I*I Innovation, Sciences et Innovation, Science and CA 3029033 C 2021/03/30

Développement économique Canada Economic Development Canada
Office de la Propriété Intellectuelle du Canada Canadian Intellectual Property Office (1 1)(21) 3 029 033
12y BREVET CANADIEN
CANADIAN PATENT
13 C
(22) Date de dépét/Filing Date: 2014/04/04 (51) CLInt./Int.Cl. G70L 19/032(2013.01),
(41) Mise a la disp. pub./Open to Public Insp.: 2014/10/09 G10L 19/026(2013.01), G10L 19/06(2013.01)
" . (72) Inventeurs/Inventors:
(45) Date de délivrance/lssue Date: 2021/03/30 VILLEMOES, LARS, SE:
(62) Demande originale/Original Application: 2 948 694 KLEJSA, JANUSZ, SE;
(30) Priorités/Priorities: 2013/04/05 (US61/808.675); HEDELIN, PER, SE
2013/09/09 (US61/875,553) (73) Propriétaire/Owner:

DOLBY INTERNATIONAL AB, NL
(74) Agent: SMART & BIGGAR LLP

(54) Titre : CODEUR ET DECODEUR AUDIO
(54) Title: AUDIO ENCODER AND DECODER

146'\

1 SOJ

163 14
35 ghis
alioc! Inverse Inv.
quantize scalirg Flatten
\ 1 5\ 116
112 145 115 3\ 147

(57) Abrégé/Abstract:
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Abstract

A method of flattening (i.e. to remove the spectral shape of) an audio signal is described. The
method comprises receiving, by an audio encoding device, audio data having a plurality of
modified discrete cosine transform bins including a current bin; determining, based at least in
part on energies of one or more modified discrete cosine transform (MDCT) bins indexed
before the current bin, estimated transform coefficients, wherein a count of the number of the
one or more MDCT bins is designated as a block offset parameter, the determining
comprising computing a spectral energy envelope of the current bin and the one or more
MDCT bins indexed before the first bin; flattening the current bin based on the estimated
transform coefficients, the flattening removing a spectral shape of the current bin according to
the spectral energy envelope; and providing the flattened bin to a downstream processing

device for additional processing
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Audio Encoder and Decoder

This application is a divisional of Canadian Patent Application No. 2,948,694 filed on
November 16, 2016, which is a divisional of Canadian National Phase Patent Application

No. 2,908,625 filed on April 4, 2014.

TECHNICAL FIELD
The present document relates an audio encoding and decoding system (referred to as an audio codec
system). In particular, the present document relates to a transform-based audio codec system which

is particularly well suited for voice encoding/decoding.

BACKGROUND

General purpose perceptual audio coders achieve relatively high coding gains by using transforms
such as the Modified Discrete Cosine Transform (MDCT) with block sizes of samples which cover
several tenths of milliseconds (e.g. 20 ms). An example for such a transform-based audio codec
system is Advanced Audio Coding (AAC) or High Efficiency (HE)-AAC. However, when using
such transform-based audio codec systems for voice signals, the quality of voice signals degrades
faster than that of musical signals towards lower bitrates, especially in the case of dry (non-
reverberant) speech signals.

Hence, transform-based audio codec systems are not inherently well suited for the coding of voice
signals or for the coding of audio signals comprising a voice component. In other words, transform-
based audio codec systems exhibit an asymmetry with regards to the coding gain achieved for
musical signals compared to the coding gain achieved for voice signals. This asymmetry may be
addressed by providing add-ons to transform-based coding, wherein the add-ons aim at an improved
spectral shaping or signal matching. Examples for such add-ons are pre/post shaping, Temporal
Noise Shaping (TNS) and Time Warped MDCT. Furthermore, this asymmetry may be addressed by
the incorporation of a classical time domain speech coder based on short term prediction filtering
(LPC) and long term prediction (LTP).

[t can be shown that the improvements obtained by providing add-ons to transform-based coding are
typically not sufficient to even out the performance gap between the coding of music signals and
speech signals. On the other hand, the incorporation of a classical time domain speech coder fills the
performance gap, however, to the extent that the performance asymmetry is reversed to the opposite
direction. This is due to the fact that classical time domain speech coders model the human speech

