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(54) A SOUND PROCESSING APPARATUS AND METHOD

(57) The invention relates to a sound processing ap-
paratus (100) configured to process a sound signal com-
prising a target signal and a current noise signal into an
enhanced sound signal. The apparatus (100) comprises
processing circuitry (101) configured to provide a neural
network (103). The neural network (103) has been
trained, in a training phase, on the basis of a plurality of
training signals, including a plurality of training sound sig-
nals and a plurality of training target signals, using a first

set of features based on the plurality of training signals
and a second set of features based on the plurality of
training signals. In an application phase, the neural net-
work (103) is configured to process the sound signal into
the enhanced sound signal using the first set of features,
but not the second set of features. Moreover, the inven-
tion relates to a corresponding sound processing meth-
od.
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Description

TECHNICAL FIELD

[0001] The present invention relates to sound process-
ing. In particular, the present invention relates to a sound
processing apparatus implementing a neural network for
enhancing, in particular denoising, a sound signal, and
to a corresponding method.

BACKGROUND

[0002] Audio enhancement based on a neural network
usually makes use of only one feature set for enhancing,
e.g. denoising a sound signal. As different feature sets
emphasize different audio properties, techniques that en-
hance only one specific feature set might ignore impor-
tant audio properties that exist in other feature sets.
[0003] In light of the above, there is a need for an im-
proved sound processing apparatus as well as a corre-
sponding sound processing method addressing at least
some of the problems mentioned above.

SUMMARY

[0004] It is an object of the invention to provide an im-
proved sound processing apparatus and a correspond-
ing sound processing method.
[0005] The foregoing and other objects are achieved
by the subject matter of the independent claims. Further
implementation forms are apparent from the dependent
claims, the description and the figures.
[0006] According to a first aspect the invention relates
to a sound (in particular speech) processing apparatus
configured to process a current noisy sound signal com-
prising a target signal and a current noise signal into an
enhanced (e.g., de-noised) sound signal. The apparatus
comprises processing circuitry configured to provide a
neural network. In a training phase, the neural network
has been trained (i.e. conditioned) on the basis of a plu-
rality of training signals a plurality of corresponding train-
ing target signals, using a first set of features based on
the plurality of training signals and a second set of fea-
tures based on the plurality of training signals. The plu-
rality of training signals includes a plurality of training
sound signals. Each training sound signal comprises a
training target signal and a training noise signal. In an
application phase, the neural network is configured to
process the sound signal into the enhanced sound signal
using only the first set of features, but not the second set
of features.
[0007] Thus, an improved sound processing apparatus
is provided making use of at least two feature sets for
generating the enhanced sound signal.
[0008] In a further possible implementation form of the
first aspect, the processing circuitry is configured to trans-
form the plurality of training signals from the time domain
into the frequency domain, wherein the neural network,

