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Description

TECHNICAL FIELD

[0001] The present document relates to methods and systems for efficient content classification and loudness esti-
mation of audio signals. In particular, it relates to efficient content classification and gated loudness estimation within
an audio encoder.

BACKGROUND

[0002] Portable handheld devices, e.g. PDAs, smart phones, mobile phones, and portable media players, typically
comprise audio and/or video rendering capabilities and have become important entertainment platforms. This develop-
ment is pushed forward by the growing penetration of wireless or wireline transmission capabilities into such devices.
Due to the support of media transmission and/or storage protocols, such as the High-Efficiency Advanced Audio Coding
(HE-AAC) format, media content can be continuously downloaded and stored onto the portable handheld devices,
thereby providing a virtually unlimited amount of media content.
[0003] HE-AAC is a lossy data compression scheme for digital audio defined as MPEG-4 Audio profile in ISO/IEC
14496-3. It is an extension of Low Complexity AAC (AAC LC) optimized for low-bitrate applications such as streaming
audio. HE-AAC version 1 profile (HE-AAC v1) uses spectral band replication (SBR) to enhance the compression efficiency
in the frequency domain. HE-AAC version 2 profile (HE-AAC v2) couples SBR with Parametric Stereo (PS) to enhance
the compression efficiency of stereo signals. It is a standardized and improved version of the AACplus codec.
[0004] With the introduction of digital broadcast, the concept of time-varying-metadata which enables to control gain
values at the receiving end in order to tailor content to a specific listening environment was established. An example is
the metadata included in Dolby Digital which includes general loudness normalization information ("dialnorm") for dia-
logues. It should be noted that throughout this specification and in the claims, references to Dolby Digital shall be
understood to encompass both the Dolby Digital and Dolby Digital Plus coding systems.
[0005] One possibility to assure consistency of loudness levels across different content types and media formats is
loudness normalization. A prerequisite for loudness normalization is the estimation of the signal loudness. One approach
to loudness estimation has been proposed in the ITU-R BS.1770-1 recommendation.
[0006] The ITU-R BS.1770-1 recommendation is an approach to measure the loudness of a digital audio file, while
taking a psychoacoustic model of the human hearing into account. It proposes to preprocess the audio signal of each
channel with a filter for modeling head effects and a high-pass filter. Then, the power of the filtered signal is estimated
over the measurement interval. For multichannel audio signals the loudness is calculated as the logarithm of the weighted
sum of the estimated power values of all channels.
[0007] One drawback of the ITU-R BS.1770-1 recommendation is that all signal types are handled equally. A long
period of silence would lower the loudness result; however this silence may not affect the subjective loudness impressions.
An example for such a pause could be the silence between two songs.
[0008] A simple, yet effective method to work around this problem is to only take, subjectively significant, parts of the
signal into account. This method is called gating. The significance of signal parts may be determined based on a minimum
energy, a loudness level threshold or other criteria. Examples for different gating methods are silence gating, adaptive
threshold gating, and speech gating.
[0009] For gating, a Discrete Fourier Transform (DFT) and other operations on the audio signal are typically performed
as is disclosed for example in the US patent application US 2004/0044525, "Controlling Loudness of Speech in Signals
that contain Speech and Other Types of Audio Material", Mark Stuart Vinton et al., 04.03.2004. However, this causes
additional processing effort which is undesirable. Furthermore, the classification of audio signals into different classes
for gating the loudness calculation is typically imperfect, thus resulting in misclassifications impacting the loudness
calculation.
[0010] Accordingly, there is a need for improved audio classification to enhance gating and loudness calculation.
Furthermore, it is desired to reduce the computational effort in gating.

SUMMARY

[0011] The present application relates to the detection of speech/non-speech segments in digital audio signals. The
detection results may be used in calculating a loudness level value for a digital audio signal. Typically, speech/non-
speech segment detection relies on the aggregation of multiple features which are extracted from the digital audio signal.
In other words, a multitude of criteria is used in order to decide whether a digital audio signal segment is a speech or a
non-speech segment.
[0012] Typically, at least some of these features are based on calculating the spectrum of the segments. For calculating
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the spectrum, a DFT may be used which places a high computational burden on the encoding system. However, recent
research has shown that the explicit calculation of the spectrum using a DFT can be avoided for example by using
Modified Discrete Cosine Transform (MDCT) data instead. I.e. the MDCT coefficients can be used for determining
features that are based on calculating the spectrum of the digital audio signal segments. This is especially advantageous
in the context of digital audio signal encoders that produce MDCT data while encoding a digital audio signal. In this case,
MDCT data from the encoding scheme may be used for speech/non-speech detection thereby avoiding a DFT of the
digital audio signal segments. By this, overall computational complexity can be reduced since the already available
MDCT data is reused which renders a DFT on the digital audio signal segments superfluous. It should be noted that
although in the example above, the MDCT data can be advantageously used for avoiding a DFT of the digital audio
signal segments, any transform representation in an encoder may be used as spectral representation. Accordingly, the
transform representation may, for instance, be MDST (Modified Discrete Sine Transform) or real or imaginary parts of
MLT (Modified Lapped Transform). Furthermore, the spectral representation may comprise a Quadrature Mirror Filter,
QMF, filter bank representation of the audio signal.
[0013] In the case that the encoding scheme produces scalefactor band energies, the scalefactor band energies may
be used for the determination of features which are based on the spectral tilt. Furthermore, if the encoding scheme
produces energy values for segments of the digital audio signal, e.g. for one or multiple blocks, energy features which
are based on the energy of the segments in the time domain may use this information instead of explicitly calculating
the energy themselves.
[0014] Generally speaking, the proposed reuse of information as further detailed in the following reduces the overall
computational complexity of the system and hence provides a synergistic effect.
[0015] According to an aspect, a method for encoding an audio signal is described. The method comprises determining
a spectral representation of the audio signal. The determining a spectral representation may comprise determining
modified discrete cosine transform, MDCT, coefficients. In general, any transform representation in an encoder can be
used as spectral representation. The transform representation may, for instance, be MDST (Modified Discrete Sine
Transform) or real or imaginary parts of MLT (Modified Lapped Transform). Furthermore, the spectral representation
may comprise a Quadrature Mirror Filter, QMF, filter bank representation of the audio signal.
[0016] The method further comprises encoding the audio signal using the determined spectral representation. Parts
of the audio signal may be classified to be speech or non-speech based on the determined spectral representation, and
a loudness measure for the audio signal may be determined based on the classified speech parts, ignoring the identified
non-speech parts. Thus, a gated loudness measure concentrated on the speech parts of the audio signal is determined
from the spectral representation that is also used for encoding the audio signal. No separate spectral representation of
the audio signal is computed for the loudness estimation; hence the computational effort in the encoder for the calculation
of the gated loudness measure is reduced.