production system and have been optimized for the coding of speech signals.
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In view of the abave,’a transform-based audio codec may be used in combination with a
classical time domain speech codec, wherein the classical time domain speech codec is
used for speech segments of an audio signal and wherein the transform-based codec is
used for the remaining segments of the audio signal. However, the coexistence of a time
domain and a transform domain codec in a single audio codec system requires reliable
tools for switching between the different codecs, based on the properties of the audio
signal. In addition, the actual switching between a time domain codec (for speech
content) and a transform domain codec (for the remaining content) may be difficult to
implement. In particular, it may be difficult to ensure a smooth transition between the
time domain codec and the transform domain codec (and vice versa). Furthermore,
modifications to the time-domain codec may be required in order to make the time-
domain codec more robust for the unavoidable occasional encoding of non-speech
signals, for example for the encoding of a singing voice with instrumental background.
The present document addresses the above mentioned technical problems of audio codec
systems. In particular, the present document describes an audio codec system which
translates only the critical features of a speech codec and thereby achieves an even
performance for speech and music, while staying within the transform-based codec
architecture. In other words, the present document describes a transform-based audio

codec which is particularly well suited for the encoding of speech or voice signals.

SUMMARY

According to an aspect a transform-based speech encoder is described. The speech
encoder is configured to encode a speech signal into a bitstream. It should be noted that
in the following, various aspects of such a transform-based speech encoder are described.
It is explicitly pointed out that these aspects can be combined with one another in various
manners. In particular, the aspects described in dependence of different independent
claims can be combined with the other independent claims. Furthermare, the aspects
described in the context of an encoder are applicable in an analogous manner to the
corresponding decoder.

The speech encoder may comprise a framing unit configured to receive a set of blocks.
The set of blocks may correspond to the shifted set of blocks described in the detailed
description of the present document. Alternatively, the set of blocks may correspond to

the current set of blocks described in the detailed description of the present document.
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The set of blocks comprises a plurality of sequential blocks of transform coefficients, and
the plurality of sequential blocks is indicative of samples of the speech signal. In
particular, the set of blocks may comprise four or more blocks of transform coefficients.
A block of the plurality of sequential blocks may have been determined from the speech
signal using a transform unit which is configured to transform a pre-determined number
of samples of the speech signal from the time domain into the frequency domain. In
particular, the transform unit may be configured to perform a time domain to frequency
domain transform such as a Modified Discrete Cosine Transform (MDCT). As such, a
block of transform cocfficients may comprise a plurality of transform coefficients (also
referred to as frequency coefficients or spectral coefficients) for a corresponding plurality
of frequency bins. In particular, a block of transform coefficients may comprise MDCT
coefficients.

The number of frequency bins or the size of a block typically depends on the size of the
transform performed by the transform unit. In a preferred example, the blocks from the
plﬁrality of sequential blocks correspond to so-called short blocks, comprising e.g. 256
frequency bins. In addition to short blocks, the transform unit may be configured to
generate so-called long blocks, comprising e.g. 1024 frequency bins. The long blocks
may be used by an audio encoder to encode stationary segments of an input audio signal.
However, the plurality of sequential blocks used to encode the speech signal (or a speech
segment comprised within the input audio signal) may comprise only short blocks. In
particular, the blocks of transform coefficients may comprise 256 transform coefTicients
in 256 frequency bins.

In more general terms, the number of frequency bins or the size of a block may be such
that a block of transform coefficients covers in the range of 3 to 7 milliseconds of the
speech signal (e.g. Sms of the speech signal). The size of the block may be selected such
that the speech encoder may operate in sync with video frames encoded by a video
cncoder. The transform unit may be configured to generate blocks of transform
coefficients having a diffcrent number of frequency bins. By way of example, the
transform unit may be configured to generate blocks having 1920, 960, 480, 240, 120
frequency bins at 48 kHz sampling rate. The block size covering in the range of 3 to 7ms
of the speech signal may be used for the speech encoder. In the above example, the block

comprising 240 frequency bins may be used for the speech encoder.
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The speech encoder may further comprise an envelope estimation unit configured to
determine a current envclope based on the plurality of sequential blocks of transform
coefficients. The current envelope may be determined based on the plurality of sequential
blocks of the set of blocks. Additional blocks may be taken into account, e.g. blocks of a
set of block directly preceding the set of blocks. Alternatively or in addition, so called
look-ahead blocks may be taken into account. Overall, this may be beneficial for
providing continuity between succeeding sets of blocks. The current envelope may be
indicative of a plurality of spectral energy values for the corresponding phurality of
frequency bins. In other words, the current envelope may have the same dimension as
each block within the plurality of sequential blocks. In yet other words, a single current
envelope may be determined for a plurality of (i.e. for more than one) blocks of the
speech signal. This is advantageous in order to provide meaningful statistics regarding
the spectral data comprised within the plurality of sequential blocks.