in the training phase, has been trained on the basis of
the plurality of training signals in the frequency domain.
[0009] In a further possible implementation form of the
first aspect, in the training phase, the neural network is
further configured to generate for each of the plurality
training sound signals an estimated training target signal
and to generate the first set of features and the second
set of features on the basis of the plurality of estimated
training target signals and the plurality of training target
signals.
[0010] In a further possible implementation form of the
first aspect, in the training phase, the neural network is
further configured to generate the first set of features on
the basis of the plurality of estimated training target sig-
nals and the plurality of training target signals and the
second set of features on the basis of the first set of fea-
tures.
[0011] In a further possible implementation form of the
first aspect, the first set of features comprises a plurality
of spectra, in particular log mel spectra of the plurality of
estimated training target signals and a plurality of spec-
tra, in particular log mel spectra of the plurality of training
target signals.
[0012] In a further possible implementation form of the
first aspect, the second set of features comprises a first
plurality of MFCC coefficients generated on the basis of
the plurality of spectra of the plurality of estimated training
target signals and a second plurality of MFCC coefficients
generated on the basis of the plurality of spectra of the
plurality of training target signals.
[0013] In a further possible implementation form of the
first aspect, the neural network has been trained by si-
multaneously minimizing a first difference measure value
between the plurality of spectra, in particular log mel
spectra of the plurality of estimated training target signals
and the plurality of spectra, in particular log mel spectra
of the plurality of training target signals and a second
difference measure value between the first plurality of
MFCC coefficients and the second plurality of MFCC co-
efficients. In an implementation form, the first difference
measure and/or the second difference measure can be
the L1 loss function.
[0014] In a further possible implementation form of the
first aspect, the processing circuitry is configured to gen-
erate for each of the plurality of training sound signals a
two-dimensional data array, wherein each row of the two-
dimensional data array contains a spectrum of the re-
spective training sound signal, wherein the neural net-
work is configured to generate the estimated training tar-
get signal for the respective training sound signal by re-
moving noise from the two-dimensional data array.
[0015] In a further possible implementation form of the
first aspect, the neural network is configured to remove
the noise from the two-dimensional data array using im-
age processing techniques for removing noise from an
image.
[0016] In a further possible implementation form of the
first aspect, the neural network comprises one or more
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convolutional layers and deconvolutional layers and/or
one or more skip connections.
[0017] According to a second aspect the invention re-
lates to a corresponding sound processing method for
processing a current noisy sound signal comprising a
target signal and a current noise signal into an enhanced,
i.e. de-noised sound signal. The method comprises the
steps of: providing a neural network, wherein, in a training
phase, the neural network has been trained on the basis
of a plurality of training signals, including a plurality of
training sound signals, wherein each training sound sig-
nal comprises a training target signal and a training noise
signal, and on the basis of a plurality of corresponding
training target signals, using a first set of features based
on the plurality of training signals and a second set of
features based on the plurality of training signals; and,
in an application phase, processing the sound signal into
the enhanced sound signal using only the first set of fea-
tures, but not the second set of features.
[0018] Thus, an improved sound processing method
is provided making use of at least two feature sets for
generating the enhanced sound signal.
[0019] The sound processing method according to the
second aspect of the invention can be performed by the
sound processing apparatus according to the first aspect
of the invention. Further features of the sound processing
method according to the second aspect of the invention
result directly from the functionality of the sound process-
ing apparatus according to the first aspect of the invention
and its different implementation forms described above
and below.
[0020] According to a third aspect the invention relates
to a computer program product comprising program code
for performing the method according to the second as-
pect when executed on a computer.
[0021] Details of one or more embodiments are set
forth in the accompanying drawings and the description
below. Other features, objects, and advantages will be
apparent from the description, drawings, and claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0022] In the following embodiments of the invention
are described in more detail with reference to the at-
tached figures and drawings, in which:

Fig. 1 is a schematic diagram showing an example
of a sound processing apparatus according to an
embodiment of the invention;

Fig. 2 is a schematic diagram illustrating in more de-
tail different processing blocks and/or steps imple-
mented in a training phase of a sound processing
apparatus according to an embodiment of the inven-
tion;

Fig. 3 is a schematic diagram illustrating in more de-
tail different processing blocks and/or steps imple-

mented in a training phase of a sound processing
apparatus according to an embodiment of the inven-
tion; and

Fig. 4 is a flow diagram showing an example of a
sound processing method according to an embodi-
ment of the invention.

[0023] In the following identical reference signs refer
to identical or at least functionally equivalent features.

