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DESCRIPTION

AN AUDIO PROCESSING APPARATUS AND METHOD FOR AUDIO SCENE
CLASSIFICATION

TECHNICAL FIELD

Generally, the present invention relates to audio processing. In particular, the present
invention relates to an audio processing apparatus for classifying an audio scene as well
as a corresponding method.

BACKGROUND

Acoustic or audio scene classification (ASC) is a technology aiming at recognizing the
type of an environment (car, office, street, home, restaurant, etc.) from the sound
recorded at that place — the sound events occurring at the specific environment and/or the
sounds that environments produce themselves. It is a task of associating a semantic label
to an audio stream that identifies the environment. First, a feature vector derived from
each acoustic scene in a training set is used to train a statistical model that summarizes
the properties of the soundscape belonging to the same category. Then, the decision
criterion is defined to assign not labelled recordings to the category that matches the
distribution of their features.

The ASC process is divided into a training and a classification phase. The model training
phase involves estimation of scene models 104 in terms of suitable classifiers (Support
Vector Machine, SVM, Gaussian mixture model, GMM, neural networks...). The model
training phase 103 is done by extracting audio features 102 from each instance of the
audio recording database 101, and by training the system with the known samples of all
classes, as illustrated in figure 1a.

The classification phase requires scene models 113 obtained in the training phase and
the classification phase involves extraction of the same features 112 from an audio
sample. Based on these inputs, the audio sample is classified 114 into a matched class,

as illustrated in figure 1b.
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An important part of an ASC scheme is to define and extract properties that characterize a
certain environment — audio features. Current ASC schemes exploit several categories of
audio features, typically borrowed from speech analysis and auditory research. In strongly
constrained classification scenarios, the identification of certain events can help to
characterise the general environment. However, in real-life environments these
approaches often suffer from one or more of the following drawbacks. The sound events
require to be manually defined and selected. There usually is a large number of these
sound events in real-life environments, and it is unrealistic to define and select all of them.
It is difficult to ensure that some sound events must be emerging in a specific acoustic
environment and some sound events can also be heard in different acoustic
environments. Thus, these current approaches are not directly applicable to a softly
constrained ASC problem as the set of acoustic events characterising a certain

environment is generally unbounded and extremely hard to generalise.

SUMMARY

It is an object of the invention to provide an improved audio processing apparatus for
classifying an audio scene as well as a corresponding audio processing method.

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.

Generally, some embodiments merge frame-level features (e.g., log-mel spectra) with a
binary feature that characterizes each frame in an input signal in terms of its affinity to the
background of the acoustics scene (or background layer) or to the foreground of the
acoustic scene (or foreground layer). These features can then be used in the context of a
kind of “event-informed” deep neural network (DNN), wherein the main feature vectors are
used as standard input features to the DNN, while the binary layer feature is employed in
a more convoluted way, serving as a target in a pre-training/initialization stage and then
being fed into an intermediate level of the network as a control parameter in the actual
training and classification stages. Thus, embodiments of the invention allow improving the
effectiveness of the input features by having a neural network learn to adapt according to
the nature of the input frame, i.e., its affinity to the foreground or to the background of a
given acoustic scene. Embodiments can be implemented as environment-aware services,

for instance, in smart phones, tablets or smart wearable devices. Embodiments of the
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invention contribute to classify the environment of device through in-depth analysis of the
sounds of the scenes.

According to a first aspect the invention relates to an audio processing apparatus
configured to classify an audio signal into one or more audio scene classes, wherein the
audio signal comprises a component signal. The apparatus comprises a processing
circuitry configured to: classify the component signal of the audio signal as a foreground
layer component signal or a background layer component signal; obtain an audio signal
feature on the basis of the audio signal; select, depending on the classification of the
component signal, a first set of weights or a second set of weights; and classify the audio
signal, on the basis of the audio signal feature, the foreground layer component signal or
the background layer component signal and the selected set of weights.

In a possible implementation, the processing circuitry is configured to classify the
component signal of the audio signal as a foreground layer component signal, when the
component signal of the audio signal has or comprises a short-term audio event or a long-
term audio event; or classify the component signal of the audio signal as a background
layer component signal, when the component signal of the audio signal has or comprises

no short-term audio event and no long-term audio event.