[0017] The method may further comprise determining a pseudo spectrum from the MDCT coefficients. The classification
of speech/non-speech parts may be based at least in part on the values of the determined pseudo spectrum. The pseudo
spectrum derived from the MDCT coefficients can be used as an approximation to the DFT spectrum that is normally
used for the classification of speech parts in loudness estimation. Alternatively, the MDCT coefficients may be used
directly as features for the speech/non-speech classification.
[0018] The method may further comprise determining a spectral flux variance. The classification of speech/non-speech
parts may be based at least in part on the determined spectral flux variance because it has been shown that the spectral
flux variance is a good feature for speech/non-speech classification. The spectral flux variance may be determined from
the pseudo spectrum. Also, the spectral flux variance may be determined from the MDCT coefficients and proved to be
a useful classification feature.
[0019] The method may further comprise determining scalefactor band energies from the MDCT coefficients. The
classification of speech/non-speech parts may be based at least in part on the determined scalefactor band energies.
Scalefactor band energies are typically used in the encoder for encoding the audio signal. Here, scalefactor band energies
are suggested as features for classification of speech/non-speech parts of the audio signal.
[0020] The method may further comprise determining an average spectral tilt from the scalefactor band energies. The
classification of speech/non-speech parts may be based at least in part on the average spectral tilt. Thus, it is proposed
to calculate the average spectral tilt feature used for classification of speech based on scalefactor band energies, which
is a very effective way of calculation and does not require the computation of an additional spectral signal representation.
[0021] The method may further comprise determining energy values for blocks of the audio signal. The method may
continue by determining transients in the audio signal based on the block energies and in response determine coding
block lengths for the audio signal. In addition, energy based features are determined based on the block energies. The
classification of speech/non-speech parts may be based at least in part on the energy based features. Hence, the energy
values calculated in the encoder for the purpose of deciding the appropriate block size for encoding the audio signal
(block switching) are used directly in the computation of energy based classification features, such as a pause count
metric, short and long rhythmic measures, etc.
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[0022] The classification of speech/non-speech parts may be based on a machine learning algorithm, in particular the
AdaBoost algorithm. Of course, other machine learning algorithms such as neural networks can be used as well.
[0023] The method may further comprise training of the machine learning algorithm based on speech data and non-
speech data, thereby adjusting parameters of the machine learning algorithm so as to minimize an error function. During
the training, the machine learning algorithm learns the importance of the individual features, such as for example the
spectral flux or the average spectral tilt, and adapts its internal weights used for assessing the features during classifi-
cation.
[0024] The spectral representation may be determined for short blocks and/or long blocks. Many encoders such as
the AAC encoder use different block lengths for encoding the audio signal and have the ability to switch between the
different block lengths based on the input signal so as to adjust the block lengths to the properties of the input signal.
The method may further comprise aligning the short block representation with frames for a long block representation
corresponding to a predetermined number of short blocks, thereby reordering MDCT coefficients of the predetermined
number of short blocks into a frame for a long block. In other words, short blocks are converted into long blocks. This
may be beneficial because subsequent modules for classification and loudness calculation need only process one block
type. In addition, it allows a fixed time structure based on long blocks in the calculation for classification and loudness.
[0025] In case the spectral representation comprises a Quadrature Mirror filter bank representation of the audio signal,
the method may further comprise encoding spectral band replication parameters for the audio signal using the determined
spectral representation and classifying parts of the audio signal to be speech or non-speech based on the determined
spectral representation. Then, a gated loudness measure for the audio signal based on the speech parts may be
determined. Similar to above, this allows a gated loudness calculation based on a spectral representation that is also
used for encoding the audio signal, here for encoding a high frequency part of the signal based on high frequency
reconstruction or spectral band replication techniques.
[0026] The method may further comprise encoding the audio signal using the determined spectral representation into
a bit-stream and encoding the determined loudness measure into the bit-stream. Thus, a encoder is described that
efficiently calculates and encodes a loudness measure such as dialnorm or program reference level together with the
audio signal.
[0027] The audio signal may be a multi-channel signal, and the method may further comprise downmixing the multi-
channel audio signal and performing the classification step on the downmixed signal. This allows making the calculations
for signal classification and/or loudness measuring based on a mono signal.
[0028] The method may further comprise downsampling the audio signal and performing the classification step on the
downsampled signal. Thus, making the calculations for signal classification and/or loudness measuring based on a
downsampled signal further reduces the required computational effort.
[0029] According to another aspect, systems are disclosed which perform the above described methods, in particular
an audio encoder for encoding the audio signal into a bit-stream. The audio signal may be encoded according to one of
HE-AAC, MP3, AAC, Dolby Digital or Dolby Digital Plus, or any other codec based on AAC, or any other codec based
on transformations mentioned above.
[0030] The system may include a MDCT calculation unit for determining a spectral representation of the audio signal
based on modified discrete cosine transform, MDCT, coefficients and/or a SBR calculation unit including a Quadrature
Mirror Filter, QMF, filter bank to determine a spectral representation for spectral band replication or high frequency
reconstruction.
[0031] According to a further aspect, a software program is described, which is adapted for execution on a processor
and for performing the method steps outlined in the present document when carried out on a computing device.
[0032] According to another aspect, a storage medium is described, which comprises a software program adapted
for execution on a processor and for performing the method steps outlined in the present document when carried out
on a computing device.
[0033] According to another aspect, a computer program product is described which comprises executable instructions
for performing the methods outlined in the present document when executed on a computer.
[0034] According to another aspect, a system configured to classify speech parts of an audio signal is described.
[0035] A preliminary complexity analysis has shown that the potential complexity reduction of the proposed speech/non-
speech classification over the prior art is significant. According to a theoretical approach assuming that the proposed
implementation does not need a resampler and does not use a separate spectral analysis, the savings are up to 98%.
[0036] It should be noted that the embodiments and aspects described in this document may be combined in many
different ways. In particular, it should be noted that the aspects and features outlined in the context of a system are also
applicable in the context of the corresponding method and vice versa. Furthermore, it should be noted that the disclosure
of the present document also covers other claim combinations than the claim combinations which are explicitly given
by the back references in the dependent claims, i.e., the claims and their technical features can be combined in any
order and any formation.
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BRIEF DESCRIPTION OF THE DRAWINGS