DETAILED DESCRIPTION OF THE EMBODIMENTS

[0024] In the following description, reference is made
to the accompanying figures, which form part of the dis-
closure, and which show, by way of illustration, specific
aspects of embodiments of the invention or specific as-
pects in which embodiments of the present invention may
be used. It is understood that embodiments of the inven-
tion may be used in other aspects and comprise structural
or logical changes not depicted in the figures. The fol-
lowing detailed description, therefore, is not to be taken
in a limiting sense, and the scope of the present invention
is defined by the appended claims.
[0025] For instance, it is to be understood that a dis-
closure in connection with a described method may also
hold true for a corresponding device or system configured
to perform the method and vice versa. For example, if
one or a plurality of specific method steps are described,
a corresponding device may include one or a plurality of
units, e.g., functional units, to perform the described one
or plurality of method steps (e.g., one unit performing the
one or plurality of steps, or a plurality of units each per-
forming one or more of the plurality of steps), even if such
one or more units are not explicitly described or illustrated
in the figures. On the other hand, for example, if a specific
apparatus is described based on one or a plurality of
units, e.g., functional units, a corresponding method may
include one step to perform the functionality of the one
or plurality of units (e.g., one step performing the func-
tionality of the one or plurality of units, or a plurality of
steps each performing the functionality of one or more
of the plurality of units), even if such one or plurality of
steps are not explicitly described or illustrated in the fig-
ures. Further, it is understood that the features of the
various exemplary embodiments and/or aspects de-
scribed herein may be combined with each other, unless
specifically noted otherwise.
[0026] Figure 1 shows a sound processing apparatus
100 according to an embodiment of the invention. The
sound processing apparatus 100 is configured to process
a current noisy sound signal or waveform, e.g., a speech
signal, comprising a target signal and a current noise
signal into an enhanced, i.e. de-noised sound signal or
waveform. The sound processing apparatus 100, which
can be implemented, for instance, as a mobile phone,
can comprise a microphone for recording the current
noisy sound signal and a loudspeaker for reproducing
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the enhanced sound signal. The current noisy sound sig-
nal and the enhanced, i.e. de-noised sound signal can
be mono sound signals.
[0027] As illustrated in figure 1, the sound processing
apparatus 100 comprises processing circuitry 101, con-
figured to provide a deep neural network 103. The deep
neural network 103 can comprise one or more convolu-
tional layers and/or deconvolutional layers and/or one or
more skip connections. The processing circuitry may
comprise, for example, one or more processors (e.g.,
microprocessors) and a non-transitory storage medium
carrying a program code that can be read and executed
by the one or more processors. The program code when
executed by the one or more processors causes the
sound processing apparatus 100 to carry out the meth-
ods and operations described herein.
[0028] As will be described in more detail below, in a
training phase, the neural network 103 is configured, to
be trained and has been trained, i.e. conditioned on the
basis of a plurality of training signals, including a plurality
of training sound signals, wherein each training sound
signal comprises, i.e. is a combination of a training target
signal and a training noise signal, and a plurality of cor-
responding training target signals, using a first set of fea-
tures and a second set of features based on the plurality
of training signals. Once trained in such a way the neural
network 103 is further configured, in an application
phase, to process the sound signal into the enhanced
sound signal using only the first set of features, but not
the second set of features.
[0029] In an embodiment, the processing circuitry 101
is configured to transform the plurality of training signals
from the time domain into the frequency domain, wherein
the neural network 103 is configured, in the training
phase, to be trained and has been trained on the basis
of the plurality of training signals in the frequency domain.
[0030] In an embodiment, the neural network 103 is
further configured, in the training phase, to generate for
each of the plurality training sound signals an estimated
training target signal and to generate the first set of fea-
tures and the second set of features on the basis of the
plurality of estimated training target signals and the plu-
rality of training target signals.
[0031] In an embodiment, the neural network 103 is
further configured, in the training phase, to generate the
first set of features on the basis of the plurality of esti-
mated training target signals and the plurality of training
target signals and the second set of features on the basis
of the first set of features. In other words, according to
an embodiment the neural network 103 is configured to
derive the second set of features from the first set of
features extracted from the plurality of training signals.
[0032] Figures 2 and 3 illustrate in more detail different
processing blocks and/or steps implemented in the
sound processing apparatus 100 according to an em-
bodiment in the training phase and the application phase,
respectively.
[0033] In blocks 201 and 202 of figure 2 the processing