In a possible implementation form of the first aspect, the processing circuitry is configured
to classify each component signal of the audio signal which has a short-term audio event
or a long-term audio event as a foreground layer component signal and classify each
component signal of the audio signal which has no short-term audio event or no long-term
audio event as a background layer component signal.

In a further possible implementation form of the first aspect, the processing circuitry is
configured to partition the audio signal into a plurality of frames and to classify the one or
more component signals of the audio signal by determining for each frame of the audio
signal a complex domain difference, CDD. In this example, one frame is one component

signal, or one component signal comprises at least two frames.

In mathematical analysis, a domain is any connected open subset of a finite-dimensional

vector space.
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In complex analysis, a complex domain (or simply domain) is any connected open subset
of the complex plane. For example, the entire complex plane is a domain, as is the open
unit disk, the open upper half-plane, and so forth. Often, a complex domain serves as the
domain of definition for a holomorphic function.

In a further possible implementation form of the first aspect, the CDD is determined on the

basis of the following equation:

21

cDD(n) =37__, ),

|X(n, k) - XT(nJ k)la
wherein n denotes a frame index, k denotes a frequency bin index, X(n,k) is the kth
frequency bin of the nth frame of input signal X, N denotes a frame size in samples and

wherein a target spectrum X, (n, k) is defined as:
X, k) = |X(n—1, k)lelp(n—l,k)+lp' (n=1),
where
Y'(nk)=¥(nk)—¥mn-1k)

denotes a phase difference in the k-th frequency bin between a current frame n and the

previous frame n — 1, ¥ (n, k) is the phase of X(n,k).

In a further possible implementation form of the first aspect, the processing circuitry is
configured to apply for each frame of the audio signal a high-pass filter to the CDD and to
identify a peak in the high-pass filtered CDD as a short-term audio event. Or, the
processing circuitry is configured to detect a short-term event in a component signal of the
audio signal when the high-pass filtered signal comprises a peak.

In a further possible implementation form of the first aspect, the processing circuitry is
configured to apply for each frame of the audio signal a low-pass filter to the CDD and to
identify a long-term audio event by determining a peak in the low-pass filtered CDD. Or,
the processing circuitry is configured to detect a long-term event in a component signal of
the audio signal when the low-pass filtered signal comprises a peak.

4
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In a further possible implementation form of the first aspect, the processing circuitry is
configured to transform the audio signal from the time domain to the frequency domain
and to obtain the one or more audio signal features from the audio signal in the frequency
domain.

In a further possible implementation form of the first aspect, the one or more audio signal
features comprise a log-Mel spectrum of the audio signal.

In a further possible implementation form of the first aspect, the processing circuitry is
configured to provide or implement a neural network, wherein the neural network is
configured to classify the audio signal on the basis of the one or more audio signal
features, the one or more foreground layer component signals or the one or more

background layer component signals and the selected set of weights.

In a further possible implementation form of the first aspect, the neural network comprises
a first neural subnetwork and a second neural subnetwork, wherein the first neural
subnetwork is configured to provide, depending on the classification of the one or more
component signals, the first set of weights or the second set of weights to the second
neural subnetwork and wherein the second neural subnetwork is configured to classify the
audio signal on the basis of the one or more audio signal features, the one or more
foreground layer component signals or the one or more background layer component
signals and the selected set of weights provided by the first neural subnetwork.

According to a second aspect the invention relates to an audio processing method for
classifying an audio signal into one or more audio scene classes, wherein the audio signal
comprises a component signal. The method comprises the steps of: classifying the
component signal as a foreground layer component signal or a background layer
component signal; obtaining an audio signal feature on the basis of the audio signal;
selecting, depending on the classification of the component signal, a first set of weights or
a second set of weights; and classifying the audio signal on the basis of the audio signal
feature, the foreground layer component signal or the background layer component signal
and the selected set of weights.

Thus, an improved audio processing method is provided. The audio processing method
according to the second aspect of the invention can be performed by the audio processing
apparatus according to the first aspect of the invention. Further features of the audio
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processing method according to the second aspect of the invention correspond to or result
directly from the functionality of the audio processing apparatus according to the first
aspect of the invention and its different implementation forms described above and below.