The current envelope may be indicative of a plurality of spectral energy values for a
corresponding plurality of frequency bands. A frequency band may comprise one or more
frequency bins. In particular, one or more of the frequency bands may comprise more
than one frequency bin. The number of frequency bins per frequency band may increase
with increasing frequency. In other words, the number of frequency bins per frequency
band may depend on psychoacoustic considerations. The envelope estimation unit may
be configured to determine the spectral energy value for a particular frequency band
based on the transform coefficients of the plurality of sequential blocks falling within the
particular frequency band. In particular, the envelope estimation unit may be configured
to determine the spectral energy value for the particular frequency band based on a root
mean squared value of the transform coefficients of the plurality of sequential blocks
falling within the particular frequency band. As such, the current envelope may be
indicative of an average spectral envelope of the spectral envelopes of the plurality of
sequential blocks. Furthermore, the current envelope may have a banded frequency
resolution.

The speech encoder may further comprise an envelope interpolation unit configured to
determine a plurality of interpolated envclopes for the plurality of sequential blocks of
transform coefficients, respectively, based on the current envelope. In particular, the
plurality of interpolated envelopcs may be determined based on a quantized current

envelope, which is also available at a corresponding decoder. By doing this, it is ensured
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that the plurality of ifiterpolated envelopes may be determined in the same manner at the
speech encoder and at the corresponding speech decoder. Hence, the features of the
envelope interpolation unit described in the context of the speech decoder are also
applicable to the speech encoder, and vice versa. Overall, the envelope interpolation unit
may be configured to determine an approximation of the spectral envelope of each of the
plurality of sequential bocks (i.e. the interpolated envelope), based on the current
envelope.

The speech encoder may further comprise a flattening unit configured to determine a
plurality of blocks of flattened transform coefficients by flattening the corresponding
plurality of blocks of transform coefficients using the corresponding plurality of
interpolated envelopes, respectively. In particular, the interpolated envelope for a
particular block (or an envelope derived thereof) may be used to flatten, i.e. to remove
the spectral shape of, the transform coefficients comprised within the particular block. It
should be noted that this flattening process is different from a whitening operation
applied to the particular block of transform coefficients. That is, the flattened ransform
coefficients cannot be interpreted as the transform coefficients of a time domain
whitened signal as typically produced by the LPC (linear predictive coding) analysis of a
classical speech encoder. Only the aspect of creating a signal with a relatively flat power
spectrum is shared. However, the process of obtaining such a flat power spectrum is
different. As will be outlined in the present document, the use of an estimated spectral
envelope for flattening the block of transform coefficients is beneficial, because the
estimated spcctral envelope may be used for bit allocation purposes.

The transform-based speech encoder may further comprise an envelope gain
determination unit configured to determine a plurality of envelope gains for the plurality
of blocks of transform cocfficients, respectively. Furthermore, the transform-based
speech encoder may comprise an envelope refinement unit configured to determine a
plurality of adjusted envelopes by shifting the plurality of interpolated envelopes in
accordance to the plurality of envelope gains, respectively. The envelope gain
determination unit may be configured to determine a first envelope gain for a first block
of transform coefficients (from the plurality of sequential blocks), such that a variance of
the flatiened transform coefficients of a corresponding first block of flattened transform
coefficients derived using a first adjusted envelope is reduced compared to a variance of

the flattened transform coefficients of a corresponding first block of flattened transform
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coefficients derived using a first interpolated envelope. The first adjusted envelope may
be determined by shifting the first interpolated envelope using the first envelope gain.
The first interpolated envelope may be the interpolated envelope from the plurality of
interpolated envelopes for the first block of transform coefficients from the plurality of

blocks of transform coefficients.

In particular, the envelope gain determination unit may be configured to determine the
first envelope gain for the first block of transform coefficients, such that the variance of
the flattened transform coefficients of the corresponding first block of flattened transform
cocfticients derived using the first adjusted envelope is one. The flattening unit may be
configured to determine the plurality of blocks of flattened transform coefficients by
flattening the corresponding plurality of blocks of transform coefficients using the
corresponding plurality of adjusted envelopes, respectively. As a result, the blocks of

flattened transform coefficients may each have a variance one.

The envelope gain determination unit may be configured to insert gain data indicative of
the plurality of envelope gains into the bitstream. As a result, the corresponding deceder
is enabled to determine the plurality of adjusted envelopes in the same manner as the

encoder.

The speech encoder may be configured to determine the bitstream based on the plurality
of blocks of flattened transform cocfficients. In particular, the spcech encoder may be
configured to determine coefficient data based on the plurality of blocks of flattened
transform coefficients, wherein the coefficient data (s inserted into the bitstream.
Example means for determining the coefficient data based on the plurality of blocks of

flattened transform coefficicents are described below.