circuitry 101 is configured to convert a respective training
target signal (referred to as noisy waveform in figure 2)
and a respective training target signal (referred to as
clean waveform in figure 2) into a respective log Mel spec-
trum thereof. These spectra define the first set of features
and can be based on temporal segments of the respec-
tive training target signal and the respective training tar-
get signal, such as temporal segments having a length
of 2.5 seconds. In an embodiment, the processing cir-
cuitry 101 is configured to generate the respective log
Mel spectra using a FFT/DFT with a large number of Fou-
rier coefficients, such as 1024 Fourier coefficients, and
a large number of Mel filterbanks, such as 256 Mel filter-
banks.
[0034] In block 203 of figure 2 the respective log Mel
spectrum of the respective training target signal is proc-
essed by an encoder portion of the deep neural network
103. In an embodiment, the encoder portion of the deep
neural network 103 can comprise eight convolutional lay-
ers with 2D kernel applied to the log Mel spectrogram.
[0035] In block 205 of figure 2, a decoder portion of the
deep neural network 103 processes the output of block
203. In an embodiment, the decoder portion of the deep
neural network 103 comprises eight deconvolutional lay-
ers with 2D kernel applied the output of block 3.
[0036] As described above, in an embodiment, the
deep neural network 103 can be implemented as an en-
coder-decoder network. The convolutional layers of the
encoder portion compress the output into a representa-
tion of a lower temporal resolution but a higher dimension
at each time step. The deconvolution layers of the de-
coder portion work in the opposite way - they convert this
representation, i.e. the output of the convolutional layers,
back to the original dimensions of the sound with higher
temporal resolution. According to an embodiment, one
or more skip connections can exist between convolution-
al layer number n and deconvolutional layer number 8-
n. In addition (leaky) ReLUs (rectified linear units) can
be applied after each convolutional and deconvolutional
layer. According to an embodiment, the last layer of the
decoder portion can have no activation function. The out-
put of block 205 is the denoised log Mel spectrum.
[0037] In block 207 of figure 2 the processing circuitry
103 is configured to extract the second set of features in
the form of MFCC coefficients from a respective denoised
log Mel spectra (i.e. the first set of features) provided by
the neural network 103 as the output of block 205. Like-
wise, in block 208 of figure 2 the processing circuitry 103
is configured to extract MFCC coefficients from the re-
spective clean log Mel spectrum provided by block 202.
[0038] In block 206 of figure 2 the respective log Mel
spectra, i.e. the first set of features, provided by blocks
205 and 202 are compared on the basis of a first differ-
ence measure. Likewise, in block 210 of figure 2 the re-
spective MFCC coefficients, i.e. the second set of fea-
tures, provided by blocks 207 and 208 are compared on
the basis of a second difference measure. According to
an embodiment, the L1 loss function based on the abso-
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lute error can be used as the first and/or second differ-
ence measure. These difference measures are opti-
mized in the training phase for training, i.e. conditioning
the neural network 103. In an embodiment, the first and
second difference measure can be combined into a com-
bined loss function. For instance, the combined loss func-
tion can be a sum of the first difference measure, e.g.,
the absolute difference between the log Mel spectrum of
the training sound signal and the log Mel spectrum of the
training target signal, and the second difference meas-
ure, e.g., the absolute difference between the MFCC co-
efficients extracted from the log Mel spectrum of the train-
ing sound signal and the clean MFCC coefficients, i.e.
the MFCC coefficients extracted from the log Mel spec-
trum of the training target signal. In an embodiment, the
first difference measure and the second difference meas-
ure can be weighted differently in the combined loss func-
tion. For instance, the log Mel spectrogram loss can be
weighted with a factor 100 compared to the MFCC loss.
In an embodiment, the neural network 103 can be trained
on the basis of an Adam optimizer on default settings.
[0039] Thus, according to an embodiment, the
processing circuitry 101 is configured to generate for
each of the plurality of training sound signals a two-di-
mensional data array, wherein each row of the two-di-
mensional data array comprises a spectrum of the re-
spective training sound signal, wherein the neural net-
work 103 is configured to generate the estimated training
target signal for the respective training sound signal by
removing noise from the two-dimensional data array. In
an embodiment, the neural network 103 is configured to
remove the noise from the two-dimensional data array
using image processing techniques, as disclosed, for in-
stance, in Long and Shelhamer, "Fully Convolutional Net-
works for Semantic Segmentation", 2015, which is herein
fully incorporated by reference.
[0040] As will be appreciated, several of the
blocks/steps shown in figure 3 concerning the application
phase are equivalent to the corresponding blocks/steps
shown in figure 2 concerning the training phase. More
specifically, blocks 301, 303 and 305 of figure 3 are iden-
tical to blocks 201, 203 and 205 of figure 2. Therefore,
reference is made to the detailed description above and
in the following only the differences between figures 2
and 3 will be described in more detail.
[0041] In block 302 of figure 3 the processing circuitry
101 is configured to extract phase information from the
current noisy sound signal (referred to as noisy waveform
in figure 3). This noisy phase information is used in block
307 of figure 3 together with the output of block 305,
namely the denoised log Mel spectrum of the current
noisy sound signal, for reconstructing the enhanced
sound signal (referred to as denoised waveform in figure
3).
[0042] As will be appreciated from figures 2 and 3, in
the application phase, the neural network 103 and the
processing circuitry 101 are configured to process the
current noisy sound signal into the enhanced sound sig-

nal using only the log Mel spectrum, i.e. the first set of
features, of the current noisy sound signal, but not the
MFCC coefficients extracted therefrom.
[0043] Figure 4 is a flow diagram showing an example
of a corresponding sound processing method 400 ac-
cording to an embodiment of the invention. The method
400 comprises the steps of: providing 401 the neural net-
work 103, wherein, in a training phase, the neural network
103 has been trained on the basis of the plurality of train-
ing signals, including the plurality of training sound sig-
nals and the plurality of corresponding training target sig-
nals, using a first set of features based on the plurality
of training signals and a second set of features based on
the plurality of training signals; and, in an application
phase, processing 405 the sound signal into the en-
hanced sound signal using the only the first set of fea-
tures, but not the second set of features.
[0044] The person skilled in the art will understand that
the "blocks" ("units") of the various figures (method and
apparatus) represent or describe functionalities of em-
bodiments of the invention (rather than necessarily indi-
vidual "units" in hardware or software) and thus describe
equally functions or features of apparatus embodiments
as well as method embodiments (unit = step).
[0045] In the several embodiments provided in the
present application, it should be understood that the dis-
closed system, apparatus, and method may be imple-
mented in other manners. For example, the described
apparatus embodiment is merely exemplary. For exam-
ple, the unit division is merely logical function division
and may be other division in actual implementation. For
example, a plurality of units or components may be com-
bined or integrated into another system, or some features
may be ignored or not performed. In addition, the dis-
played or discussed mutual couplings or direct couplings
or communication connections may be implemented by
using some interfaces. The indirect couplings or commu-
nication connections between the apparatuses or units
may be implemented in electronic, mechanical, or other
forms.
[0046] The units described as separate parts may or
may not be physically separate, and parts displayed as
units may or may not be physical units, may be located
in one position, or may be distributed on a plurality of
network units. Some or all of the units may be selected
according to actual needs to achieve the objectives of
the solutions of the embodiments.
[0047] In addition, functional units in the embodiments
of the present invention may be integrated into one
processing unit, or each of the units may exist alone phys-
ically, or two or more units are integrated into one unit.

