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Description

Disclosure of the Invention

[0001] Herein are described methods and apparatus for extracting a center channel of sound from an audio signal
with multiple channels and for enhancing speech. A method for extracting a center channel of sound from an audio
signal with multiple channels as claimed in claim 1 may include multiplying (1) a first channel of the audio signal, less
a proportion α of a candidate center channel and (2) a conjugate of a second channel of the audio signal, less the
proportion α of the candidate center channel, approximately minimizing α and creating the extracted center channel by
multiplying the candidate center channel by the approximately minimized α.
[0002] A method and apparatus for enhancing speech as claimed in claims 2 and 8 may include extracting a center
channel of an audio signal, flattening the spectrum of the center channel and mixing the flattened speech channel with
the audio signal, thereby enhancing any speech in the audio signal. The method may further include generating a
confidence in detecting speech in the center channel and the mixing may include mixing the flattened speech channel
with the audio signal proportionate to the confidence of having detected speech. The confidence may vary from a lowest
possible probability to a highest possible probability, and the generating may include further limiting the generated
confidence to a value higher than the lowest possible probability and lower than the highest possible probability. The
extracting may include extracting a center channel of an audio signal, using the method described above. he flattening
may include flattening the spectrum of the center channel using the method described above. The generating may
include generating a confidence in detecting speech in the center channel, using the method described above.
[0003] The extracting may include extracting a center channel of an audio signal, using the method described above;
the flattening may include flattening the spectrum of the center channel using the method described above; and the
generating may include generating a confidence in detecting speech in the center channel, using the method described
above.
[0004] Herein is taught a computer-readable storage medium as claimed in claim 6 wherein is located a computer
program for executing any of the methods described above, as well as a computer system including a CPU, the storage
medium and a bus coupling the CPU and the storage medium.

Description of the Drawings

[0005]

Figure 1 is a functional block diagram of a speech enhancer according to one embodiment of the invention.

Figure 2 depicts a suitable set of filters with a spacing of 1 ERB, resulting in a total of 40 bands.

Figure 3 describes the mixing process according to one embodiment of the invention.

Figure 4 illustrates a computer system according to one embodiment of the invention.

Best Mode for Carrying Out the Invention

[0006] Figure 1 is a functional block diagram of a speech enhancer 1 according to one embodiment of the invention.
The speech enhancer 1 includes an input signal 17, Discrete Fourier Transformers 10a, 10b, a center-channel extractor
11, a spectral flattener 12, a voice activity detector 13, variable-gain amplifiers 15a, 15c, inverse Discrete Fourier
Transformers 18a, 18b and the output signal 18. The input signal 17 consists of left and right channels 17a, 17b,
respectively, and the output signal 18 similarly consists of left and right channels 18a, 18b, respectively.
[0007] Respective Discrete Fourier Transformers 18 receives the left and right channels 17a , 17b of the input signal
17 as input and produces as output the transforms 19a, 19b. The center-channel extractor 11 receives the transforms
19 and produces as output the phantom center channel C 20. The spectral flattener 12 receives as input the phantom
center channel C 20 and produces as output the shaped center channel 24, while the voice activity detector 13 receives
the same input C 20 and produces as output the control signal 22 for variable-gain amplifiers 14a and 14c on the on
hand and, on the other, the control signal 21 for variable-gain amplifier 14b.
[0008] The amplifier 14a receives as input and control signal the left-channel transform 19a and the output control
signal 22 of the voice activity detector 13, respectively. Likewise, the amplifier 14c receives as input and control signal
the right-channel transform 19b and the voice-activity-detector output control signal 22, respectively. The amplifier 14b
receives as input and control signal the spectrally shaped center channel 24 and the output voice-activity-detector control
signal 21 of the spectral flattener 12.
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[0009] The mixer 15a receives the gain-adjusted left transform 23a output from the amplifier 14 and the gain-adjusted
spectrally shaped center channel 25 and produces as output the signal 26a. Similarly, the mixer 15b receives the gain-
adjusted right transform 23b from the amplifier 14c and the gain-adjusted spectrally shaped center channel 25 and
produces as output the signal 26b.
[0010] Inverse transformers 18a, 18b receive respective signals 26a, 26b and produce respective derived left- and
right-channel signals L’ 18a, R’ 18b.
[0011] The operation of the speech enhancer 1 is described in more detail below. The processes of center-channel
extraction, spectral flattening, voice activity detection and mixing, according to one embodiment, are described in turn
- first in rough summary, then in more detail.