The transform-based speech encoder may comprise an envelope quantization unit
configured to determine a quantized current envelope by quantizing the current envelope.
Furthermore, the envelope quantization unit may be configured to insert envelope data
into the bitstrcam, wherein the envelope data is indicative of the quantized current
envelope. As a result, the corresponding decoder may be made aware of the quantized

current envelope by decoding the envelope data. The envelope interpolation unit may be
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configured to determine the plurality of interpolated envelopes, based on the quantized
current envelope. By doing this, it may be ensured that the encoder and the decoder are

configured to determine the same plurality of interpolated envelopes.

The transform-based speech encoder may be configured to operate in a plurality of
different modes. The different modes may comprise a short stride mode and a long stride
mode. The framing unit, .the envelope estimation unit and the envelope interpolation unit
may be configured to process the set of blocks comprising the plurality of sequential
blocks of transform coefficients, when the transform-based speech encoder is operated in
the short stride mode. Hence, when in the short stride mode, the encoder may be
configured to sub-divide a segment / frame of an audio signal into a sequence of
sequential blocks, which are processed by the encoder in a sequential manner.

On the other hand, the framing unit, the envelope estimation unit and the envelope
iﬁterpolation unit may be configured to process a set of blocks comprising only a single
block of transform coefficients, when the transform-based speech encoder is operated in
the long stride mode. Hence, when in the long stride mode, the encoder may be
configured to process a complete segment / frame of the audio signal, without sub-
division into blocks. This may be beneficial for short segments / frames of an audio
signal, and/or for music signals. When in the long stride mode, the envelope estimation
unit may be configured to determine a current envelope of the single block of transform
coefficients comprised within the set of blocks. The envclope interpolation unit may be
configured to determine an interpolated envelope for the single block of transform
coefficients as the current envelope of the single block of transform coefficients. In other
words, the envelope interpolation described in the present document may be bypassed,
when in the long stride mode, and the current envelope of the single block may be set to
be the interpolated envelope (for further processing).

According to another aspect, a transform-bascd speech decoder configured to decode a
bitstream to provide a reconstructed speech signal is described. As already indicated
above, the decoder may comprise components which are analogous to the components of
corresponding encoder, The decoder may comprise an envelope decoding unit configured
to determine a quantized current envelope from the envelope data comprised within the
bitstream. As indicated above, the quantized current cnvelope is typically indicative of a

plurality of spectral energy values for a corresponding plurality of frequency bins of
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frequency bands. Furt'hcrmor'c, the bitstrcam may comprise data (e.g. the coefficient data)
indicative of a plurality of sequential blocks of reconstructed flattened transform
coefficients. The plurality of sequential blocks of reconstructed flattened transform
coefficients is typically associated with the corresponding plurality of sequential blocks
of flattened transform coefficients at the encoder. The plurality of sequential blocks may
correspond to the plurality of sequential blocks of a set of blocks, e.g. of the shifted set of
blocks described below. A block of reconstructed flattened transform coefficients may
comprise a plurality of reconstructed flattened transform coefficients for the
cdrresponding plurality of frequency bins.

The decoder may further comprise an envelope interpolation unit configured to determine
a plurality of interpolated envelopes for the plurality of blocks of reconstructed flattened
transform coefficients, respectively, based on the quantized current envelope. The
envelope interpolation unit of the decoder typically operates in the same manner as the
envelope interpolation unit of the encoder. The envelope interpolation unit may be
configured to determine the plurality of interpolated envelopes further based on a
quantized previous envelope. The quantized previous envelope may be associated with a
plurality of previous blocks of reconstructed transform coefficients, directly preceding
the plurality of blocks of reconstructed transform coefficients. As such, the quantized
previous envelope may have been received by the decoder as envelope data for a
previous set of blocks of transform coefficients (e.g. in case of a so-called P-frame).
Alternatively or in addition, the envelope data for the set of blocks may be indicative of
the quantized previous envelope in addition to being indicative of the quantized current
envelope (e.g. in casc of a so-called I-frame). This enables the I-frame to be decoded
withaut knowledge of previous data.

