than the threshold value T is consequently
the same as the manner of operation that was already described with the aid of Fig. 4.

The frequency-dependent reduction in the comb-filter compensation effect for



10

15

20

25

30

WO 2013/144168 PCT/EP2013/056448

-14-

correlated input-signal components in 610 via the scaling unit 609 operates in the same
way as in 310.

The frequency-dependent reduction in the comb-filter compensation effect for
anticorrelated correlated input-signal components in 610" via the scaling unit 609’
operates in the same way as in 410'.

The signal processing in the unit 606 (606") for deriving the multiplication parameters
can once again be carried out with hardware or software and switching is therefore done
with hardware or software as indicated in the blocks 606 and 606' in Fig. 6 in response
to the first or second control signal 615, respectively, from the threshold detector 611.
The input signals have been digitalized and already converted into the relevant
frequency in all of the examples of the mixing arrangement that have been described.

In the digital solution, the first unit 104 or 304 or 404 or 604 has been set up to derive
the first power signal es[k] in accordance with:

ealk] = Re(A[Kk]) . Re(A[k]) + Im(A[K]) . Im(A[k]),

as was already indicated carlier.

The second unit 105 or 305 or 405 or 605 has been set up to derive the second power
signal eg[k] in accordance with:

eslk] = Re(B[k]) . Re(B[k]) + Im(B[k]) . Im(B[k]).

The cross-correlation unit 103 or 303 or 403 or 603 has been set up to derive the cross-
correlation signal xap[k] in accordance with:

xas[k] = Re(A[k]) . Re(B[k]) + Im(A[k]) . Im(B[k]).

The mixing arrangements could have also been completely realized in an analog
fashion. All of the units in the mixing arrangement, as described up to this point as
digital circuits, would then be realized in an equivalent way as analog circuits.

Fig. 7 shows an example of a mixing arrangement for mixing three audio signals in the
form of a schematic diagram. The mixing arrangement is provided with three input
terminals 751, 752, 753 to receive the three audio signals A[k] or B[k] or E[k] (which
have already been converted once again into the frequency range). The two input
terminals 751 and 752 are coupled to respective inputs 701 or 702 of a subcircuit that is
indicated in Fig. 7 with the circuit block 754. This circuit block 754 contains one unit of
the units that have already been described with the aid of Figures 1, 3, 4 or 6. The audio

signals A[k] and B[k] are consequently mixed in the subcircuit 754 as has already been
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described with the aid of Figures 1, 3, 4 or 6. The audio signal S[k] of the subcircuit
754 is offered at an output 708. The output 708 is coupled to a first input 701" of a
second subcircuit 756 via a line 755. The third input terminal 753 is coupled to a second
input 702' of the second subcircuit 756.

This subcircuit 756 once again contains one unit of the units that have already been
described with the aid of Figures 1, 3, 4 or 6. The mixed signal S[k] that has already
been generated in the subcircuit 754 and the audio signal E[k] are consequently mixed
in the subcircuit 756 as has already been described with the aid of Figures 1, 3, 4 or 6.
The audio signal S'[k] of the subcircuit 756 is offered at an output 708'. The output 708’
is coupled to the output terminal 757 of the mixing arrangement.

It is to be mentioned here that the invention is not limited to the examples that were
shown. The invention is defined as described in the claims. Different modifications of
the examples that have been shown are therefore possible; the modified examples are
still covered by the claims. The mixing arrangement could, as has already been
mentioned, be designed in the form of an analog circuit or structured as a software
solution in a microprocessor. As already discussed, the various elements in the blocks
107 or 307 or 407 or 607 can be structured in a different order.

In addition, it is to also be mentioned that a solution is also possible where the scaling
unit 409' or 609" is located in front of the combination unit 410" or 610" in the examples
in accordance with Figures 4 and 6, respectively; the scaling unit of the combination
unit is switched in downstream in the manner that has already been shown in blocks 306

and 606 in Fig. 3 or Fig. 6, respectively.
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CLAIMS
1. Arrangement for mixing at least two audio signals, comprising

- inputs (101,102) for receiving the at least two audio signals,

- a first unit (104) for deriving a first power signal, which first power signal is
a measure for the power of the first audio signal,

- asecond unit (105) for deriving a second power signal, which second power
signal is a measure for the power of the second audio signal,

- a cross- correlation unit (103) for deriving a cross- correlation signal, which
1s a measure of the cross-correlation between the first and second audio
signal,

- aunit (106) for deriving at least one multiplication parameter from the first
and second power signals and the cross-correlation signal,