CENTER-CHANNEL EXTRACTION

[0012] The assumptions are as follow:

(1) The signal of interest 17 contains speech.
(2) In the case of a multi-channel signal (i.e., left and right, or stereo), the speech is center panned.
(3) The true panned center consists of a proportion alpha (α) of the source left and right signals.
(4) The result of subtracting that proportion is a pair of orthogonal signals,

[0013] Operating on these assumptions, the center-channel extractor 11 extracts the center-panned content C 20
from the stereo signal 17. For center-panned content, identical regions of both left and right channels contain that center-
panned content. The center-panned content is extracted by removing the identical portions from both the left and right
channels.
[0014] One may calculate LR*=0 (where * indicates the conjugate) for the remaining left and right signals (over a
frame of blocks or using a method that continually updates as a new block enters) and adjust a proportion α until that
quantity is sufficiently near zero.

SPECTRAL FLATTENING

[0015] Auditory filters separate the speech in the presumed speech channel into perceptual bands. The band with
the most energy is determined for each block of data. The spectral shape of the speech channel for that block is then
altered to compensate for the lower energy in the remaining bands. The spectrum is flattened: Bands with lower energies
have their gains increased, up to some maximum. In one embodiment, all bands may share a maximum gain. In an
alternate embodiment, each band may have its own maximum gain. (In the degenerate case where all of the bands
have the same energy, then the spectrum is already flat. One may consider the spectral shaping as not occurring, or
one may consider the spectral shaping as achieved with identity functions.)
[0016] The spectral flattening occurs regardless of the channel content. Non-speech may be processed but is not
used later in the system. Non-speech has a very different spectrum than speech, and so the flattening for non-speech
is generally not the same as for speech.

VOICE ACTIVITY DETECTOR

[0017] Once the assumed speech is isolated to a single channel, it is analyzed for speech content. Does it contain
speech? Content is analyzed independent of spectral flattening. Speech content is determined by measuring spectral
fluctuations in adjacent frames of data. (Each frame may consist of many blocks of data, but a frame is typically two,
four or eight blocks at a 48 kHz sample rate.)
[0018] Where the speech channel is extracted from stereo, the residual stereo signal may assist with the speech
analysis. This concept applies more generally to adjacent channels in any multi-channel source.

MIXING

[0019] When speech is deemed present, the flattened speech channel is mixed with the original signal in some
proportion relative to the confidence that the speech channel indeed contains speech. In general, when the confidence
is high, more of the flattened speech channel is used. When confidence is low, less of the flattened speech channel is used.
[0020] The processes of center-channel extraction, spectral flattening, voice activity detection and mixing, according
to one embodiment, are described in turn in more detail.
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EXTRACTION OF PHANTOM CENTER AND SURROUND CHANNELS FROM 2-CHANNEL SOURCES

[0021] With speech enhancement, one desires to extract, process and re-insert only the center panned audio. In a
stereo mix, speech is most often center panned.
[0022] The extraction of center panned audio (phantom center channel) from a 2-channel mix is now described. A
mathematical proof composes a first part. The second part applies the proof to a real-world stereo signal to derive the
phantom center.
[0023] When the phantom center is subtracted from the original stereo, a stereo signal with orthogonal channels
remains. A similar method derives a phantom surround channel from the surround-panned audio.

CENTER CHANNEL EXTRACTION - MATHEMATICAL PROOF

[0024] Given some two-channel signal, one may separate the channels into left (L) and right (R). The left and right
channels each contains unique information, as well as common information. One may represent the common information
as C (center panned), and the unique information as L and R- left only and right only, respectively.

[0025] "Unique" implies that L and R are orthogonal to each other:

 If one separates L and R into real and imaginary parts,

where Lr is the real part of L, L¡ is the imaginary part of L, and similarly for R.
[0026] Now assume that the orthogonal pair (L and R) is created from the non-orthogonal pair (L and R) by subtracting
the center panned C from L and R.