The envelope interpolation unit may be configured to determine a spectral energy value
for a particular frequency bin of a first interpolated envelope by interpolating the spectraf
energy values for the particular frequency bin of the quantized current envelope and of
the quantized prcvious envelope at a first intermediate time instant. The first interpolated
envelope is associated with or corresponds to a first block of the plurality of sequential
blocks of reconstructed flattened transform coefficients. As outlined above, the quantized
previous and current envelopes are typically banded envelopes. The spectral energy
values for a particular frequency band arc typically constant for all frequency bins

comprised within the frequency band.
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The envelope interpolation unit may be configured to determine the spectral energy value
for the particular frequency bin of the first interpolated envelope by quantizing the
interpolation between the spectral energy values for the particular frequency bin of the
quantized current envelope and of the quantized previous envelope. As such, the plurality
of interpolated envelopes may be quantized interpolated envelopes.

The envelope interpolation unit may be configured to determine a spectral energy value
for the particular frequency bin of a second interpolated envelope by interpolating the
spectral energy values for the particular frequency bin of the quantized current envelope
and of the quantized previous envelope at a second intermediate time instant, The second
interpolated envelope may be associated with or may correspond to a second block of the
plurality of blocks of reconstructed flattened transform coefficients. The second block of
reconstructed flattened transform coefficients may be subsequent to the first block of
reconstructed flattened transform coefficients and the second intermediate time instant
may be subsequent to the first intermediate time instant. In particular, a difference
between the second intermediate time instant and the first intermediate time instant may
correspond to a time interval between the second block of reconstructed flattened
transform coefficients and the first block of reconstructed flattened transform
coefficients.

The envelope interpolation unit may be configured to perform one or more of: a linear
interpolation, a geometric interpolation, and a harmonic interpolation. Furthermore, the
envelope interpolation unit may be configured to perform the interpolation in a logarithm
domain.

Furthermore, the decoder may comprise an inverse flattening unit configured to
determine a plurality of blocks of reconstructed transform coefficients by providing the
corresponding plurahity of blocks of reconstructed flattened transform coefficients with a
spectral shape, using the corresponding plurality of interpolated envelopes, respectively.
As indicated above, the bitstream may be indicative of a plurality of envelope gains
(within the gain data) for the plurality of blocks of reconstructed flattened transform
coefficients, respectively. The transform-based speech decoder may further comprise an
envelope refinement unit configured to determine a plurality of adjusted envelopes by
applying the plurality of envelope gains to the plurality of interpolated envelopes,
respectively. The inverse flattening unit may be configured to determine the plurality of

blocks of reconstructed transform coctficients by providing the corresponding plurality
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of blocks of reconstructed flattened transform coefficients with a spectral shape, using
the corresponding plurality of adjusted envelopes, respectively.

The decoder may be configured to determine the reconstructed speech signal based on
the plurality of blocks of reconstructed transform coefficients.

According to another aspect, a transform-based speech encoder configured to encode a
speech signal into a bitstream is described. The encoder may comprise any of the encoder
related features and/or components described in the present document. In particular, the
encoder may comprise a framing unit configured to receive a plurality of sequential
blocks of transform coefficients. The plurality of sequential blocks comprises a current
block and one or more previous blocks. As indicated above, the plurality of sequential
blocks is indicative of samples of the speech signal.

Furthermore, the encoder may comprise a flattening unit configured to determine a
current block and one or more previous blocks of flattened transform coefficients by
flattening the corresponding current block and the one or more previous blocks of
transform coefficients using a corresponding current block envelope and corresponding
one or more previous block envelopes, respectively. The block envelopes may
correspond to the above mentioned adjusted envelopes.

In addition, the encoder comprises a predictor configured to determine a current block of
estimated flattened transform coefficients based on one or more previous blocks of
reconstructed transform coefficients and based on one or more predictor parameters. The
one or more previous blocks of reconstructed transform coefficients may have been
derived from the one or more previous blocks of flattened transform coefficients,
respectively (e.g. using the predictor).

The predictor may comprise an extractor configured to determine a current block of
estimated transform coefficients based on the one or more previous blocks of
reconstructed transform coefficients and based ou the one or more predictor parameters.
As such, the extractor may operate in the un-flattened domain (i.e. the extractor may
operate on blocks of transform cocfficients having a spectral shape). This may be
beneficial with regards to a signal model used by the extractor for determining the
current block of estimated transform coefficients.

Furthermore, the predictor may comprise a spectral shaper configured to determine the
current block of estimated flattened transform cocfficients based on the current block of

estimated transform coefficients, based on at least onc of the one or more previous block
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envelopes and based on at least one of the one or more predictor parameters. As such, the
spectral shaper may be configured to convert the current block of estimated transform
coefficients into the flattened domain to provide the current block of estimated flattened
transform coefficients. As outlined in the context of the corresponding decoder, the
spectral shaper may make use of the plurality of adjusted envelopes (or the plurality of
block envelopes) for this purpose.