- a multiplication and combination unit (107) for carrying out a signal
processing on the first and second audio signals, which is equivalent to

o multiplying the first audio signal with a multiplication parameter,

o multiplying the second audio signal with a multiplication parameter,

o combining the so multiplied first and second audio signals to

generate a mixed audio signal,

characterized in that the unit (106) for deriving a multiplication parameter is provided
with a combination unit (110) for deriving a combination signal which is a measure for
the combination of the first and second power signals and the cross-correlation signal,
and provided with a scaling unit (109) for scaling a signal component in the unit (106)
for deriving a multiplication parameter with a scaling signal,
that the scaling signal (D[k]) has a frequency characteristic which is substantially
constant in a frequency range below a first frequency value (kr), increases in a
frequency range between the first frequency value (kp) and a second higher frequency
value (ky) and is again substantially constant in a frequency range above the second
frequency value, that the unit (106) for deriving a multiplication_parameter is adapted to
derive a single multiplication parameter (m[k]) from the combination signal, and that
the multiplication and combination unit (107) is adapted to carry out a signal processing
on the first and second audio signals which is equivalent to

o multiply the first audio signal and the second audio signal with the



10

15

20

25

30

WO 2013/144168 PCT/EP2013/056448

-17-

single multiplication parameter, and

o combine the so multiplied first and second audio signals.
(Fig. 1,2)
2. Arrangement as claimed in claim 1, characterized in that the substantially constant
value of the frequency characteristic above the second frequency equals Dy, where Dy
lies in a value range [0.36; 0.81], and the substantially constant value below the first
frequency equals a . Dy, where a satisfies 0 <a < 1. (Fig. 2)
3. Arrangement as claimed in claim 1 or 2, the first and second audio signals and the
cross-correlation  signals being signals converted in the frequency domain
(A[k],B[k],S[k]), characterized in that, the scaling unit (109) is adapted to scale the
cross-correlation signal by a scaling signal to derive a scaled cross-correlation signal
according to the following formula:
yaslk] = xag[k] . D[K]
where yap[k] is the scaled cross-correlation signal, xag[k] is the cross-correlation signal,
DJk] is the scaling signal and k a frequency parameter.(Fig. 1)
4. Arrangement as claimed inn claim 3, characterized in that, the combination unit (110)
is adapted to derive the combination signal C[k] according to the following formula:
CIk] =((1+L) . (ealk] + ep[k]) / (1+L) . (ealk] + en[k]) + 2 . yan[k])"?
where
ealk] and eg[k] is the first and second power signal, respectively, and L is a constant
limitation parameter, which value is non-negative and preferably lies in a value range
[0,05; 0,5]. (Fig. 1)
5. Arrangement as claimed in claim 4, characterized in that, the unit (106) for deriving a
multiplication parameter is adapted to derive the single multiplication parameter from
the combination signal according to the following formula:
m[k] = C[k]
where m[k] is the value of the single multiplication parameter.(Fig. 1)
6. Arrangement as claimed in claim 1, characterized in that the substantially constant
value of the frequency characteristic above the second frequency equals Dy’, where
Dy'lies in a value range [0.6; 0.9], and the substantially constant value below the first
frequency equals a” . Dy’, where a” satisfies 0 <a < 1. (Fig. 5)

7. Arrangement as claimed in claim 1 or 6, the first and second audio signals and the



10

15

20

25

30

WO 2013/144168 PCT/EP2013/056448

-18-

cross-correlation signals being signals converted in the frequency domain
(A[k],B[k],S[k]), characterized in that the combination unit (310) for deriving the
combination signal C[k] is adapted to carry out a signal processing according to the
following formula:

CIkD) = ((1 +L). (ea[k] + es[k]) / ((1 + L) . (ea[k] + es[k]) + 2 . xas[k]))"?

where

ealk] and eg[k] is the first and second power signal, respectively, xap[k] is the cross-
correlation signal, L is a constant limitation parameter lying in a value range [0,05; 0,5],
and k a frequency parameter. (Fig. 3)

8. Arrangement as claimed in claim 7, characterized in that, the scaling unit (309) is
adapted to scale the combination signal by a scaling signal for deriving the scaled
combination signal according to the following formula:

(Clk]-1).D’[k]+1

where D’[k] is the scaling signal. (Fig. 3)

9. Arrangement as claimed in claim 8, characterized in that the unit (306) for deriving a
multiplication parameter is adapted to derive the single multiplication parameter from
the scaled combination signal according to the following formula:
m[k]=(C[k]-1).D’[k] + 1

where m[k] is the single multiplication parameter. (Fig. 3)