[0027] Now let C = αC , where C is an assumed center channel and α is a scaling factor:
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[0028] Substituting Equations (6) and (7) into Equation (3):

[0029] Equation (8) is in the form of the quadratic equation:

where the roots are found by:

[0030] Now let the assumed C in Equations (6) and (7) be as follows:

[0031] Separating into real and imaginary:

[0032] Then in the quadratic Equation (9):



EP 2 191 467 B1

6

5

10

15

20

25

30

35

40

45

50

55

[0033] Substituting Equations (14), (15) and (16) into Equation (10) and solving for α:

[0034] Choosing the negative root for the solution to α and limiting α to the range of {0, 0.5} avoid confusion with
surround panned information (although the values are not critical to the invention). The phantom center channel equation
then becomes:

where

(The min{} and max{} functions limit α to the range of {0, 0.5}, although the values are not critical to the invention..)
[0035] A phantom surround channel can similarly be derived as:
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where S is the surround panned audio in the original stereo pair (L, R) and S is the assumed to be (L - R). Again,
choosing the negative root for the solution to β and limiting β to the range of {0, 0.5} avoid confusion with center panned
information (although the values are not critical to the invention).
[0036] Now that C and S have been derived, they can be removed from the original stereo pair (L and R) to make
four channels of audio from the original two:

 where L’ is the derived left, C the derived center, R’ the derived right and S derived surround channels.

CENTER CHANNEL EXTRACTION - APPLICATION

[0037] As stated above, for the speech enhancement method, the primary concern is the extraction of the center
channel. In this part, the technique described above is applied to a complex frequency domain representation of an
audio signal.
[0038] The first step in extraction of the phantom center channel is to perform a DFT on a block of audio samples and
obtain the resulting transform coefficients. The block size of the DFT depends on the sampling rate. For example, at a
sampling rate fs of 48kHz, a block size of N = 512 samples would be acceptable. A windowing function w[n] such as a
Hamming window weights the block of samples prior to application of the transform:

where n is an integer, and N is the number of samples in a block.
[0039] Equation (25) calculates the DFT coefficients as:

where x[n,c] is sample number n in channel c of block m, j is the imaginary unit (j2 = -1), and Xm[k,c] is transform
coefficient k in channel c for samples in block m. Note that the number of channels is three: left, right and phantom
center (in the case of x[n,c], only left and right). In the equations below, the left channel is designated as c=1, the phantom
center as c=2 (not yet derived) and the right channel as c=3. Also, the Fast Fourier Transform (FFT) can efficiently



EP 2 191 467 B1

8

5

10

15

20

25

30

35

40

45

50

55

implement the DFT.
[0040] The sum and difference of left and right are found on a per-frequency-bin basis. The real and imaginary parts
are grouped and squared. Each bin is then smoothed in-between blocks prior to calculating α. The smoothing reduces
audible artifacts that occur when the power in a bin changes too rapidly between blocks of data. Smoothing may be
done by, for example, leaky integrator, non-linear smoother, linear but multi-pole low-pass smoother or even more
elaborate smoother.

where Re{} is the real part, Im{} is the imaginary part, and λ1 is a leaky integrator coefficient. The leaky integrator has
a low pass filtering effect, and a typical value for λ1 is 0.9. The extraction coefficient α for block m is then derived using
Equation (19):

[0041] The phantom center channel for block m is then derived using Equation (18):
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SPECTRAL FLATTENING

[0042] A description of an embodiment of the spectral flattening of the invention follows. Assuming a single channel
that is predominantly speech, the speech signal is transformed into the frequency domain by the Discrete Fourier
Transform (DFT) or a related transform. The magnitude spectrum is then transformed into a power spectrum by squaring
the transform frequency bins.
[0043] The frequency bins are then grouped into bands possibly on a critical or auditory-filter scale. Dividing the speech
signal into critical bands mimics the human auditory system - specifically the cochlea. These filters exhibit an approxi-
mately rounded exponential shape and are spaced uniformly on the Equivalent Rectangular Bandwidth (ERB) scale.
The ERB scale is simply a measure used in psychoacoustics that approximates the bandwidth and spacing of auditory
filters. Figure 2 depicts a suitable set of filters with a spacing of 1 ERB, resulting in a total of 40 bands. Banding the
audio data also helps eliminate audible artifacts that can occur when working on a per-bin basis. The critically banded
power is then smoothed with respect to time, that is to say, smoothed across adjacent blocks.
[0044] The maximum power among the smoothed critical bands is found and corresponding gains are calculated for
the remaining (non-maximum) bands to bring their power closer to the maximum power. The gain compensation is
similar to the compressive (non-linear) nature of the basilar membrane. These gains are limited to a maximum to avoid
saturation. In order to apply these gains to the original signal, they must be transformed back to a DFT format. Therefore,
the per-band power gains are first transformed back into frequency bin power gains, then per-bin power gains are then
converted to magnitude gains by taking the square root of each bin. The original signal transform bins can then be
multiplied by the calculated per-bin magnitude gains. The spectrally flattened signal is then transformed from the fre-
quency domain back into the time domain. In the case of the phantom center, it is first mixed with the original signal
prior to being returned to the time domain. Figure 3 describes this process.
[0045] The spectral flattening system described above does not take into account the nature of input signal. If a non-
speech signal was flattened, the perceived change in timbre could be severe. In order to avoid the processing of non-
speech signals, the method described above can be coupled with a voice activity detector 13. When the voice activity
detector 13 indicates the presence of speech, the flattened speech is used.
[0046] It is assumed that the signal to be flattened has been converted to the frequency domain as previously described.
For simplicity, the channel notation used above has been omitted. The DFT coefficients are converted to power, and
then from the DFT domain to critical bands