According to a third aspect the invention relates to a computer program product
comprising program code for performing the method according to the second aspect when
executed on a computer. In an example, the program code is stored in a non-transitory

memory.
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

In the following embodiments of the invention are described in more detail with reference
to the attached figures and drawings, in which:

Figs. 1a and 1b are schematic diagrams illustrating a conventional ASC system in a
training phase and a classification phase, respectively;

Fig. 2 is a schematic diagram showing an example of an audio processing apparatus

according to an embodiment of the invention;

Fig. 3 is a schematic diagram illustrating in more detail a layer segmenter of an audio
processing apparatus according to an embodiment of the invention;

Fig. 4 is a schematic diagram illustrating in more detail different aspects of a neural
network implemented by an audio processing apparatus according to an embodiment of

the invention;

Fig. 5 is a schematic diagram illustrating in more detail a layer selective pooling performed
by a neural network implemented by an audio processing apparatus according to an

embodiment of the invention;
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Fig. 6 is a schematic diagram illustrating an example of a neural network architecture
implemented by an audio processing apparatus according to an embodiment of the

invention; and

Fig. 7 is a flow diagram showing an example of an audio processing method according to

an embodiment of the invention.

In the following identical reference signs refer to identical or at least functionally equivalent

features.

DETAILED DESCRIPTION OF THE EMBODIMENTS

In the following description, reference is made to the accompanying figures, which form
part of the disclosure, and which show, by way of illustration, specific aspects of
embodiments of the invention or specific aspects in which embodiments of the present
invention may be used. It is understood that embodiments of the invention may be used in
other aspects and comprise structural or logical changes not depicted in the figures. The
following 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.

For instance, it is to be understood that a disclosure 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 performing 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 functionality 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 figures. Further, itis
understood that the features of the various exemplary embodiments and/or aspects
described herein may be combined with each other, unless specifically noted otherwise.
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Figure 2 shows an audio processing apparatus 200 according to an embodiment of the
invention. The audio processing apparatus 200 is configured to classify an acoustic scene
or audio scene (both terms are used synonymously herein) defined by, i.e. associated
with an audio signal into one or more audio scene classes of a plurality of audio scene
classes, such as the audio scene classes car, office, street, home, restaurant, and the
like. The audio signal to be classified by the audio processing apparatus 200 can
comprise one or more component signals, including one or more foreground layer
component signals (herein also referred to as event- or scene-related component signals)
and/or one or more background layer component signals (herein also referred to as
ambience-related component signals).

As will be described in more detail below, the audio signal processing apparatus 200
shown in figure 2 comprises a processing circuitry configured to: classify the one or more
component signals of the audio signal as one or more foreground layer component signals
or one or more background layer component signals, for instance, by means of the layer
segmenter 210 shown in figure 2; obtain one or more audio signal features on the basis of
the audio signal, for instance, by means of the feature extractor 205 shown in figure 2;
select, depending on the classification of the one or more component signals, a first set of
weights or a second set of weights; and classify the audio signal, on the basis of the one
or more audio signal features, the one or more foreground layer component signals or the
one or more background layer component signals and the selected set of weights.

As illustrated in figure 2, according to an embodiment the processing circuitry of the audio
signal processing apparatus 200 is configured to provide a neural network 200,
comprising a first neural subnetwork 221 and a second neural subnetwork 223. As will be
described in more detail below, according to an embodiment the first neural subnetwork
221 is configured to provide, depending on the classification of the one or more
component signals, the first set of weights or the second set of weights to the second
neural subnetwork 223 and the second neural subnetwork 223 is configured to classify the
audio signal on the basis of the one or more audio signal features, the one or more
foreground layer component signals or the one or more background layer component
signals and the selected set of weights provided by the first neural subnetwork 221.