[0037] The present invention will now be described by way of illustrative examples, not limiting the scope or spirit of
the invention, with reference to the accompanying drawings, in which:

Fig. 1 schematically illustrates a system for producing an encoded output audio signal with loudness level information
from an input audio signal;
Fig. 2 schematically illustrates a system for estimating loudness level information from an input audio signal;
Fig. 3 schematically illustrates a system for estimating loudness level information from an input audio signal using
information from an audio encoder;
Fig. 4 shows an example of interleaving MDCT coefficients for short blocks;
Fig. 5a illustrates a spectral representation of an example audio signal generated by different spectral transforms;
Fig. 5b illustrates the spectral flux of an example audio signal calculated by different spectral transforms; and
Fig. 6 illustrates an example for a weighting function; and
Fig. 7 illustrates an example sequence of SBR payload size and resulting modulation spectra.

DETAILED DESCRIPTION

[0038] The below-described embodiments are merely illustrative for the principles of methods and systems for rhythmic
feature extraction, speech classification and loudness estimation. It is understood that modifications and variations of
the arrangements and the details described herein will be apparent to others skilled in the art. It is the intent, therefore,
to be limited only by the scope of the impending patent claims and not by the specific details presented by way of
description and explanation of the embodiments herein.
[0039] An approach to providing audio output at a constant perceived level is to define a target output level at which
the audio content is to be rendered. Such a target output level may e.g. be -11dBFS (decibels relative to Full Scale). In
particular, the target output level may depend on the current listening environment. Furthermore, the actual loudness
level of the audio content, also referred to as the reference level, may be determined. The loudness level is preferably
provided along with the media content, e.g. as metadata provided in conjunction with the media content. In order to
render the audio content at the target output level a matching gain value may be applied during playback. The matching
gain value may be determined as the difference between the target output level and the actual loudness level.
[0040] As has already been indicated above, systems for streaming and broadcasting, like e.g. Dolby Digital, typically
rely on transmitting metadata which comprises a "dialnorm" value which indicates the loudness level of the current
program to the decoding device. The "dialnorm" value is typically different for different programs. In view of the fact that
the "dialnorm" value or values are determined at the encoder, the content owner is enabled to control the complete
signal chain up to the actual decoder. Furthermore, the computational complexity on the decoding device can be reduced,
as it is not required to determine loudness values for the current program at the decoder. Instead the loudness values
are provided in the metadata associated with the current program.
[0041] The inclusion of metadata along with audio signals has allowed for significant improvements in the user listening
experience. For a pleasant user experience, it is generally desirable for the general sound level or loudness of different
programs to be consistent. However, the audio signals of different programs usually originate from different sources,
are mastered by different producers and may contain diverse content ranging from speech dialog to music to movie
soundtracks with low-frequency effects. This possibility for variance in the sound level makes it a challenge to maintain
the same general sound level across such a variety of programs during playback. In practical terms, it is undesirable for
the listener to feel the need to adjust the playback volume when switching from one program to another in order to adjust
one program to be louder or quieter with respect to another program because of differences in the perceived sound level
of the different programs. Techniques to alter the audio signals in order to maintain a consistent sound level between
programs are generally known as signal levelling. In the context of dialog audio tracks, a measure relating to the perceived
sound level is known as the dialog level, which is based on an average weighted level of the audio signal. Dialog level
is often specified using a "dialnorm" parameter, which indicates a level in decibels (dB) with respect to digital full scale.
[0042] Within audio coding a number of metadata types evolved in codecs like AC-3 or HE-AAC, including dynamic
range compression and loudness description. AC-3, for instance, uses a value called "dialnorm" to provide loudness
information of the encoded audio signal. In HE-AAC the equivalent value is called "program reference level", which is
included in the data stream element. The playback device reads the loudness value and adjusts the output signal by
the gain factor accordingly. This way the original audio signal is not changed. The metadata model is therefore called
non-destructive.
[0043] In the following, methods for classifying an audio signal into speech and non-speech parts are described. This
classification may then be used to gate the calculation of a loudness estimate, such as according to the ITU-R recom-
mendation BS.1770-1. The loudness calculation can then be concentrated on audio parts containing speech content,
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e.g. to determine a "dialnorm" value for insertion into an encoded bit-stream, such as according to the HE-AAC format.
On the one hand, the classification of audio should be as correct as possible to achieve a good loudness estimate. On
the other hand, the loudness calculation and in particular the speech/non-speech classification should be efficient and
put as little computational load on the encoder as possible. Hence, according to an aspect of the present document, it
is proposed to integrate the loudness calculation and in particular the speech/non-speech classification into the encoder
operation and make use of existing calculations and already produced data instead of recalculating similar values for
the loudness estimation.
[0044] As already mentioned, it is beneficial to limit the calculation of a loudness estimate to speech parts of the audio
signal. Some of the following characteristics of speech are crucial to distinguish from other signal types. Speech is a
composition of voiced and unvoiced parts, also known as frictional noise and vowels. Frictional noise can be separated
into two subcategories. Sounds like ’k’ and ’t’ are very transient whereas sounds like ’s’ and ’f’ have noise like spectra.
The voiced and unvoiced parts of speech, together with short breaks in between words and sentences, result in a
constantly varying spectrum of the audio signal. Music on the other hand has a much slower and rather small fluctuation
in the spectrum. Looking at the spectral magnitude of the signal one can also observe very short parts with low energy.
These short breaks are an indicator for speech content.
[0045] As a consequence of the relevance of speech content in the signal for perception, it is proposed to recognize
speech parts and compute the loudness only from these parts of the signal. This speech loudness value can be used
in any of the described metadata types.
[0046] According to embodiments, a system for calculating a gated loudness measure has four components. The first
component relates to signal pre-processing and contains a resampler and mixer. After downmixing a mono signal from
the input signal, the signal is resampled at 16kHz. The second component calculates 7 features covering different criteria
of the signal, which are useful to identify speech. The 7 features can be categorized in two groups: spectral features like
spectral flux, and time domain features like pause count and zero cross rate. The third component is a machine learning
algorithm called AdaBoost which makes a binary decision based on the feature vector of the 7 features. Every feature
is calculated based on the mono signal with a sampling rate of 16kHz. The time resolution may be set individually for
each feature to achieve the best possible results. Therefore, every feature may have its own block length. In this context,
a block is a certain amount of time samples processed by the feature. The last component calculates a loudness
measurement, running on the initial sampling rate, which is following the ITU-R recommendation. The loudness meas-
urement is updated every 0.5 seconds with the current signals status (speech/other) from the classifier. Accordingly, it
can compute the speech and overall loudness.
[0047] The above loudness measurement may be applied e.g. in the HE-AAC encoding schema which includes the
AAC core encoder comprising a MDCT filter bank. A SBR encoder is used for lower bitrates and contains a QMF filter
bank. According to an embodiment, the spectral representation provided by the MDCT filter bank and/or the QMF filter
bank is used for signal classification. The speech/other classification may be placed in the AAC core, right after the
MDCT filter bank. The time signal and the MDCT coefficients can be extracted there. This is also the place for the window
switching, which is calculating the energy of the signal in blocks of 128 samples. The scalefactor bands, which contain
the energy of a specific frequency band, may be used to estimate the needed accuracy for the quantization of the signal.
[0048] Fig. 1 schematically illustrates a system 100 for producing an encoded output audio signal with loudness level
information from an input audio signal. The system comprises encoder 101 and loudness estimation module 102. Ad-
ditionally, the system comprises a gating module 103.
[0049] Encoder 101 receives an audio signal from a signal source. For example, the signal source may be an electronic
device storing audio data in a memory of the electronic device. The audio signal may comprise one or more channels.
For example, the audio signal may be a mono audio signal, a stereo audio signal or a 5(.1) channel audio signal. The
audio signal may comprise speech, music, or any other type of audio signal content.
[0050] Furthermore, the audio signal may be stored in the memory of the electronic device in any suitable format. For
example, the audio signal may be stored in a WAV, AIFF, AU or raw header-less PCM file. Alternatively, the audio signal
may be stored in a FLAC, Monkey’s Audio (filename extension APE), WavPack (filename extension WV), Shorten, TTA,
ATRAC Advanced Lossless, Apple Lossless (filename extension m4a), MPEG-4 SLS, MPEG-4 ALS, MPEG-4 DST,
Windows Media Audio Lossless (WMA Lossless), and SHN file. Even further, the audio signal may be stored in a MP3,
Vorbis, Musepack, AAC, ATRAC and Windows Media Audio Lossy (WMA lossy) file.
[0051] The audio signal may be transmitted from the signal source to the system 100 over a wired or a wireless
connection. Alternatively, the signal source may be part of the system, i.e. the system 100 may be hosted on a computer
which also stores the audio file. The computer hosting the system 100 may be a desktop computer or a server which is
connected to other computers over a wired or wireless network, e.g. the Internet or an Access Network.
[0052] Encoder 101 may encode the audio signal according to a specific encoding technique. The specific encoding
technique may be DD+. Alternatively, the specific encoding technique may be Advanced Audio Coding (AAC). Even
further, the specific encoding technique may be High Efficiency AAC (HE-AAC). The HE-AAC encoding technique may
be based on the AAC encoding technique and a SBR encoding technique. The AAC encoding technique may be based
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at least in part on a MDCT filter bank. The SBR encoding technique may be based at least in part on a Quadrature Mirror
Filter (QMF) filter bank.
[0053] Loudness estimation module 102 estimates the loudness of the audio signal according to a specific loudness
estimation technique. The specific loudness estimation technique may follow the ITU-R BS.1770-1 recommendation.
Alternatively, the specific loudness estimation technique may follow the Replay Gain proposal by David Robinson (see
http://www.replaygain.org/). When the specific loudness estimation follows the ITU-R BS.1770-1 recommendation, the
loudness may be estimated on the segments of the input audio signal that comprise content other than silence. For
example, the loudness may be estimated on the segments of the input audio signal that comprise speech. Heretofore,
loudness estimation module may receive a gating signal from gating module 103, the signal indicating whether the
loudness estimation module should estimate the loudness on basis of a current audio input sample. For example, gating
module 103 may provide, e.g. send, a signal to loudness estimation module 102, the signal indicating that a current
sample or portion of the audio signal comprises speech. The signal may be a digital signal comprising a single bit. For
example, if the bit is high, the signal may indicate that a current audio sample comprises speech and is to be processed
by loudness estimation module 102 for estimating the loudness of the audio input signal. If the bit is low, the signal may
indicate that a current audio signal does not comprise speech and is not to be processed by loudness estimation module
102 for estimating the loudness of the audio input signal.
[0054] Gating module 103 classifies the input audio signal in different content categories. For example, gating module
103 may classify the input audio signal in non-silence and silence, or in speech and non-speech segments. For classifying
the input audio signal into speech and non-speech segments, gating module 103 may employ various techniques as
shown in Fig. 2 which schematically illustrates a system 200 for estimating loudness level information from an input
audio signal. For example, gating module 103 may comprise one or more of the following submodules for calculation of
features.
[0055] For the following discussion, the terms "feature", "block", and "frame" are briefly explained. A feature is a
measure that derives certain characteristics from the signal which is able to indicate the presence of a particular class
in the signal, e.g. speech parts in the signal. Every feature can operate in two processing levels. Short signal excerpts
are processed in block units. A long term estimation of a feature is made in frames with a length of 2 seconds. A block
is the amount of data that is used to compute low-level information of every feature. It holds either time samples or
spectral data of the signal. In the following equations M is defined as the block size. A frame is a long term measure
based on a certain amount of blocks. The update rate is typically 0.5 seconds with a time window of 2 seconds. In the
following equations N is defined as the frame size.
[0056] Gating module 103 may comprise a Spectral Flux Variance (SFV) submodule 203. SFV submodule 203 works
in the transform domain and is adapted to take the rapid change in the spectrum of speech signals into account. As a
metric for the flux in the spectrum F1(t) is calculated as the average squared l2 norm of the spectral flux for frame t (with
M being the number of blocks in a frame): 