where H[k,p] are P critical band filters.
[0047] The power in each band is then smoothed in-between blocks, similar to the temporal integration that occurs
at the cortical level of the brain. Smoothing may be done by, for example, leaky integrator, non-linear smoother, linear
but multi-pole low-pass smoother or even more elaborate smoother. This smoothing also helps eliminate transient
behavior that can cause the gains to fluctuate too rapidly between blocks, causing audible pumping. The peak power
is then found.
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where Em[p] is the smoothed, critically banded power, λ2 is the leaky-integrator coefficient, and Emax is the peak power.
The leaky integrator has a low-pass-filtering effect, and again, a typical value for λ2 is 0.9.
[0048] The per-band power gains are next found, with the maximum gain constrained to avoid overcompensating:

where Gm[p] is the power gain to be applied to each band, Gmax is the maximum power gain allowable, and γ determines
the degree of leveling of the spectrum. In practice, γ is close to unity. Gmax depends on the dynamic range (or headroom)
if the system performing the processing, as well as any other global limits on the amount of gain specified. A typical
value for Gmax is 20dB.
[0049] The per-band power gains are next converted to per-bin power, and the square root is taken to get per-bin
magnitude gains:

where Ym[k] is the per-bin magnitude gain.
[0050] The magnitude gain is next modified based on the voice-activity-detector output 21, 22. The method for voice
activity detection, according to one embodiment of the invention, is described next.

VOICE ACTIVITY DETECTION

[0051] Spectral flux measures the speed with which the power spectrum of a signal changes, comparing the power
spectrum between adjacent frames of audio. (A frame is multiple blocks of audio data.) Spectral flux indicates voice
activity detection or speech-versus-other determination in audio classification. Often, additional indicators are used, and
the results pooled to make a decision as to whether or not the audio is indeed speech.
[0052] In general, the spectral flux of speech is somewhat higher than that of music, that is to say, the music spectrum
tends be more stable between frames than the speech spectrum.
[0053] In the case of stereo, where a phantom center channel is extracted, the DFT coefficients are first split into the
center and the side audio (original stereo minus phantom center). This differs from traditional mid/side stereo processing
in that mid/side processing is typically (L+R)/2, (L-R)/2; whereas center/side processing is C, L+R-2C.
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[0054] With the signal converted to the frequency domain as previously described, the DFT coefficients are converted
to power and then from the DFT domain to the critical-band domain. The critical-band power is then used to calculate
the spectral flux of both the center and the side:

where X
~

m[p] is the critical band version of the phantom center, S
~

m[p] is the critical band version of the residual signal
(sum of left and right minus the center) and H[k,p] are P critical band filters as previously described.
[0055] Two frame buffers are created (for the center and side magnitudes) from the previous 2J blocks of data:

[0056] The next step calculates a weight W for the center channel from the average power of the current and previous
frames. This is done over a limited range of bands:

[0057] The range of bands is limited to the primary bandwidth of speech - approximately 100-8000 Hz. The unweighted
spectral flux for both the center and the side is then calculated:
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where Fx(m) is the unweighted spectral flux of center and Fs(m) is the un-weighted spectral flux of side.
[0058] A biased estimate of the spectral flux is then calculated as follows:

otherwise,

where FTol (m) is total flux estimate, and Wmin is the minimum weight allowed. Wmin depends on dynamic range, but a
typical value would be Wmin = -60dB.
[0059] A final, smoothed value for the spectral flux is calculated by low pass filtering the values of FTol(m) with a simple
1st order IIR low-pass filter. This filter depends on the signal’s sample rate and block size but, in one embodiment, can
be defined by a first-order, low-pass filter with a normalized cutoff of 0.025*fs for fs = 48kHz, where fs is the sample rate
of a digital system.
[0060] FTol(m) is then clipped to a range of 0 ≤ FTot(m) ≤ 1 :

(The min{} and max{} functions limit FTol(m) to the range of {0, 1} according to this embodiment.)