As indicated above, the predictor (in particular, the extractor) may comprise a model-
based predictor using a signal model. The signal model may comprise one or more model
parameters, and the one or more predictor parameters may be indicative of the one or
more model parameters. The use of a model-based predictor may be beneficial for
providing bit-rate efficient means for describing the prediction coefficients used by the
subband (or frequency bin)-predictor. In particular, it may be possible to determine a
complete set of prediction coefficients using only a few model parameters, which may be
transmitted as predictor data to the corresponding decoder in a bit-rate cfficient manner.
As such, the model-bascd predictor may be configured to determine the one or more
model parameters of the signal model (e.g. using a Durbin-Levinson algorithm).
Furthermore, the model-based predictor may be configured to determine a prediction
coefficient to be applied to a first reconstructed transform coefficient in a first frequency
bin of a previous block of reconstructed transform coefficients, based on the signal model
and based on the one or more model parameters . In particular, a plurality of prediction
coefficients for a plurality of reconstructed transform coefficients may be determined. By
doing this, an estimate of a first estimated transform coefficient in the first frequency bin
of the current block of estimated transform coefficients may be determined by applying
the prediction coefficient to the first reconstructed transform coefficient. In particular, by
doing this, the estimated transform coefficients of the current block of estimated
transform coefficients may be determined.

By way of example, the signal model may comprise one or more sinusoidal model
components and the one or more model parameters may be indicative of a frequency of
the one or more sinusoidal model components. In particular, the one or more model
paramcters may be indicative of a fundamental frequency of a multi-sinusoidal signal
model. Such a fundamental frequency may correspond to a delay in the time domain.

The predictor may be configured to determine the one or more predictor parameters such

that a mean squarc value of the prediction error cocfficients of the current block of
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prediction error coefficients is reduced (e.g. minimized). This may be achieved using ¢.g.
a Durbin-Levinson algorithm. The predictor may be configured to insert predictor data
indicative of the one or more predictor parameters into the bitstream. As a result, the
corresponding decoder is enabled to determine the current block of estimated flattened
transform coefficients in the same manner as the encoder.

Furthermore, the encoder may comprise a difference unit configured to determine a
current block of prediction error coefficients based on the current block of flattened
transform coefficients and based on the current block of estimated flattened transform
coefficients. The bitstream may be determined based on the current block of prediction
error coefficients. In particular, the cocfficient data of the bitstream may be indicative of
the current block of prediction error coefficients.

According to a further aspect, a transform-based speech decoder configured to decode a
bitstream to provide a reconstructed speech signal is described. The decoder may
comprise any of the decoder related features and/or components described in the present
document. In particular, the decoder may comprise a predictor configured to determine a
current block of estimated flattened transform coefficients based en one or more previous
blocks of reconstructed transform coefficients and based on one or more predictor
parameters derived from (the predictor data of) the bitstream. As outlined in the context
of the corresponding encoder, the predictor may comprise an extractor configured to
determine a current block of estimated transform coefficients based on at least one of the
one or more previous blocks of reconstructed transform coefficients and based on at least
one of the one or more predictor parameters. Furthermore, the predictor may comprise a
spectral shaper configured to determine the current block of estimated flattened transform
coefficients based on the current block of estimated transform coefficients, based on one
or more previous block envelopes (e.g. the previous adjusted envelopes) and based on the
one or more predictor parameters.

The one or more predictor parameters may comprise a block lag parameter T. The block
lag parameter may be indicative of a number of blocks preceding the current block of
estimated flattened transform coefficicnts. In particular, the block lag parameter T may
be indicative of a periodicity of the spcech signal. As such, the block lag parameter 7
may indicate which one or more of the previous blocks of reconstructed transform
coefficients are (most) similar to the current block of transform coefficients, and may

therefore be used to predict the current block of transform coefficients, 1.e. may be used
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to determine the current block of estimated transform coefficients.

The spectral shaper may be configured to flatten the current block of estimated transform
coefficients using a current estimated envelope. Furthermore, the spectral shaper may be
configured to determine the current estimated envelope based on at least one of the one
or more previous block envelopes and based on the block lag parameter. In particular, the
spectral shaper may be configured to determine an integer lag value T, based on the
block lag parameter T. The integer lag value Ty may be determined by rounding the block
lag parameter T to the closest integer. Furthermore, the spectral shaper may be
configured to determine the current estimated envelope as the previous block envelope
(e.g. the previous adjusted envelope) of the previous block of reconstructed transform
coefficients preceding the current block of estimated flattened transform coefficients by a
number of blocks corresponding to the integer lag value. It should be noted that the
features described for the spectral shaper of the decoder are also applicable to the spectral
shaper of the encoder.