Thus, according to embodiments of the invention the audio processing apparatus 200 is
configured to separate event-related frames (foreground layer) of the audio signal from
the rest of the audio signal (background layer) in audio recordings from every-day life

8
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environments, and to integrate this separation into foreground and background layer
frames into a DNN-based acoustic scene classifier which is enhanced by the layer
information. In an example, component signal refers to signal components related to
foreground/background. A frame is a piece of the signal which is classified as
foreground/background. Normally, a component signal contains several frames and it
describes more generally the signal.

As already described above, the audio processing apparatus 200 comprises processing
circuitry configured to implement a layer segmenter 210, as illustrated in the embodiment
shown in figure 2. The layer segmenter 210, which could be implemented as a specific
hardware processor and/or by means of software running on a general-purpose
processor, is configured to classify the one or more component signals as one or more
foreground layer, i.e. event-related component signals and/or one or more background
layer, i.e. ambience-related component signals, as will be described in more detail further
below in the context of figure 3.

In an embodiment, the feature extractor 205 may be configured to extract the one or more
audio signal features from the audio signal in the frequency domain. In an embodiment,
the one or more audio signal features extracted from the audio signal in the frequency
domain can comprise a log-Mel spectrum of the audio signal.

In sound processing, the mel-frequency cepstrum (MFC) is for example a representation
of the short-term power spectrum of a sound, based on a linear cosine transform of a log

power spectrum on a nonlinear mel scale of frequency.

As will be described in more detail below, in a classification phase, the first neural
subnetwork 221 is configured to provide the selected set of weights to the second neural
network 223, wherein the set of weights is, depending on the classification of the one or
more component signals as one or more foreground layer component signals and/or one
or more background layer component signals by the layer segmenter 210, a first set of
weights or a second set of weights.

Generally, the operation of the neural network 220 with its first subnetwork 221 and
second subnetwork 223 can be described as follows.
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As illustrated in figure 1, according to an embodiment the first neural subnetwork 221 can
be trained using the frame-wise layer labels, i.e. the classification provided by the layer
segmenter 210 as targets, which are extracted from the audio signal via layer
segmentation, as will be described in more detail in the context of figure 3 below.

According to an embodiment, the topology of the second neural subnetwork 223 is built on
top of the topology of the first neural subnetwork 221 (with initialized weights for training)
and trained with backpropagation using the block-wise scene labels provided by the layer
segmenter 210 as targets while also feeding the frame-wise layer labels into the neural
network 220 (controlling the pooling stage).

Convolutional networks may include local or global pooling layers, which combine the
outputs of neuron clusters at one layer into a single neuron in the next layer. For example,
max pooling uses the maximum value from each of a cluster of neurons at the prior layer.
Another example is average pooling, which uses the average value from each of a cluster
of neurons at the prior layer.

In the classification stage the second neural subnetwork 223 is fed with unseen data (or
not labelled, not classified) and the output corresponds to the prediction (acoustic scene
label), in an example, the unseen data is the data that has not been used during training.

According to an embodiment, the audio processing apparatus 200 is configured to
segment the audio signal into blocks and frames. According to an embodiment, the input
audio signal is segmented by a first framer 201 of the audio processing apparatus 200 into
blocks of equal length (order of a few tens of seconds) by using a windowing function,
such as a Hann, Hamming or Blackmann windowing function. The result is a number of
equal lengths audio blocks, e.g. 30 s. According to an embodiment, each block can then
be segmented again by a second framer 203 of the audio processing apparatus 200 into
(overlapping) frames of equal length (a few hundreds of samples e.g. 1024 samples). As
will be appreciated, the time duration of a frame depends on the number of samples of the
frame and the sample rate. For instance, for an exemplary sample rate of 16 kHz a frame
of 1024 samples has a time duration of 64 ms. The frame based defined audio signal is
then used in further steps of the processing chain defined by the audio processing
apparatus 200, in particular by the layer segmenter 210 and the neural network 220 of the
audio processing apparatus 200.

10
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Under further reference to figure 3, an embodiment of the layer segmenter 210 will now be
described in detail.

According to embodiments of the invention, audio signal feature such as low-level
descriptors (LLDs) can be calculated from each frame of the audio signal. LLDs, such as
spectral peak, power, spectral centroid and the like, can be calculated using conventional
procedures (implemented, for instance, in the feature extractor 205 of the audio
processing apparatus 200). The result is a frame based LLD used for the aggregation with
segment based LLDs. In some examples, a frame based LLD means a LLD based on
frames. That is based on each frame of audio data which is usually overlapping. Whereas
segment based LLD is based on extracted segments (short-events/long-
events/background) by the layer segmenter.