MIXING

[0061] The flattened center channel is mixed with the original audio signal based on the output of the voice activity
detector.
[0062] The per-bin magnitude gains Ym[k] for spectral flattening (as shown above) are applied to the phantom center
channel Xm[k,2] (as derived above):
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[0063] When the voice activity detector 13 detects speech, let FTol (t) = 1; when it detects non-speech, let FTol (m) =
0. Values between 0 and 1 are possible, win which case the voice activity detector 13 makes a soft decision on the
presence of speech.
[0064] For the left channel,

[0065] Similarly, for the right channel,

[0066] In practice, FTol may be limited to a narrower range of values. For example, 0.1 ≤ FTol (m) ≤ 0.9 preserves a
small amount of both the flattened signal and the original in the final mix.
[0067] The per-bin magnitude gains are then applied to the original input signal, which is then converted back to the
time domain via the inverse DFT:

where x~ is the enhanced version of x, the original stereo input signal.
[0068] Figure 4 illustrates a computer 4 according to one embodiment of the invention. The computer 4 includes a
memory 41, a CPU 42 and a bus 43. The bus 43 communicatively couples the memory 41 and CPU 42. The memory
41 stores a computer program for executing any of the methods described above.
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[0069] A number of embodiments of the invention have been described. Nevertheless, one of ordinary skill in the art
understands how to variously modify the described embodiments without departing from the scope of the invention. For
example, while the description includes Discrete Fourier Transforms, one of ordinary skill in the art understands the
various alternative methods of transforming from the time domain to the frequency domain and vice versa.
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Claims

1. A method for extracting a center channel of sound from an audio signal with multiple channels including a first
channel and a second channel, the method comprising:

obtaining an assumed center channel from a sum of the first channel and the second channel;
calculating a product by multiplying the first channel of the audio signal, less a proportion α of the assumed
center channel, with a conjugate of the second channel of the audio signal, less the proportion α of the assumed
center channel;
obtaining an extraction coefficient from a value of α that minimizes the product; and
obtaining the extracted center channel by multiplying the assumed center channel by the extraction coefficient.

2. A method for enhancing speech, the method comprising:

extracting a center channel of a multiple channels audio signal;
generating a confidence in detecting speech in the center channel;
flattening the spectrum of the center channel; and
mixing the flattened speech channel with the multiple channels audio signal proportionate to the confidence of
having detected speech, thereby enhancing any speech in the multiple channels audio signal.

3. The method of claim 2, wherein the confidence varies from a lowest possible probability to a highest possible
probability, and the generating comprises further limiting the generated confidence to a value higher than the lowest
possible probability and lower than the highest possible probability.

4. The method of claim 2, wherein the extracting comprises extracting a center channel of a multiple channels audio
signal, using the method of claim 1.

5. The method of claim 2, wherein:
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the extracting comprises extracting a center channel of a multiple channels audio signal, using the method of
claim 1;the flattening comprises flattening the spectrum of the center channel using a method for flattening the
spectrum of an audio signal that comprises:

separating a presumed speech channel into perceptual bands,
determining which of the perceptual bands has the most energy, and
increasing the gain of perceptual bands with less energy, thereby flattening the spectrum of any speech in
the audio signal; and

the generating comprises generating a confidence in detecting speech in the center channel using a method
for flattening the spectrum of an audio signal that comprises:

separating a presumed speech channel into perceptual bands.
determining which of the perceptual bands has the most energy. and
increasing the gain of perceptual bands with less energy up to a maximum, thereby flattening the spectrum
of any speech in the audio signal.

6. A computer-readable storage medium that records a computer program for executing the method of any one of
claims I through 5.