The extractor may be configured to determine a current block of estimated transform
cocfticients based on at least one of the one or more previous blocks of reconstructed
transform coefficients and based on the block lag parameter 7. For this purpose, the
extractor may make use of a model-based predictor, as outlined in the context of the
corresponding encoder. In this context, the block lag parameter T may be indicative of a
fundamental frequency of a multi-sinusoidal model.

Furthermore, the speech decoder may comprise a spectrum decoder configured to
determine a current block of quantized prediction error coefficients based on coefficient
data comprised within the bitstream. For this purpose, the spectrum decoder may make
use of inverse quantizers as described in the present document. [n addition, the speech
decoder may comprise an adding unit configured to determine a current block of
reconstructed flattened transform coefficients based on the current block of estimated
flattened transform coefficients and based on the current block of quantized prediction
error coefficients. In addition, the speech decoder may comprise an inverse flattening
unit configured to determine a current block of reconstructed transform coefficients by
providing the current block of reconstructed flattened transform coefficients with a
spectral shape, using a current block envelope. Furthermore, the flattening unit may be
configured to determine the one or more previous blocks of reconstructed transform

coefficients by providing one or more previous blocks of reconstructed flattened
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transform coefficients with a‘spectral shape, using the one or more previous block
envelopes (e.g. the previous adjusted envelopes), respectively. The speech decoder may
be configured to determine the reconstructed speech signal based on the current and on
the one or more previous blocks of reconstructed transform coefficients.

The transform-based speech decoder may comprise an envelope buffer configured to
store one or more previous block envelopes. The spectral shaper may be configured to
determine the integer lag value Ty by limiting the integer lag value Tyto a number of
previous block envelopes stored within the envelope buffer. The number of previous
block envelopes which are stored within the envelope buffer may vary (e.g. at the
beginning of an I-frame). The spectral shaper may be configured to determine the
number of previous envelopes which are stored in the envelope buffer and limit the
integer lag value Ty accordingly. By doing this, erroneous envelope loop-ups may be
avoided.

The spectral shaper may be configured to flatten the current block of estimated transform
coefTicients, such that, prior to application of the one or more predictor parameters
(notably prior to application of the predictor gain), the current block of flattened
estimated transform coefficients exhibits unit variance (e.g. in some or all of the
frequency bands). For this purpose, the bitstream may comprise a variance gain
parameter and the spectral shaper may be configured to apply the variance gain
parameter to the current block of estimated transform coefficients. This may be beneficial
with regards to the quality of prediction.

According to a further aspect, a transform-based speech encoder configured to encode a
speech signal into a bitstream is described. As already indicated above, the encoder may
comprise any of the encoder related featurcs and/or components described in the present
document. In particular, the encoder may comprise a framing unit configured to receive a
plurality of sequential blocks of transform coefficients. The plurality of sequential blocks
compriscs a current block and one or more previous blocks. Furthermore, the plurality of
sequential blocks is indicative of samples of the speech signal.

In addition, the speech encoder may comprise a flattening unit configured to determine a
current block of flattened transform coefficients by flattening the corresponding current
block of transform coefficients using a corresponding current block envelope (e.g. the
corresponding adjusted envelope). Furthermore, the speech encoder may comprise a

predictor configured to determine a current block of estimated flattencd transform
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coefficients based on one or xilore previous blocks of reconstructed transform coefficients
and based on one or more predictor parameters (comprising ¢.g. a predictor gain). As
outlined above, the one or more previous blocks of reconstructed transform coefficients
may have been derived from the one or more previous blocks of transform coefficients.
In addition, the speech encoder may comprise a difference unit configured to determine a
current block of prediction error coefficients based on the current block of flattencd
transform coefficients and based on the current block of estimated flattened transform
coefficients.

The predictor may be configured to determine the current block of estimated flattened
transform cocfticients using a weighted mean squared error criterion (e.g. by minimizing
a weighted mean squared error criterion). The weighted mean squared error criterion may
take into account the current block envelope or some predefined function of the current
block envelope as weights. In the present document, various different ways for
determining the predictor gain using a weighted means squared error criterion are
described.

Furthermore, the speech encoder may comprise a coefficient quantization unit configured
to quantize coefficients derived from the current block of prediction error cocfficients,
using a set of pre-determined quantizers. The coefficient quantization unit may be
configured to determine the set of pre-determined quantizers in dependence of at least
one of the one or more predictor parameters. This means that the performance of the
predictor may have an impact on the quantizers used by the coefficient quantization unit.
The coefficicnt quantization unit may be configured to determine coefficient data for the
bitstream based on the quantized coefficients. As such, the coefficient data may be
indicative of a quantized version of the current block of prediction error coefficients.