In parallel to the extractions of LLDs, the layer segmenter 210 is configured to detect short
and long events by means of computing an onset detection function from the input frames
(as illustrated in blocks 213 and 214 of the layer segmenter 210 shown in figure 3).

According to embodiments of the invention, short-term audio events are defined as
sudden changes in the acoustic scene (drastic changes in the spectral content from one
frame to the next). Thus, these short events are not necessarily impulsive events and
could also be a step-like (either rising or falling) change in some aspects of the audio
signal. Some examples are: door closing, cutlery noises in a kitchen, impulsive car-horn
sound. In an example, sudden changes means the change happens during a very short
period of time. For example, if a frame size is 1024 samples at 16 kHz sampling
frequency, a sudden change will have a duration of less than 64ms. In another example,
drastic changes refer to an impulsive characteristic but not an impulse. l.e. less than 1

frame of duration.

According to embodiments of the invention, long-term audio events are defined as
progressive (but consistent) changes in some acoustic properties that eventually get back
to a steady state, after some time. Clusters of events that are not detected as short-term
events but still bring a certain rate of change in the acoustic properties over a few seconds
fall also into this definition. Some examples are: car passing by on the street, speech over
quiet background, wind gust hitting the microphone. In an example, as opposed to short
events, long events are changes that occur during several frames, long events have a

longer duration.

11
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These frames are thus labelled by the layer segmenter 210 according to layer
membership, i.e. FG or BG layer. Moreover, according to further embodiments of the
invention event-detection-related features can be obtained during this stage, which is
illustrated in figure 3 and based on the following signal flow implemented by the layer
segmenter 210.

According to an embodiment, each frame in a signal block is multiplied by an analysis
window (Hann) and then Fourier-transformation is applied (processing block 211 of figure
3). In that way, a frequency representation of each frame is obtained.

According to an embodiment, a complex domain difference (CDD) is computed for every
frame (processing block 212 of figure 3), resulting in a CDD time function that develops
over the signal block. According to an embodiment, the layer segmenter 210 (or more
specifically the processing block 212 thereof) is configured to determine for each frame of
the audio signal the CDD on the basis of the following equation:

1

N
CDD(n) = %7\,

|X(7’l, k) - XT(nJ k)l,

wherein n denotes the frame index, k denotes the frequency bin index, N denotes the

frame size in samples and wherein the target spectrum X, (n, k) is defined as:

Xr(n k) = |X(n — 1, k)|e?(-1+¥ (n=1)0),
where
Y' (k) =% k) —¥n-1k)

denotes the phase difference in the k-th frequency bin between the current frame n and

the previous frame n — 1.
According to an embodiment, the layer segmenter 210 is configured to decompose this

CDD function into two components related to short-term audio (fast) events and long-term
audio (slow) events by means of separating low and high frequency content.

12
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According to an embodiment the short event detector 213 of the layer segmenter 201 can
comprise a high-pass filter (configured to subtract from the CDD a (causal) median filtered
version of itself) followed by a basic peak-picking algorithm that returns the time indices
related to onsets of short-term audio events. The resulting signal can also be half-wave-
rectified and thus the short-term audio event function can be obtained.

According to an embodiment, the long event (long-term audio event) detector 214 of the
layer segmenter 210 can comprise a low-pass filter followed by a further peak-picking
algorithm, which will be described in more detail in the following that returns the time
indices related to the duration of long events. According to an embodiment the further
peak-picking algorithm implemented by the long event detector 214 of the layer
segmenter 210 operates in the following way.

First, local spikes of the CDD function are smoothed out by subtracting the short event
(short-term audio event) function from the CDD function, this smoothing process is
performed on those frames that were identified as belonging to short events. Then, the
obtained signal is low-pass filtered in two stages (e.g. a median filter first, followed by a
moving average filter), resulting in the long event function. Frames belonging to long event
regions are defined in two steps: first, peaks are selected by imposing a certain relative
height with respect to adjacent valleys as well as a minimum threshold (e.g. empirically
chosen). This process returns one pivot frame for each detected event. The long-event
regions are then grown in both time directions, starting from the pivot frame, until the long
event function goes below a signal-dependent threshold. Finally, any frame that falls
under both definitions of short and long events is removed from the set of long event

frames.