7. A computer system comprising
a CPU;
the storage medium of claim 6; and
a bus coupling the CPU and the storage medium.

8. A speech enhancer comprising:

a center-channel extract or for extracting a center channel of a multiple channels audio signal;
a spectral flattener for flattening the spectrum of the center channel;
a speech-confidence generator for generating a confidence in detecting speech in the center channel; and
a mixer for mixing the flattened speech channel with the multiple channels audio signal proportionate to the
confidence of having detected speech, thereby enhancing any speech in the multiple channels audio signal.

Patentansprüche

1. Verfahren zum Extrahieren eines Ton-Mittelkanals aus einem Audiosignal mit mehreren Kanälen, die einen ersten
Kanal und einen zweiten Kanal beinhalten, wobei das Verfahren umfasst:

Erzielen eines angenommenen Mittelkanals aus einer Summe des ersten Kanals und des zweiten Kanals;
Berechnen eines Produktes durch Multiplizieren des ersten Kanals des Audiosignals, abzüglich eines Anteils
α des angenommenen Mittelkanals, mit einer Konjugierten des zweiten Kanals des Audiosignals, abzüglich
des Anteils α des angenommenen Mittelkanals;
Erzielen eines Extraktionskoeffizienten aus einem Wert von α, der das Produkt minimiert; und
Erzielen des extrahierten Mittelkanals durch Multiplizieren des angenommenen Mittelkanals mit dem Extrakti-
onskoeffizienten.

2. Verfahren zur Verbesserung von Sprache, wobei das Verfahren aufweist:

Extrahieren eines Mittelkanals eines Mehrkanal-Audiosignals;
Generieren eines Vertrauens hinsichtlich eines Erfassens von Sprache im Mittelkanal;
Abflachen des Spektrums des Mittelkanals; und
Mischen des abgeflachten Sprachkanals mit dem Mehrkanal-Audiosignal proportional zu dem Vertrauen, dass
ein Erfassen von Sprache erfolgt ist, wodurch jegliche Sprache im Mehrkanal-Audiosignal verbessert wird.

3. Verfahren nach Anspruch 2, wobei das Vertrauen von einer niedrigstmöglichen Wahrscheinlichkeit zu einer höchst-
möglichen Wahrscheinlichkeit variiert, und das Generieren weiter beinhaltet, dass das generierte Vertrauen auf
einen Wert größer als die niedrigstmögliche Wahrscheinlichkeit und niedriger als die größtmögliche Wahrschein-
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lichkeit begrenzt wird.

4. Verfahren nach Anspruch 2, wobei das Extrahieren beinhaltet, dass ein Mittelkanal eines Mehrkanal-Audiosignals
extrahiert wird, wobei das Verfahren nach Anspruch 1 verwendet wird.

5. Verfahren nach Anspruch 2, wobei:

das Extrahieren beinhaltet, dass ein Mittelkanal eines Mehrkanal-Audiosignals extrahiert wird, unter Verwen-
dung des Verfahrens nach Anspruch 1;
das Abflachen beinhaltet, dass das Spektrum des Mittelkanals abgeflacht wird, unter Verwendung eines Ver-
fahrens zum Abflachen des Spektrums eines Audiosignals, das beinhaltet:

Aufteilen eines vermuteten Sprachkanals in Wahrnehmungsbänder, Bestimmen, welches der Wahrneh-
mungsbänder die meiste Energie aufweist, und
Vergrößern der Verstärkung von Wahrnehmungsbändern mit geringerer Energie, wodurch das Spektrum
jeglicher Sprache im Audiosignal abgeflacht wird;

und
das Generieren beinhaltet, dass ein Vertrauen hinsichtlich eines Erfassens von Sprache im Mittelkanal generiert
wird, und zwar unter Verwendung eines Verfahrens zum Abflachen des Spektrums eines Audiosignals, das
beinhaltet:

Aufteilen eines vermuteten Sprachkanals in Wahrnehmungsbänder,
Bestimmen, welches der Wahrnehmungsbänder die meiste Energie aufweist, und
Vergrößern der Verstärkung von Wahrnehmungsbändern mit geringerer Energie bis zu einem Maximum,
wodurch das Spektrum jeglicher Sprache im Audiosignal abgeflacht wird.

6. Computerlesbares Speichermedium, das ein Computerprogramm zum Ausführen des Verfahrens nach einem der
Ansprüche 1 bis 5 aufzeichnet.

7. Computersystem, aufweisend:

eine CPU;
das Speichermedium nach Anspruch 6; und
einen Bus, der die CPU und das Speichermedium verbindet.