SFV submodule 203 may calculate the weighted Euclidean distances ilmi between two blocks m and m-1 

with Wm being the weight for block m 

wherein X[k] denotes the amplitude and phase of the complex spectrum at frequency 2πk/N.
[0057] Hence, to weight the spectral flux, the current and previous spectral energies are calculated. The l2-norm, also
called Euclidean distance, is calculated from the difference of the two spectral magnitudes. The weighting is necessary
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to remove dependency on the overall energy of the two blocks Xm and Xm-1. The results that are passed to the boosting
algorithm may be calculated from the 128 summed l2-norm values.
[0058] Gating module 103 may comprise an Average Spectral Tilt (AST) submodule 204. The average spectral tilt
works based on similar principles as described above, but only taking the tilt of the spectrum into account. Music usually
contains mostly tonal parts, which leads to a negative tilt of the spectrum. Speech also contains tonal parts, but these
are regularly intermittent with frictional noise. These noise-like signals lead to a positive slope due to low energy levels
in the lower spectrum. For a signal part containing speech, a rapidly changing tilt can be observed. For other signal
types, the tilt typically stays in the same range. As a metric F2(t) for the AST in the spectrum, AST submodule 204 may
calculate 

with 

where Gm is the regressive coefficient for block m.
[0059] The sum of the spectral power density in the log-domain is accumulated and compared with a weighted spectral
power density. The conversion into the log-domain is according to 

[0060] Gating module 103 may comprise a Pause Count Metric (PCM) submodule 205. PCM recognizes small breaks
which are very characteristic for speech. The low-level part of the feature calculates the energy for N = 128 samples/block.
A value F3(t) for the PCM may be determined by calculating the mean energy of the current frame and comparing the
mean energy of each block 

in the frame with the mean energy of the current frame. Is the block energy lower than 25% of the mean energy value
of the current frame, it may be counted as pause and therefore the numerical value of F3(t) may be incremented. Multiple
consecutive blocks which fit under this criterion are only counted as one pause.
[0061] Gating module 103 may comprise a Zero Crossing Skew (ZCS) submodule 206. The Zero Crossing Skew
relates to the zero crossing rate, i.e. the number of times, where the time signal crosses the zero line. It could also be
described by how often a signal changes the sign in a given time frame. The ZCS is a good indicator for the presence
of high frequencies in combination with only few low frequencies. The skew of a given frame is an indicator of rapid
change in the signal value, which makes it possible to classify voiced speech versus unvoiced speech. A value F4(t) for
the ZCS may be determined by calculating 
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with Zm as zero crossing count in block m.
[0062] Gating module 103 may comprise a Zero Crossing Median to Mean Ratio (ZCM) submodule 207. This feature
also takes a number of 128 zero crossing values and calculates the median to mean ratio. The median value is calculated
by sorting all zero cross count blocks of the current frame. After that it takes the central point of the sorted array. Blocks
with a high zero crossing rate do influence the mean value, but not the median. A value F5(t) for the ZCS may be
determined by calculating 

with Zmedian being the median of the block zero crossing rates for all blocks in frame t.
[0063] Gating module 103 may comprise a Short Rythmic Measure (SRM) submodule 208. The previously mentioned
features have difficulties with highly rhythmical music. For instance, HipHop and Techno music can lead to wrong
classifications. These two genres have highly rhythmical parts, which can be easily detected with the SRM and LRM
features. A value F6(t) for the SRM may be determined by calculating 

with 

and 

where d[m] is the element in the zero-mean sequence for block m and At[l] is the autocorrelation value for frame t with
a block lag of l. The SRM calculates the autocorrelation for the current frame of variance blocks. Then, the highest index
in the search range of AT is searched.
[0064] Gating module 103 may comprise a Long Rythmic Measure (LRM) submodule 209. A value F7(t) for the LRM
may be determined by calculating an auto correlation of the energy envelope 
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with 

ALt[l] being the autocorrelation score for frame t.
[0065] At least one of the features F1(t) to F7(t) may be used for classifying the input audio signal into speech and
non-speech segments. If more than one of the features F1(t) to F7(t) is used, the values may be processed by a machine
learning algorithm which may derive a binary decision out of the used features. The machine learning algorithm may be
a further submodule in gating module 103. For example, the machine learning algorithm may be AdaBoost. The AdaBoost
algorithm is described in: Yoav Freund and Robert E. Schapire, A short introduction to boosting, Journal of Japanese
Society for Artificial Intelligence, 14(5), pages 771-780, 1999.
[0066] AdaBoots may be used to boost a so called weak learning algorithm to a strong learning algorithm. Applied on
the system described above, AdaBoost may be used to derive a binary decision out of the 7 values F1(t) to F7(t).
[0067] AdaBoost is trained on a database of examples. It may be trained by providing the correctly labeled output
vector of the features as input. It then can provide a boosting vector for usage during the actual application of the
AdaBoost as classifier. The boosting vector may be a set of thresholds and weights for each feature. It may provide the
information, which feature votes for a speech or a non-speech decision, and weights it with the value established during
the training.
[0068] The features extracted from the audio signal represent the "weak" learning algorithm. Each one of these "weak"
learning algorithms is a simple classifier, which will then be compared with thresholds and factorized with given weights.
The output is a binary classification, deciding whether the input audio is speech or not.
[0069] For example, the output vector may assume Y = -1, +1 for speech or non-speech. AdaBoost calls the weak
learner multiple times in so called boosting rounds. It maintains a distribution of weights Dt, which will be higher ranked
each time the weak hypothesis is wrongly classified. This way the hypothesis has to focus on the hard examples of the
training set. The quality of the weak hypothesis can be calculated from the distribution Dt.

[0070] Boosting Training Give:(x1,y1),..., (xm,ym) where xi ∈ X,yi ∈ Y = -1, +1 Initialize 

For t = 1, .., T :
Train weak learner using distribution Dt.

[0071] Get weak hypothesis ht : X → -1, +1 with error 

Choose 

Update: 

[0072] Where Zt is a normalization factor (chosen so that Dt+1 will be a distribution). Output the final hypothesis 
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[0073] After performing for example 20 rounds of boosting, the training algorithm will return a boosting vector. The
number of boosting rounds is not fixed but may be empirically chosen, e.g. as 20. The effort to apply it, is compared to
the employing of the vector with the previous described training, rather small. The algorithm is receiving a vector with 7
values, one for each Fi(t). With each round, the algorithm iterates through the vector and takes one feature result,
compares it to the threshold, and derives the meaning of it in form of the sign.
[0074] The following is example code for binary speech/other classification:

[0075] To train the encoder, a training database with speech excerpts and non-speech excerpts is encoded. Each of
the excerpts has to be labeled in order to tell the training algorithm what the right decision would be. The encoder is
then called with the training files as input. During the encoding process, every feature result is logged. The training
algorithm is then applied to the input vectors. In order to test the results, a test database with different audio data is
used. If the features work well, one can see that after each boosting round, the training and test error gets smaller. This
error is computed from incorrectly classified input vectors.
[0076] The algorithm is choosing a threshold for each feature which results in a smallest possible error. After that, it
may weight every wrong classified stump higher. In the next boosting round, the algorithm may choose another feature
and a threshold with the smallest possible error. After some time the different stumps (examples/vectors) may not be
weighted equally anymore. This means that everything, up to this point, every wrongly classified example may get more
attention from the algorithm. This makes it possible to call a feature in a later boosting round again, with considering a
new threshold due to the differently weighted distribution.
[0077] Fig. 3 schematically illustrates a system 300 for estimating loudness level information from an input audio signal
using information from an audio encoder.
[0078] System 300 comprises submodules of encoder 101, loudness estimation module 102 and gating module 103.
For example, system 300 comprises at least one of the submodules 203 to 209 described with regard to Fig. 2. Further-
more, system 301 comprises at least one of block switching submodule 311, MDCT transform submodule 312, scalefactor
band energies submodule 313 and further submodules. Furthermore, system 301 may comprise several downmixer
submodules 321 to 223 if the audio input signal is a multichannel signal, and submodule 330 for shortblock handling
and pseudo spectrum generation. If the audio input signal is a multichannel signal, submodule 330 may also comprise
a downmixer.
[0079] Submodules 203 to 209 transmit their values F1(t) to F7(t) to loudness estimation module 102 which performs
loudness estimation as described above. The loudness information of loudness estimation module 102, e.g. a loudness
measure, may be encoded into the bit stream carrying the encoded audio signal. The loudness measure may be, e.g.,
the Dolby Digital dialnorm value.
[0080] Alternatively, the loudness measure may be stored as Replay Gain value. The Replay Gain value may be
stored in iTunes style metadata or ID3v2 tags. In a further alternative, the loudness measure may be may be used to
overwrite the MPEG "Program Reference Level". The MPEG "Program Reference Level" may be located in the Fill
Element in the MPEG 4 AAC bit-stream as part of the Dynamic Range Compression (DRC) information structure (ISO/IEC
14496-3 Subpart 4).
[0081] The operation of block switching submodule 311 in combination with MDCT transform submodule 312 is de-
scribed in the following.
[0082] According to HE-AAC, frames including a number of MDCT (Modified Discrete Cosine Transform) coefficients
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are generated during encoding. Typically, two types of blocks, long and short blocks, may be distinguished. In an
embodiment, a long block equals the size of a frame (i.e. 1024 spectral coefficients which corresponds to a particular
time resolution). A short block comprises 128 spectral values to achieve eight times higher time resolution (1024/128)
for proper representation of the audio signals characteristics in time and to avoid pre-echo-artifacts. Consequently, a
frame is formed by eight short blocks on the cost of reduced frequency resolution by the same factor eight. This scheme
is usually referred to as the "AAC Block-Switching Scheme" which may be performed in block switching submodule 311.
I.e. the block switching module 311 determines whether to generate long blocks or short blocks. While short blocks have
a lower frequency resolution, short blocks provide valuable information for determining the onsets in an audio signal,
and thus rhythmic information. This is particularly relevant for audio and speech signals which contain numerous sharp
onsets and consequently a high number of short blocks for high quality representation.
[0083] For frames comprising short blocks, interleaving of MDCT coefficients to a long block is proposed, said inter-
leaving being performed by submodule 330. The interleaving is shown in Fig. 4, where the MDCT coefficients of the 8
short blocks 401 to 408 are interleaved such that respective coefficients of the 8 short blocks are regrouped, i.e. such
that the first MDCT coefficients of the 8 blocks 401 to 408 are regrouped, followed by the second MDCT coefficients of
the 8 blocks 401 to 408, and so on. By doing this, corresponding MDCT coefficients, i.e. MDCT coefficients which
correspond to the same frequency, are grouped together. The interleaving of short blocks within a frame may be under-
stood as an operation to "artificially" increase the frequency resolution within a frame. It should be noted that other means
of increasing the frequency resolution may be contemplated.
[0084] In the illustrated example, a block 410 comprising 1024 MDCT coefficients is obtained for a sequence of 8
short blocks. Due to the fact that the long blocks also comprise 1024 MDCT coefficients, a complete sequence of blocks
comprising 1024 MDCT coefficients is obtained for the audio signal. I.e. by forming long blocks 410 from eight successive
short blocks 401 to 408, a sequence of long blocks is obtained.
[0085] The encoder may use two different windows for processing different types of audio signals. A window describes
how many data samples are used for the MDCT analysis. One encoding modus may be using a long block with a block
size of 1024 samples. In case of transient data, the encoder may assemble a set of 8 short blocks. Each short block
may have 128 samples, and therefore a MDCT length of 2*128 samples. Short blocks are used to avoid a phenomenon
called pre-echo. This leads to a problem in the computation of spectral features, since these may expect a number 1024
MDCT samples. Since the occurrence of a group of short blocks is low, some kind of workaround can be used for this
problem. Every set of 8 short blocks may be resembled to one long block. The first 8 indices of the long block come
from index number one from each of the 8 short blocks as illustrated in Fig. 4. The second 8 indices, from the second
index from each of the 8 short blocks and so on.
[0086] Block switching submodule 311, which is responsible for detecting transients in the audio signal, may work
with computing the energy for blocks of 128 time samples.
[0087] Two features work with the energy of the signal: PCM and LRM. In addition, the SRM feature works with the
variance of the signal. The difference of the variance and the energy of the signal is that the variance is calculated from
the offset free time signal. Since the encoder has already removed the offset before handing it over to the filter bank,
the difference in calculating the variance and energy in the encoder is almost void. According to an embodiment, it is
possible to calculate the LRM, PCM and the RPM features using the block energy estimates.
[0088] The AdaBoost algorithm may need a specific vector for every sampling rate and may get initiated accordingly.
The accuracy of the implementation may therefore depend on the used sample rate.
[0089] The computed energies may be fed from block switching module 311 over optional downmixer module 322 to
SRM submodule 208, LRM submodule 209 and PCM submodule 205.
[0090] Whereas LRM submodule 209 and PCM submodule 205 work on the signal energy, as discussed above, SRM
submodule 208 works with the variance of the signal. As mentioned above, the signal offset is removed so that the
difference between the variance and the energy can be neglected.
[0091] Coming back to Fig.3, the operation of submodule 330 is further described in the following. Submodule 330
receives MDCT coefficients from MDCT transform submodule 312 and may handle short blocks as described in the
previous paragraphs. The MDCT coefficients may be used to calculate a pseudo spectrum. The pseudo spectrum Ym
may be calculated from the MDCT coefficients Xm as 

[0092] The equation above describes a way to calculate the pseudo spectrum from the MDCT coefficients to get closer
to a spectral analysis with a DFT, by averaging the actual bin with the adjacent bins. An example of a spectrum generated
by DFT, MDCT coefficients and pseudo spectrum is shown in Fig. 5a.
[0093] The pseudo spectrum may be fed to SFV submodule 203 which calculates the spectral flux variance on basis
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of the pseudo spectrum provided by submodule 330. Alternatively, MDCT may be used as shown in Fig. 5b where F1(t)
is calculated from DFT data, MDCT data and pseudo spectrum data. In another alternative, QMF data may be used, for
example when encoding the input audio signal using HE-AAC. In this case, SFV submodule 203 may receive QMF data
from a SBR submodule.
[0094] It should be noted that although the speech/ non-speech classification has been described in Fig. 3 in combi-
nation with an encoder, it is clear that the speech/ non-speech classification may also be practiced in another context
as long as the relevant information from the submodules is provided.
[0095] In an embodiment, some additional processing is performed to replace the DFT spectral representation with
the MDCT representation and the calculation of the SFV and AST features. For example, the filter bank data may be
passed to the dialnorm calculation module as right and left channel. A simple downmix of both channels may be done
by adding the left and the right channel Xkmono = Xkleft + Xkright.
[0096] After the downmix there are several possibilities to feed the data into the spectral flux calculation. One approach
is to use the MDCT-coefficients for the spectral analysis in the SFV by computing the magnitude of the MDCT coefficients.
Another approach is to derive the pseudo spectrum from the MDCT coefficients.
[0097] Moreover, the pseudo spectrum calculated from the MDCT coefficients may be used to calculate the average
spectral tilt. In this case, the pseudo spectrum may be fed from submodule 330 to AST submodule 204. Alternatively,
the MDCT coefficients may be used to calculate the average spectral tilt. In this case, the MDCT coefficients may be
fed from submodule 312 to AST submodule 204. In a further alternative, scalefactor band energies may be used for
calculating the average spectral tilt. In this case, the scalefactor band energies submodule 313 may feed the scalefactor
band energies to AST submodule 204 which calculates a measure for the average spectral tilt from the scalefactor band
energies. Heretofore, it should be noted that the scalefactor band energies are energy estimates from frequency bands,
derived from the MDCT spectrum.
[0098] According to an embodiment, the scale factor band energies are used to substitute the spectral power density
used for calculating the average spectral tilt as described above. An example table for MDCT index o_sets (Nm) for a
sample rate of 48kHz is shown in the table below. The calculation of the scalefactor energies is as follows: 

Zm = Scalefactor band (sfb) energy of index m
xn = MDCT coef of index n for0 < n ≤ 1023
Nm = MDCT index offset for sfb with index m

[0099] The conversion into the log-domain is equal to the conversion described above with the difference of using
only 46 sfb energies instead of 1024 bins. 