According to an embodiment, the processing block 215 of the layer segmenter 210 shown
in figure 3 is configured to define the foreground layer as the union of the set of frames
belonging to short-term audio events and long-term audio events.

According to an embodiment, the processing block 216 of the layer segmenter 210 shown
in figure 3 is configured to define the background layer as the relative complement of the
foreground layer in the set of all frames. In other words, everything that does not fall into
the definition of short-term and long-term events.
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Figure 4 is a schematic diagram illustrating the neural network 220 implemented by the
audio processing apparatus 200 according to an embodiment of the invention. In a pre-
training phase or a first stage of the training phase the first neural subnetwork 221 is
trained to tell foreground frames from background frames, as already described above. In
this way, the optimal set of weights in the hidden layers are learned during this process. In
a second stage of the training phase the topology of the second neural subnetwork 223 is
trained to classify signal blocks given their target acoustic scene labels. The frame-wise
layer label is fed into the second neural subnetwork 223 as a binary control parameter for
layer-selective pooling.

Figure 5 is a schematic diagram illustrating in more detail the layer selective pooling
performed by the neural network 220, in particular the second neural subnetwork 223
implemented by the audio processing apparatus 200 according to an embodiment of the
invention. Given N units at the output of the last frame-level network layer, the layer-
selective pooling stage can perform the pooling twice, selectively on the units that belong
to the foreground (FG) and background (BG) layers, as illustrated in figure 5. As a result,
the pooling stage outputs 2N units, half of which is related to the foreground, and the
remaining half is related to the background. From this stage onwards, the information has
a temporal resolution that corresponds to the block level, and the actual distinction
between foreground and background is implicitly embedded in the order of the 2N units
after the pooling stage.

As already described above, in the classification phase the topology of the second neural
subnetwork 223 is built on top of the topology of the first neural subnetwork 221. During
training the output of the first neural subnetwork 221 is binary, i.e. foreground or
background (see “FG/BG during Training” in Fig. 2). In the classification phase, on the
other hand, the first neural subnetwork 221 and the second neural subnetwork 223 are
combined in that the last layer of the first neural subnetwork 221 is removed and operates
as hidden layer activations with initialized weights. The second neural subnetwork 223 is
then fed with unseen data and predicts the acoustic scene, e.g. car, office, train, etc.

In the following further embodiments of the audio processing apparatus 200, the layer
segmenter 210 and the neural network 220 will be described in more detail.

Embodiments of the invention can be run using a set of audio signals (e.g. uncompressed
audio, 16 kHz sampling rate, 16 bit) that preferably share the same length of 30 seconds,
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and thus they already represent the signal blocks. This means that in such an
implementation of the audio processing apparatus 200 the first framing stage shown 201

shown in figure 2 is not necessary.

According to embodiments of the invention, the second framing stage (implemented by
processing block 203 of figure 2) can be performed at two levels of temporal resolution: a
finer resolution (64ms frames with a 50% overlap) for the layer segmenter 210, and a
coarser resolution (200ms frames with 50% overlap) for the feature extractor 205. These
different resolutions can be advantageous in that, while the finer resolution gives better
results in terms of layer segmentation (especially in relation to the detection of isolated
short-term events), it unfortunately casts a prohibitive computational load for standard
computational resources when it comes to training the neural network topologies. On the
other hands, it was found that longer time windows usually give slightly better results in
terms of classification with the neural network. Thus, before using the layer information in
the system, the frame labels given by the layer segmenter 210 can be downsampled in
order to match the resolution of the feature extraction process implemented by the feature
extractor 205 so that the whole system eventually works with the coarser resolution.