8. Sprachverbesserungseinrichtung, aufweisend:

eine Mittelkanal-Extrahiereinrichtung zum Extrahieren eines Mittelkanals eines Mehrkanal-Audiosignals;
eine Spektrumsabflacheinrichtung zum Abflachen des Spektrums des Mittelkanals;
eine Sprach-Vertrauen-Generiereinrichtung zum Generieren eines Vertrauens hinsichtlich eines Erfassens von
Sprache im Mittelkanal; und
eine Mischeinrichtung zum Mischen des abgeflachten Sprachkanals mit dem Mehrkanal-Audiosignal propor-
tional zu dem Vertrauen, dass ein Erfassen von Sprache erfolgt ist, wodurch jegliche Sprache im Mehrkanal-
Audiosignal verbessert wird.

Revendications

1. Procédé destiné à extraire le canal central d’un son à partir d’un signal audio comportant des canaux multiples
incluant un premier canal et un second canal, le procédé comprenant :

l’obtention d’un canal central supposé à partir d’une somme du premier canal et du second canal,
le calcul d’un produit en multipliant le premier canal du signal audio, moins une certaine proportion α du canal
central supposé, avec un conjugué du second canal du signal audio, moins la proportion α du canal central
supposé,
l’obtention d’un coefficient d’extraction à partir d’une valeur de α qui minimise de produit, et
l’obtention du canal central extrait en multipliant le canal central supposé par le coefficient d’extraction.
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2. Procédé destiné à améliorer la parole, le procédé comprenant :

l’extraction du canal central d’un signal audio à canaux multiples,
la génération d’un facteur de confiance lors de la détection de la parole dans le canal central,
l’aplanissement du spectre du canal central, et
le mélange du canal de parole aplani avec le signal audio à canaux multiples proportionné à la confiance d’avoir
détecté de la parole, ce qui améliore de ce fait toute parole dans le signal audio à canaux multiples.

3. Procédé selon la revendication 2, dans lequel le facteur de confiance varie de la probabilité la plus faible possible
jusqu’à la probabilité la plus élevée possible, et la génération comprend la limitation en outre du facteur de confiance
généré à une valeur supérieure à la probabilité la plus faible possible et inférieure à la probabilité la plus élevée
possible.

4. Procédé selon la revendication 2, dans lequel l’extraction comprend l’extraction du canal central d’un signal audio
à canaux multiples en utilisant le procédé de la revendication 1.

5. Procédé selon la revendication 2, dans lequel :

l’extraction comprend l’extraction du canal central d’un signal audio à canaux multiples en utilisant le procédé
de la revendication 1,
l’aplanissement comprend l’aplanissement du spectre du canal central en utilisant un procédé destiné à aplanir
le spectre d’un signal audio qui comprend :

la séparation d’un canal présumé de parole en bandes perceptuelles,
la détermination de la bande perceptuelle qui présente le plus d’énergie, et
l’augmentation du gain des bandes perceptuelles présentant moins d’énergie, ce qui aplanit de ce fait le
spectre de toute parole dans le signal audio, et

la génération comprend la génération d’un facteur de confiance lors de la détection de parole dans le canal
central en utilisant un procédé destiné à aplanir le spectre d’un signal audio qui comprend :

la séparation d’un canal présumé de parole en bandes perceptuelles,
la détermination de la bande perceptuelle qui présente le plus d’énergie, et
l’augmentation du gain des bandes perceptuelles présentant moins d’énergie jusqu’à une valeur maximale,
ce qui aplanit de ce fait le spectre de toute parole dans le signal audio.

6. Support de stockage pouvant être lu par ordinateur qui enregistre un programme informatique destiné à exécuter
le procédé conforme à l’une quelconque des revendications 1 à 5.

7. Système informatique comprenant :

une unité centrale (UC),
le support de stockage de la revendication 6, et
un bus couplant l’unité centrale et le support de stockage.

8. Dispositif d’amélioration de parole comprenant :

un extracteur de canal central destiné à extraire le canal central d’un signal audio à canaux multiples,
un dispositif d’aplanissement spectral destiné à aplanir le spectre du canal central,
un générateur de confiance pour la parole destiné à générer un facteur de confiance lors de la détection de
parole dans le canal central, et
un mélangeur destiné à mélanger le canal de parole aplani au signal audio à canaux multiples proportionné à
la confiance d’avoir détecté de la parole, ce qui améliore de ce fait toute parole dans le signal audio à canaux
multiples.
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