[0100] In other words, the AST may be derived my modifying the DFT based formulas given above in the following way:

- replace DFT levels X[k] by scale factor band levels Z[k] (set m to k)
- k runs now from 1 to 46 (number of used scale factor bands)
- m is the time block index (block size is 1024 samples)
- the factor N/2 has to be replaced by the number of used scale factor bands (46)
- M corresponds to the number of blocks (of size 1024 samples) in a 2 second time window
- t corresponds to the current estimation time (covering the past 2 seconds)
- if the AST is computed every 0.5 seconds, the sampling interval for t is 0.5 s

[0101] Other examples to convert scalefactor band energies for different signal settings are apparent to the skilled
person and within the scope of the present document.
scalefactor bands for a window length of 2048 and 1920 (values for 1920 in brackets) for LONG WINDOW, LONG
START WINDOW, LONG STOP WINDOW at 22.05 and 24 kHz
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fs [kHz] 22.05 and 24

num_swb_long_ window 47

swb swb_offset_lon g_window

0 0

1 4

2 8

3 12

4 16

5 20

6 24

7 28

8 32

9 36

10 40

11 44

12 52

13 60

14 68

15 76

16 84

17 92

18 100

19 108

20 116

21 124

22 136

23 148

24 160

25 172

26 188

27 204

28 220

29 240

30 260

31 284

32 308

33 336

34 364

35 396
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[0102] Scalefactor bands (SFB) may be advantageously used because of the complexity reduction of the feature. It
is less complex to take 46 scalefactor bands into account compared to the full MDCT spectrum of 1024 bins. The
scalefactor band energies are energy estimates from different frequency bands, derived from the MDCT spectrum.
These estimates are used in the encoder for the psychoacoustic model of the encoder to derive the tolerated quantization
error in each scalefactor band.
[0103] In the following, some further technical background is presented which might be useful for the understanding
of the present invention. A new feature for classification of speech/non-speech parts of audio content is proposed. The
proposed feature is related to the estimation of rhythm information for audio signals since this property of the audio
signal carries useful information for classification of speech or non-speech. The proposed rhythmic feature can then be
used in addition to other features in a classifier such as the AdaBoost classifier to make decisions on parts or segments
of audio.
[0104] For efficiency purpose, it may be desirable to extract rhythmic information from the audio signal directly or the
data calculated by the encoder for insertion into the bit-stream. In the following, a method is described on how to determine
rhythmic information of audio signals. A particular focus is made on HE-AAC encoder.
[0105] HE-AAC encoding makes use of High Frequency Reconstruction (HFR) or Spectral Band Replication (SBR)
techniques. The SBR encoding process comprises a Transient Detection Stage, an adaptive T/F (Time/Frequency) Grid
Selection for proper representation, an Envelope Estimation Stage and additional methods to correct a mismatch in
signal characteristics between the low-frequency and the high-frequency part of the signal.
[0106] It has been observed that most of the payload produced by the SBR-encoder originates from the parametric
representation of the envelope. Depending on the signal characteristics, the encoder determines a time-frequency
resolution suitable for proper representation of the audio segment and for avoiding pre-echo-artefacts. Typically, a higher
frequency resolution is selected for quasi-stationary segments in time, whereas for dynamic passages, a higher time
resolution is selected.
[0107] Consequently, the choice of the time-frequency resolution has significant influence on the SBR bit-rate, due to
the fact that longer time-segments can be encoded more efficiently than shorter time-segments. At the same time, for
fast changing content, i.e. typically for audio content having a higher rhythm, the number of envelopes and consequently
the number of envelope coefficients to be transmitted for proper representation of the audio signal is higher than for
slow changing content. In addition to the impact of the selected time resolution, this effect further influences the size of
the SBR data. As a matter of fact, it has been observed that the sensitivity of the SBR data rate to tempo or rhythm
variations of the underlying audio signal is higher than the sensitivity of the size of the Huffman code length used in the
context of mp3 codecs. Therefore, variations in the bit-rate of SBR data have been identified as valuable information
which can be used to determine rhythmic components directly from the encoded bit-stream. Thus, SBR payload is a
good proxy to estimate onsets in audio signals. The SBR-derived rhythmic information can then be used as a feature

(continued)

fs [kHz] 22.05 and 24

num_swb_long_ window 47

swb swb_offset_lon g_window

36 432

37 468

38 508

39 552

40 600

41 652

42 704

43 768

44 832

45 896

46 960

1024 (-)
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for speech/non-speech classification, e.g. for gating the calculation of loudness.
[0108] The size of the SBR payload can be used for rhythmic information. The amount of SBR payload may be received
directly from the SBR component of the encoder.
[0109] An example for a suite of SBR payload data is given in Fig. 7a. The x-axis shows the frame number, whereas
the y-axis indicates the size of the SBR payload data for the corresponding frame. It can be seen that the size of the
SBR payload data varies from frame to frame. In the following, it is only referred to the SBR payload data size. Rhythmic
information may be extracted from the sequence 701 of the size of SBR payload data by identifying periodicities in the
size of SBR payload data. In particular, periodicities of peaks or repetitive patterns in the size of SBR payload data may
be identified. This can be done, e.g. by applying a FFT on overlapping sub-sequences of the size of SBR payload data.
The sub-sequences may correspond to a certain signal length, e.g. 6 seconds. The overlapping of successive sub-
sequences may be a 50% overlap. Subsequently, the FFT coefficients for the sub-sequences may be averaged across
the length of the complete audio track. This yields averaged FFT coefficients for the complete audio track, which may
be represented as a modulation spectrum 711 shown in Fig. 7b. It should be noted that other methods for identifying
periodicities in the size of SBR payload data may be contemplated.
[0110] Peaks 712, 713, 714 in the modulation spectrum 711 indicate repetitive, i.e. rhythmic patterns with a certain
frequency of occurrence. The frequency of occurrence may also be referred to as modulation frequency. It should be
noted that the maximum possible modulation frequency is restricted by the time-resolution of the underlying core audio
codec. Since HE-AAC is defined to be a dual-rate system with the AAC core codec working at half the sampling frequency,
a maximum possible modulation frequency of around 21.74 Hz/ 2 ∼ 11-Hz is obtained for a sequence of 6 seconds
length (128 frames) and a sampling frequency Fs = 44100 Hz. This maximum possible modulation frequency corresponds
with approx. 660 BPM, which covers the tempo/rhythm of speech and almost every musical piece. For convenience
while still ensuring correct processing, the maximum modulation frequency may be limited to 10 Hz, which corresponds
to 600 BPM.
[0111] The modulation spectrum of Fig. 7b may be further enhanced. For instance, perceptual weighting using a
weighting curve 600 shown in Fig. 6 may be applied to the SBR payload data modulation spectrum 711 in order to model
the human tempo/rhythm preferences. The resulting perceptually weighted SBR payload data modulation spectrum 721
is shown in Fig. 7c. It can be seen that very low and very high tempi are suppressed. In particular, it can be seen that
the low frequency peak 722 and the high frequency peak 724 have been reduced compared to the initial peaks 712 and
714, respectively. On the other hand, the mid frequency peak 723 has been maintained.
[0112] It should be noted that the proposed approach for rhythm estimation based on SBR payload data is independent
from the bit-rate of the input signal. When changing the bit-rate of an HE-AAC encoded bit-stream, the encoder auto-
matically sets up the SBR start and stop frequency according to the highest output quality achievable at this particular
bit-rate, i.e. the SBR crossover frequency changes. Nevertheless, the SBR payload still comprises information with
regards to repetitive transient components in the audio track. This can be seen in Fig. 7d, where SBR payload modulation
spectra are shown for different bit-rates (16kbit/s up to 64kbit/s). It can be seen that repetitive parts (i.e., peaks in the
modulation spectrum such as peak 733) of the audio signal stay dominant over all the bitrates. It may also be observed
that fluctuations are present in the different modulation spectra because the encoder tries to save bits in the SBR part
when decreasing the bit-rate.
[0113] The resulting rhythmic feature is a good feature for speech/non-speech classification. Different types of clas-
sifiers may be applied to decide whether an audio signal is a speech signal or relates to other signal types. For instance,
the AdaBoost classifier may be used to weight the rhythmic feature and other features for classification. The rhythmic
feature may be applied instead of or in addition to similar features related to rhythm, for instance, Short Rhythmic Measure
(SRM) and/or Long Rhythmic Measure (LRM) used in the dialnorm calculation of the HE-AAC encoder.
[0114] It should be noted that the methods outlined for rhythmic feature estimation and speech classification in the
present document may be applied for gating the calculation of a loudness value such as dialnorm in HE-AAC. The
proposed methods make use of the calculations in the SBR component of the encoder and do not add much computational
load.
[0115] As a further aspect, it should be noted that the speech/non-speech classification and/or the loudness information
of an audio signal may be written into the encoded bit-stream in the form of metadata. Such metadata may be extracted
and used by a media player.
[0116] The methods and systems described in the present document may be implemented as software, firmware
and/or hardware. Certain components may e.g. be implemented as software running on a digital signal processor or
microprocessor. Other components may e.g. be implemented as hardware and or as application specific integrated
circuits. The signals encountered in the described methods and systems may be stored on media such as random
access memory or optical storage media. They may be transferred via networks, such as radio networks, satellite
networks, wireless networks or wireline networks, e.g. the internet. Typical devices making use of the methods and
systems described in the present document are portable electronic devices or other consumer equipment which are
used to store and/or render audio signals. The methods and system may also be used on computer systems, e.g. internet
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web servers, which store and provide audio signals, e.g. music signals, for download.