Claims

1. A sound processing apparatus (100) configured to
process a sound signal comprising a target signal
and a current noise signal into an enhanced sound
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signal, wherein the apparatus (100) comprises:

processing circuitry (101) configured to provide
a neural network (103), wherein the neural net-
work (103), has been trained on the basis of a
plurality of training signals, including a plurality
of training sound signals and a plurality of train-
ing target signals, using a first set of features
based on the plurality of training signals and a
second set of features based on the plurality of
training signals, and
wherein processing circuitry (101) is configured
to process the sound signal into the enhanced
sound signal using the first set of features, but
not the second set of features.

2. The apparatus (100) of claim 1, wherein the process-
ing circuitry (101) is configured to transform the plu-
rality of training signals from the time domain into
the frequency domain and wherein the neural net-
work (103), in the training phase, has been trained
on the basis of the plurality of training signals in the
frequency domain.

3. The apparatus (100) of claim 2, wherein, in the train-
ing phase, the neural network (103) is further con-
figured to generate for each of the plurality training
sound signals an estimated training target signal and
to generate the first set of features and the second
set of features on the basis of the plurality of esti-
mated training target signals and the plurality of train-
ing target signals.

4. The apparatus (100) of claim 3, wherein, in the train-
ing phase, the neural network (103) is further con-
figured to generate the first set of features on the
basis of the plurality of estimated training target sig-
nals and the plurality of training target signals and
the second set of features on the basis of the first
set of features.

5. The apparatus (100) of claim 4, wherein the first set
of features comprises a plurality of spectra, in par-
ticular log mel spectra of the plurality of estimated
training target signals and a plurality of spectra, in
particular log mel spectra of the plurality of training
target signals.

6. The apparatus (100) of claim 5, wherein the second
set of features comprises a first plurality of MFCC
coefficients generated on the basis of the plurality of
spectra of the plurality of estimated training target
signals and a second plurality of MFCC coefficients
generated on the basis of the plurality of spectra of
the plurality of training target signals.

7. The apparatus (100) of claim 6, wherein the neural
network (103) has been trained by minimizing a first

difference measure between the plurality of spectra,
in particular log mel spectra of the plurality of esti-
mated training target signals and the plurality of
spectra, in particular log mel spectra of the plurality
of training target signals and a second difference
measure between the first plurality of MFCC coeffi-
cients and the second plurality of MFCC coefficients.

8. The apparatus (100) of any one of claims 3 to 7,
wherein the processing circuitry (101) is configured
to generate for each of the plurality of training sound
signals a two-dimensional data array, wherein each
row of the two-dimensional data array comprises a
spectrum of the respective training sound signal,
wherein the neural network (103) is configured to
generate the estimated training target signal for the
respective training sound signal by removing noise
from the two-dimensional data array.

9. The apparatus (100) of claim 8, wherein the neural
network (103) is configured to remove the noise from
the two-dimensional data array using image
processing.

10. The apparatus (100) of any one of the preceding
claims, wherein the neural network (103) comprises
one or more convolutional layers and deconvolution-
al layers and/or one or more skip connections.

11. A method (400) for processing a sound signal com-
prising a target signal and a current noise signal into
an enhanced sound signal, wherein the method
(401) comprises:

providing (401) a neural network (103), wherein,
in a training phase, the neural network (103) has
been trained on the basis of a plurality of training
signals, including a plurality of training sound
signals and a plurality of training target signals,
using a first set of features based on the plurality
of training signals and a second set of features
based on the plurality of training signals; and
in an application phase, processing (403) the
sound signal into the enhanced sound signal us-
ing the first set of features but not the second
set of features.

12. A computer program product comprising program
code configured to control a sound processing ap-
paratus to perform the method (400) according to
claim 11 when executed on a computer or processor.
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