According to an embodiment, the layer segmenter 210 is configured to receive the input
audio signals as WAV files and to output CSV files with the frame-wise layer information.
According to embodiments of the invention, the some or more steps of the following
algorithm can be implemented by the layer segmenter 210:
. Load audio file into memory buffer
. Compute complex spectrogram from audio signal (magnitude and phase):

For each frame:

0 Apply Hann window

o Compute FFT

o Convert spectrum from rectangular to polar coordinates
. Compute CDD function from spectrogram
. Compute short-term event function:
0 Apply causal median filter to CDD function -> ,smooth“ CDD function
o Subtract smooth CDD function from original CDD function -> short-term

event function
. Detect short-term audio events by picking peaks in short-term event function
. Expand short-event frame regions:
For each frame associated to a short-term event:
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o Add 1 frame to the left and 3 frames to the right to the pool of frames

associated to the short-term events
. Compute long-term event function:

For each frame associated to short-term events:

o Subtract short-term event function from original CDD function -> auxCDD
function

o Apply median filter to the auxCDD function (in-place)

o Apply forward-backward moving average filter to auxCDD function -> long-
term event function (LEF)

. Identify frames belonging to long-term events:

0 Select peaks in the LEF based on difference in height between each
relative maximum and adjacent valleys: when differences are low
compared to the median value of the function over the whole signal, only
the highest maximum of the group of similar-height maxima is actually
selected as a true peak (empirical thresholds apply).

0 For each pair of true peaks: consider the lowest valley, so that two well-
defined valleys are obtained around each true peak (one behind and one
ahead of it): g1 and g2 are the differences in height between the peak and
the two valleys.

o For each peak of height h, compute a new threshold t = h-min(g1,92) and
grow the long-term event region in both time directions until the LEF falls
below t (local maxima can be trespassed).

. Compute union set from the sets of frames related to short-term audio events and
long-term audio events (foreground layer).
. Compute background layer as the set of frames complementary to the foreground

layer.

The feature extraction implemented by the feature extractor 205 can be based on a
TensorFlow implementation, and can comprise computing the Log-Mel spectra of input
frames (using e.g. 128 mel-frequency bins).

According to embodiments of the invention, the classification scheme provided by the
neural network 220 can be based on available platforms for machine learning, such as the
TensorFlow implementation that describes and trains the presented neural network
topologies. The TensorFlow program implementing the neural network 220 receives the
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same WAV audio files previously analysed by the layer segmenter 210, and it is also fed
with the CSV files containing the acoustic layer information.

An exemplary architecture of the neural network 220 in combination with the layer
segmenter 210 is shown in figure 6. The architecture consists of 3 convolution layers
Conv(..) and one layer Long-short term memory (LSTM) Recurrent neural networks
(RNN), Batch normalization (BN) is always applied before the rectified linear unit (ReLu)
activation for each convolution layer. The details on the architecture are given as follows:
. Layer 1: Conv(1, 24, 3, 3,1, 1)

. Layer 2: Conv(24, 32, 3, 3,1, 1)

. Layer 3: Conv(32, 32, 3, 3,1, 1)

. Layer 4: LSTM(128)

. Layer 5: Foregroud an Backgroud selective Max Pooling along time
. Layer 6: Softmax Layer

Figure 7 is a flow diagram showing an example of a corresponding audio processing
method 700 according to an embodiment of the invention. The method 700 comprises the
steps of: classifying 701 the one or more component signals as one or more foreground
layer component signals and/or one or more background layer component signals;
obtaining 703 one or more audio signal features on the basis of the audio signal;
selecting, depending on the classification of the one or more component signals, a first set
of weights or a second set of weights; and classifying the audio signal on the basis of the
one or more audio signal features, the one or more foreground layer component signals
and/or the one or more background layer component signals and the selected set of
weights.

The person skilled in the art will understand that the "blocks" ("units") of the various
figures (method and apparatus) represent or describe functionalities of embodiments of
the invention (rather than necessarily individual "units" in hardware or software) and thus
describe equally functions or features of apparatus embodiments as well as method
embodiments (unit = step).