Claims

1. A method for encoding an audio signal, the method comprising:

- determining a spectral representation of the audio signal, the determining a spectral representation comprising
determining modified discrete cosine transform, MDCT, coefficients;
- encoding the audio signal using the determined spectral representation;
- determining a pseudo spectrum from the MDCT coefficients by averaging MDCT coefficients with adjacent
MDCT coefficients;
- classifying parts of the audio signal to be speech or non-speech based at least in part on the values of the
determined pseudo spectrum; and
- determining a loudness measure for the audio signal based on the speech parts.

2. The method of claim 1, wherein the determining a spectral representation comprises determining a Quadrature
Mirror Filter, QMF, filter bank representation.

3. The method of claim 1, wherein determining the pseudo spectrum comprises, for a particular MDCT coefficient Xm

in a particular frequency bin m, determining a corresponding coefficient Ym of the pseudo spectrum as

 wherein Xm-1 and Xm+1 are MDCT coefficients in frequency bins m - 1

and m + 1, respectively, adjacent to the particular frequency bin m.

4. The method of any previous claim, further comprising:

- determining a spectral flux variance;
- wherein the classification of speech/non-speech parts is based at least in part on the determined spectral flux
variance.

5. The method of any previous claim, further comprising:

- determining scalefactor band energies from the MDCT coefficients and preferably also determining an average
spectral tilt from the scalefactor band energies;

wherein the classification of speech/non-speech parts is based at least in part on the determined scalefactor band
energies and preferably on the average spectral tilt as determined from the scalefactor band energies.

6. The method of any previous claim, further comprising:

- determining energy values for blocks of the audio signal;
- determining energy based features based on the block energies;
- wherein the classification of speech/non-speech parts is based at least in part on the energy based features.

7. The method of any previous claim, wherein classification of speech/non-speech parts is based on a machine learning
algorithm, in particular the AdaBoost algorithm, wherein the machine learning algorithm is preferably trained based
on speech data and non-speech data, thereby adjusting parameters of the machine learning algorithm so as to
minimize an error function.

8. The method of any previous claim, wherein the spectral representation is determined for short blocks and/or long
blocks, the method further comprising:

- aligning the short block representation with a frame for a long block representation corresponding to a prede-
termined number of short blocks, thereby reordering MDCT coefficients of the predetermined number of short
blocks into the frame for a long block.
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9. The method of any previous claim, further comprising:

- encoding the audio signal using the determined spectral representation into a bit-stream; and
- encoding the determined loudness measure into the bit-stream.

10. The method of any previous claim, wherein the audio signal is a multi-channel signal, the method further comprising:

- downmixing the multi-channel audio signal and performing the classification step on the downmixed signal.

11. The method of any previous claim, further comprising:

- downsampling the audio signal and performing the classification step on the downsampled signal.

12. A software program adapted for execution on a processor and for performing the method steps of any of claims 1
to 11 when carried out on a computing device.

13. A storage medium comprising a software program adapted for execution on a processor and for performing the
method steps of any of claims 1 to 11 when carried out on a computing device.

14. A computer program product comprising executable instructions for performing the method of any of claims 1 to 11
when executed on a computer.

15. A system for encoding an audio signal, the system comprising:

- means for determining a spectral representation of the audio signal, the means for determining a spectral
representation of the audio signal being configured to determine modified discrete cosine transform, MDCT,
coefficients;
- means for encoding the audio signal using the determined spectral representation;
- means for determining a pseudo spectrum from the MDCT coefficients by averaging MDCT coefficients with
adjacent MDCT coefficients;
- means for classifying parts of the audio signal to be speech or non-speech based at least in part on the values
of the determined pseudo spectrum; and
- means for determining a loudness measure for the audio signal based on the speech parts.

Patentansprüche

1. Verfahren zum Codieren eines Audiosignals, wobei das Verfahren Folgendes umfasst:

- Bestimmen einer spektralen Darstellung des Audiosignals, wobei das Bestimmen einer spektralen Darstellung
umfasst, Koeffizienten einer modifizierten diskreten Kosinustransformation, MDCT-Koeffizienten, zu bestim-
men;
- Codieren des Audiosignals unter Verwendung der bestimmten spektralen Darstellung;
- Bestimmen eines Pseudospektrums aus den MDCT-Koeffizienten durch Mitteln von MDCT-Koeffizienten mit
benachbarten MDCT-Koeffizienten;
- Einordnen von Teilen des Audiosignals als sprachbasiert oder nicht sprachbasiert zumindest teilweise anhand
der Werte des bestimmten Pseudospektrums; und
- Bestimmen eines Lautstärkemaßes für das Audiosignal anhand der Sprachteile.

2. Verfahren nach Anspruch 1, wobei das Bestimmen einer spektralen Darstellung umfasst, eine Quadraturspiegelfil-
terbankdarstellung, QMF-Filterbankdarstellung, zu bestimmen.

3. Verfahren nach Anspruch 1, wobei das Bestimmen des Pseudospektrums umfasst, für einen bestimmten MDCT-
Koeffizienten Xm in einer bestimmten Frequenzklasse m, einen entsprechenden Koeffizienten Ym des Pseudospek-

trums als  zu bestimmen, wobei Xm-1 und Xm+1 jeweils MDCT-Koeffizi-

enten in den Frequenzklassen m-1 und m+1 benachbart zu der bestimmten Frequenzklasse m sind.
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4. Verfahren nach einem vorhergehenden Anspruch, das ferner Folgendes umfasst:

- Bestimmen einer spektralen Flussvarianz;
- wobei die Einordnung von Sprach-/Nicht-Sprachteilen zumindest teilweise auf der bestimmten Flussvarianz
beruht.

5. Verfahren nach einem vorhergehenden Anspruch, das ferner Folgendes umfasst:

- Bestimmen von Skalenfaktorbandenergien aus den MDCT-Koeffizienten und vorzugsweise außerdem Be-
stimmen einer mittleren spektralen Neigung aus den Skalenfaktorenbandenergien;

wobei die Einordnung von Sprach-/Nicht-Sprachteilen zumindest teilweise auf den bestimmten Skalenfaktorband-
energien und vorzugsweise auf der mittleren spektralen Neigung, die aus den Skalenfaktorenbandenergien bestimmt
wird, beruht.

6. Verfahren nach einem vorhergehenden Anspruch, das ferner Folgendes umfasst:

- Bestimmen von Energiewerten für Blöcke des Audiosignals;
- Bestimmen von energiebasierten Eigenschaften anhand der Blockenergien;
- wobei die Einordnung von Sprach-/Nicht-Sprachteilen zumindest teilweise auf den energiebasierten Eigen-
schaften beruht.

7. Verfahren nach einem vorhergehenden Anspruch, wobei die Einordnung von Sprach-/Nicht-Sprachteilen auf einem
Maschinenlernalgorithmus, insbesondere dem AdaBoost-Algorithmus, beruht, wobei der Maschinenlernalgorithmus
vorzugsweise anhand von Sprachdaten und Nicht-Sprachdaten geschult ist, wodurch Parameter des Maschinen-
lernalgorithmus so angepasst werden, dass eine Fehlerfunktion minimiert wird.

8. Verfahren nach einem vorhergehenden Anspruch, wobei die spektrale Darstellung für kurze Blöcke und/oder lange
Blöcke bestimmt wird, wobei das Verfahren ferner Folgendes umfasst:

- Ausrichten der Darstellung kurzer Blöcke mit einem Rahmen für eine Darstellung langer Blöcke entsprechend
einer vorgegebenen Anzahl kurzer Blöcke, wodurch die MDCT-Koeffizienten der vorgegebenen Anzahl von
kurzen Blöcken in den Rahmen für einen langen Block neugeordnet werden.