10. Arrangement as claimed in claim 4 or 7, characterized in that L = 0 (Fig. 4,6)

11. Arrangement as claimed in any of the preceding claims, characterized in that it is
further provided with a threshold detector (411) for

- establishing whether the cross-correlation signal is lower than a preset threshold
value (T),

- generating a switching control signal in response to the cross-correlation signal
being smaller than the threshold value (T), and

- supplying the switching control signal to the unit (406,406") for deriving a
multiplication parameter,

and that the unit (406,406") for deriving a multiplication parameter is adapted to switch-
over to another signal processing step (406°) on the first and second power signals and
the cross-correlation signal in response to receiving the switching control signal (415),

for deriving a first multiplication parameter (mal[k]) and for deriving a second
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multiplication parameters (mg[k]) having a constant value, and that the multiplication
and combination unit (407) is further adapted to carry out a signal processing step on
the first and second audio signals which is equivalent to multiplying the first audio
signal by the first multiplication parameter and multiplying the second audio signal by
the second multiplication parameter, and combining the so multiplied first and second
audio signals. (Fig. 4)

12. Arrangement as claimed in claim 11, the first and second audio signals and the
cross-correlation signals being signals converted in the frequency domain
(A[k],B[k].S[k]), characterized in that the scaling unit (409") is adapted to switch-over
to another scaling step on the cross-correlation signal in response to receiving the
switching control signal, according to the following formula:

¥y aB[k] = xas[k] . D"'[k]

where y'ap[k] is the scaled cross-correlation signal, xagp[k] is the cross-correlation
signal, D"'[k] is the other scaling signal for the other scaling step and k is a frequency
parameter.(Fig. 4,8)

13. Arrangement as claimed in claim 12, characterized in that the other scaling signal
(D”’[k]) has a frequency characteristic which is substantially constant in a frequency
range below a third frequency (kr"), increases in a frequency range between the third
frequency (k") and a higher fourth frequency (ky””) and is again substantially constant
in a frequency range above the fourth frequency. (Fig. 8)

14. Arrangement as claimed in claim 13, characterized in that the substantially constant
value of the frequency characteristic above the fourth frequency value (ky™”) equals
Dy”’, where Dy”" lies in a value range [0.5;1] and is preferably is equal to 1, the
substantially constant value of the frequency characteristic below the third frequency
value (kp.”") equals a’" . Dy"", where a”” lies in a value range [0;1]. (Fig. 8)

15. Arrangement as claimed in any of the claims 12 to 14, characterized in that the unit
(406") for deriving a multiplication parameter is adapted to derive the first
multiplication parameter (ma[k]) according to the following formula:

(ma[k]) = (v as[k]) / (ealk] + L* . ea[k]))* + 1)"”* = (y"an[k] / (ealk] + L* . en[k])

where

ealk] and ep[k] is the first and second power signal, respectively, y ap[k] is the scaled

cross-correlation signal, L™ is a constant limitation parameter, whose value is non-
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negative and preferably lies in a value region [0,05; 0,5], k is a frequency parameter,
and that the second multiplication parameter (mg[k]) equals 1. (Fig. 4,6)

16. Arrangement as claimed in any of the claims 11 to 15, characterized in that the
preset threshold value (T) equals zero.

17. Arrangement as claimed in any of the claims 13 to 16, characterized in that the first
frequency equals the third frequency, and the second frequency equals the fourth
frequency.

18. Arrangement as claimed in claim 2, 6 or 14, characterized in that a and a” equal
preferably zero and a”” equals preferably 1.

19. Arrangement as claimed in claim 15, characterized in that L'=0.

20. Arrangement as claimed in any of the claims 3 to 19, characterized in that the first
unit (104) is adapted to derive the first power signal according to the following formula:
ealk] = Re(A[k]) . Re(A[k]) + Im(A[k]) . Im(A[k])

where A[k] are the frequency values of the first audio signal, converted in the frequency
domain,

the second unit (105) is adapted to derive the second power signal according to the
following formula:

eg[k] = Re(B[k]) . Re(B[k]) + Im(B[k]) . Im(BJ[k])

where B[k] are the frequency values of the second power signaldie, converted in the
frequency domain, and

the cross-correlation unit (103) is adapted to derive the cross-correlation signal
according to the following formula:

xan[k] = Re(A[K]) . Re(BIK]) + Im(A[K]) . Im(BIK]),

and where Re and are the real and imaginary parts, respectively, of the frequency

values.(Fig. 1)
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