In the several embodiments provided in the present application, it should be understood
that the disclosed system, apparatus, and method may be implemented in other manners.
For example, the described apparatus embodiment is merely exemplary. For example, the

unit division is merely a logical function division and may be other division in actual
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implementation. For example, a plurality of units or components may be combined or
integrated into another system, or some features may be ignored or not performed. In
addition, the displayed or discussed mutual couplings or direct couplings or
communication connections may be implemented by using some interfaces. The indirect
couplings or communication connections between the apparatuses or units may be

implemented in electronic, mechanical, or other forms.

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.

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 physically, or two or more

units are integrated into one unit.
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CLAIMS

1. An audio processing apparatus (200) configured to classify an audio signal into
one or more audio scene classes, the audio signal comprising a component signal,

wherein the apparatus (200) comprises a processing circuitry configured to:

classify the component signal of the audio signal as a foreground layer component signal
or a background layer component signal;

obtain an audio signal feature on the basis of the audio signal;

select, depending on the classification of the component signal, a first set of weights or a
second set of weights; and

classify the audio signal, on the basis of the audio signal feature, the foreground layer
component signal or background layer component signal, and the selected set of weights.

2. The apparatus (200) of claim 1, wherein the processing circuitry is configured to
classify the component signal of the audio signal as a foreground layer component signal,
when the component signal of the audio signal has a short-term audio event or a long-
term audio event;

or

classify the component signal of the audio signal as a background layer component
signal, when the component signal of the audio signal has no short-term audio event and

no long-term audio event.

3. The apparatus (200) of claim 2, wherein the processing circuitry is configured to
partition the audio signal into a plurality of frames, and to classify the component signal of
the audio signal by determining for each frame of the audio signal a complex domain
difference, CDD.
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4. The apparatus (200) of claim 3, wherein the CDD is determined on the basis of the
following equation:

1

CDD(n) = 12c=—1v/2

|X(n, k) - XT(nJ k)la
wherein n denotes a frame index, k denotes a frequency bin index, N denotes a frame

size in samples and wherein a spectrum X, (n, k) is defined as:

X,k =X(n—1, k)lelp(n—l,k)+lp' (n—l,k),
where
Y'(nk)=¥(nk)—¥mn-1k)
denotes a phase difference in the k-th frequency bin.

5. The apparatus (200) of claim 3, wherein the processing circuitry is configured to
apply for each frame of the audio signal a high-pass filter to the CDD and to identify a
peak in the high-pass filtered CDD as a short-term audio event.

6. The apparatus (200) of claims 4 or 5, wherein the processing circuitry is configured
to apply for each frame of the audio signal a low-pass filter to the CDD and to identify a
long-term audio event by determining a peak in the low-pass filtered CDD.

7. The apparatus (200) of any one of the preceding claims, wherein the processing
circuitry is configured to transform the audio signal from the time domain to the frequency
domain and to obtain the audio signal feature from the audio signal in the frequency

domain.

8. The apparatus (200) of claim 7, wherein the audio signal feature comprise a log-
Mel spectrum of the audio signal.

9. The apparatus (200) of any one of the preceding claims, wherein the processing
circuitry is configured to provide a neural network (220), wherein the neural network (200)

is configured to perform the classification of the audio signal.
20
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10.  The apparatus (200) of claim 9, wherein the neural network (200) comprises a first
neural subnetwork (221) and a second neural subnetwork (223), wherein the first neural
subnetwork (221) is configured to provide, depending on the classification of the
component signal, the first set of weights or the second set of weights to the second
neural subnetwork (223) and wherein the second neural subnetwork (223) is configured to
classify the audio signal on the basis of the audio signal feature, the foreground layer
component signal or the background layer component signal and the selected set of
weights provided by the first neural subnetwork (221).

11.  An audio processing method (700) for classifying an audio signal into one or more
audio scene classes, the audio signal comprising a component signal, wherein the

method (700) comprises:

classifying (701) the component signal as a foreground layer component signal or a

background layer component signal;

obtaining (703) an audio signal features on the basis of the audio signal;

selecting (705), depending on the classification of the component signal, a first set of

weights or a second set of weights; and
classifying (707) the audio signal on the basis of the audio signal feature, the foreground
layer component signal or the background layer component signal and the selected set of

weights.

12. A computer program product comprising program code for performing the method
(700) of claim 11, when executed on a computer or a processor.
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