9. Verfahren nach einem vorhergehenden Anspruch, das ferner Folgendes umfasst:

- Codieren des Audiosignals unter Verwendung der bestimmten spektralen Darstellung in einen Bitstrom; und
- Codieren des bestimmten Lautstärkemaßes in den Bitstrom.

10. Verfahren nach einem vorhergehenden Anspruch, wobei das Audiosignal ein Mehrkanalsignal ist, wobei das Ver-
fahren ferner Folgendes umfasst:

- Heruntermischen des Mehrkanalaudiosignals und Ausführen des Einordnungsschritts an dem herunterge-
mischten Signal.

11. Verfahren nach einem vorhergehenden Anspruch, das ferner Folgendes umfasst:

- Abwärtsabtasten des Audiosignals und Ausführen des Einordnungsschritts an dem der Abwärtsabtastung
unterzogenen Signal.

12. Softwareprogramm, das für eine Ausführung in einem Prozessor und zum Ausführen der Verfahrensschritte nach
einem der Ansprüche 1 bis 11 ausgelegt ist, wenn es in einer Rechenvorrichtung ausgeführt wird.

13. Speichermedium, das ein Softwareprogramm umfasst, das für eine Ausführung in einem Prozessor und für eine
Ausführung der Verfahrensschritte nach einem der Ansprüche 1 bis 11 ausgelegt ist, wenn es in einer Rechenvor-
richtung ausgeführt wird.

14. Computerprogrammprodukt, das ausführbare Anweisungen zum Ausführen des Verfahrens nach einem der An-
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sprüche 1 bis 11 umfasst, wenn es in einem Computer ausgeführt wird.

15. System zum Codieren eines Audiosignals, wobei das System Folgendes umfasst:

- Mittel zum Bestimmen einer spektralen Darstellung des Audiosignals, wobei die Mittel zum Bestimmen einer
spektralen Darstellung des Audiosignals konfiguriert sind, Koeffizienten einer modifizierten diskreten Kosinus-
transformation, MDCT-Koeffizienten, zu bestimmen,
- Mittel zum Codieren des Audiosignals unter Verwendung der bestimmten spektralen Darstellung;
- Mittel zum Bestimmen eines Pseudospektrums aus den MDCT-Koeffizienten durch Mitteln der MDCT-Koef-
fizienten mit benachbarten MDCT-Koeffizienten;
- Mittel zum Einordnen von Teilen des Audiosignals in sprach- oder nicht-sprachbasiert zumindest teilweise
anhand der Werte des bestimmten Pseudospektrums; und
- Mittel zum Bestimmen eines Lautstärkemaßes für das Audiosignal anhand der Sprachteile.

Revendications

1. Procédé de codage d’un signal audio, le procédé comprenant les étapes suivantes :

- détermination d’une représentation spectrale du signal audio, la détermination d’une représentation spectrale
comprenant la détermination de coefficients d’une transformée en cosinus discrets modifiée, MDCT ;
- codage du signal audio à l’aide de la représentation spectrale déterminée ;
- détermination d’un pseudo-spectre à partir des coefficients MDCT par moyennage de coefficients MDCT avec
des coefficients MDCT adjacents ;
- classification de parties du signal audio en parties de parole ou en parties autres que la parole en fonction au
moins en partie des valeurs du pseudo-spectre déterminé ; et
- détermination d’une mesure d’intensité sonore pour le signal audio en fonction des parties de parole.

2. Procédé selon la revendication 1, dans lequel la détermination d’une représentation spectrale comprend la déter-
mination d’une représentation de banc de filtres du type filtre miroir en quadrature, QMF.

3. Procédé selon la revendication 1, dans lequel la détermination du pseudo-spectre comprend, pour un coefficient
MDCT particulier Xm dans une case de fréquence particulière m, la détermination d’un coefficient correspondant

Ym du pseudo-spectre selon as  où Xm-1 et Xm+1 sont des coefficients

MDCT dans des cases de fréquence m-1 et m+1, respectivement, adjacentes à la case de fréquence particulière m.

4. Procédé selon l’une quelconque des revendications précédentes, comprenant en outre l’étape suivante :

- détermination d’une variance de flux spectral ;
- dans lequel la classification de parties de parole/autres que la parole est fonction en partie au moins de la
variance de flux spectral déterminée.

5. Procédé selon l’une quelconque des revendications précédentes, comprenant en outre l’étape suivante :

- détermination d’énergies de bandes de facteurs d’échelle à partir des coefficients MDCT et, de préférence
aussi, la détermination d’une pente spectrale moyenne à partir des énergies de bandes de facteurs d’échelle ;

dans lequel la classification de parties de parole/autres que la parole est fonction en partie au moins des énergies
de bandes de facteurs d’échelle déterminées et, de préférence, de la pente spectrale moyenne déterminée à partir
des énergies de bandes de facteurs d’échelle.

6. Procédé selon l’une quelconque des revendications précédentes, comprenant en outre les étapes suivantes :

- détermination de valeurs d’énergie pour des blocs du signal audio ;
- détermination de caractéristiques liées à l’énergie en fonction des énergies des blocs ;
- dans lequel la classification de parties de parole/autres que la parole est fonction en partie au moins des
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caractéristiques liées à l’énergie.

7. Procédé selon l’une quelconque des revendications précédentes, dans lequel la classification de parties de paro-
le/autres que la parole est fonction d’un algorithme d’apprentissage machine, plus particulièrement de l’algorithme
AdaBoost, l’algorithme d’apprentissage machine étant de préférence conditionné à partir de données de parole et
de données autres que la parole de manière à ajuster des paramètres de l’algorithme d’apprentissage machine
dans le but de minimiser une fonction d’erreur.

8. Procédé selon l’une quelconque des revendications précédentes, dans lequel la représentation spectrale est dé-
terminée pour des blocs courts et/ou des blocs longs, le procédé comprenant en outre l’étape suivante :

- alignement de la représentation de blocs courts avec une trame pour une représentation de blocs longs
correspondant à un nombre prédéfini de blocs courts, de manière à réagencer des coefficients MDCT du nombre
prédéfini de blocs courts dans la trame pour un bloc long.

9. Procédé selon l’une quelconque des revendications précédentes, comprenant en outre les étapes suivantes :

- codage du signal audio à l’aide de la représentation spectrale déterminée dans un train binaire ; et
- codage de la mesure d’intensité sonore déterminée dans le train binaire.

10. Procédé selon l’une quelconque des revendications précédentes, dans lequel le signal audio est un signal multicanal,
le procédé comprenant en outre l’étape suivante :

- mixage réducteur du signal audio multicanal et mise en oeuvre de l’étape de classification sur le signal ayant
subi le mixage réducteur.

11. Procédé selon l’une quelconque des revendications précédentes, comprenant en outre l’étape suivante :

- sous-échantillonnage du signal audio et mise en oeuvre de l’étape de classification sur le signal sous-échan-
tillonné.

12. Programme logiciel adapté à être exécuté sur un processeur et à mettre en oeuvre les étapes de procédé selon
l’une quelconque des revendications 1 à 11 lorsqu’il est implémenté sur un dispositif informatique.

13. Support d’enregistrement comprenant un programme d’ordinateur adapté à être exécuté sur un processeur et à
mettre en oeuvre les étapes de procédé selon l’une quelconque des revendications 1 à 11 lorsqu’il est implémenté
sur un dispositif informatique.

14. Produit-programme d’ordinateur comprenant des instructions exécutables destinées à mettre en oeuvre le procédé
selon l’une quelconque des revendications 1 à 11 lorsqu’il est exécuté sur un ordinateur.

15. Système de codage d’un signal audio, le système comprenant :

- des moyens de détermination d’une représentation spectrale du signal audio, les moyens de détermination
d’une représentation spectrale du signal audio étant configurés pour déterminer des coefficients d’une trans-
formée en cosinus discrets modifiée, MDCT ;
- des moyens de codage du signal audio à l’aide de la représentation spectrale déterminée ;
- des moyens de détermination d’un pseudo-spectre à partir des coefficients MDCT par moyennage de coeffi-
cients MDCT avec des coefficients MDCT adjacents ;
- des moyens de classification de parties du signal audio en parties de parole ou en parties autres que la parole
en fonction au moins en partie des valeurs du pseudo-spectre déterminé ; et
- des moyens de détermination d’une mesure d’intensité sonore pour le signal audio en fonction des parties de
parole.
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