The transform-bascd speech encoder may further comprise a scaling unit configured to
determine a current block of rescaled error coefficients based on the current block of
prediction error coefficients using one or more scaling rules. The current block of
rescaled error coefficient may be determined such and/or the one or more scaling rules
may be such that in average a variance of the rescaled error coefficients of the current
block of rescaled error cocfficients is higher than a variance of the prediction error
coefficients of the current block of prediction error coefficients. In particular, the one or
more scaling rules may be such that the variance of the prediction error coefficients is

closer to unity for all frequency bins or frequency bands. The cocfficient quantization
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unit may be configured to qﬁantize the rescaled error coefficients of the current block of
rescaled error coefficients, to provide the coefficient data.

The current block of prediction error coefficients typically comprises a plurality of
prediction error coefficients for the corresponding plurality of frequency bins. The
scaling gains which are applied by the scaling unit to the prediction error coefficients in
accordance to the scaling rule may be dependent on the frequency bins of the respective
prediction error coefficients. Furthermore, the scaling rule may be dependent on the one
or more predictor parameters, e.g. on the predictor gain. Alternatively or in addition, the
scaling rule may be dependent on the current block envelope. In the present document,
various different ways for determining a frequency bin — dependent scaling rule are
described.

The transform-based speech encoder may further comprise a bit allocation unit
configured to determine an allocation vector based on the current block envelope. The
allocation vector may be indicative of a first quantizer from the set of pre-determined
quantizers to be used to quantize a first coefficient derived from the current block of
prediction crror coefficients. In particular, the allocation vector may be indicative of
quantizers to be used for quantizing all of'the coefficients derived from the current block
of prediction error coefficients, respectively. By way of example, the allocation vector
may be indicative of a different quantizer to be used for each frequency band.

The bit allocation unit may be configured to determine the allocation vector such that the
cocfficient data for the current block of prediction error coefficients does not exceed a
pre-determined number of bits. Furthermore, the bit allocation unit may be configured to
determine an offset value indicative of an offset to be applied to an allocation envelope
derived from the current block envelope (e.g. derived from the current adjusted
envelope). The offset value may be included into the bitstream to enable the
corresponding decoder to identify the quantizers which have been used to determine the
coefficient data.According to another aspect, a transform-based speech decoder
configured to decode a bitstream to provide a reconstructed speech signal is described.
The specch decoder may comprise any of the features and/or components described in
the present document. In particular, the decoder may comprise a predictor configured to
determine a current block of estimated flattened transform coefficients based on one or
morc previous blocks of reconstructed transform coefficients and based on one or more

predictor parameters derived from the bitstream. Furthermore, the speech decoder may
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comprise a spectrum aecodcr.conﬁgured to determine a current block of quantized
prediction error coefficients (or a rescaled version thereof) based on coefficient data
comprised within the bitstream, using a set of pre-determined quantizers. In particular,
the spectrum decoder may make use of a set of pre-determined inverse quantizers
corresponding to the set of pre-determined quantizers used by the corresponding speech
encoder.

The spectrum decoder may be configured to determine the set of pre-determined
quantizers (and/or the corresponding set of pre-determined inverse quantizers) in
dependence of the one or more predictor parameters. In particular, the spectrum decoder
may perform the same selection process for the set of pre-determined quantizers as the
coefficient quantization unit of the corresponding speech encoder. By making the set of
pre-determined quantizers dependent on the one or more predictor parameters, the
perceptual quality of the reconstructed speech signal may be improved.

The set of pre-determined quantizers may comprise diffcrent quantizers with different
signal to noise ratios (and different associated bit-rates). Furthermore, the set of pre-
determined quantizers may comprise at least one dithered quantizer. The one or more
predictor parameters may comprise a predictor gain g. The predictor gain g may be
indicative of a degree of relevance of the one or more previous blocks of reconstructed
transform coefficients for the current block of reconstructed transform cocfficients. As
such, the predictor gain g may provide an indication of the amount of information
comprised within the current block of prediction error coefficients. A relatively high
predictor gain g may be indicative of a relative low amount of information, and vice
versa. A number of dithered quantizers comprised within the set of pre-determined
quantizers may depend on the predictor gain. In particular, the number of dithered
quantizers comprised within the set of pre-determined quantizers may decrease with
increasing predictor gain.

The spectrurn decoder may have access to a first set and a second set of pre-determined
quantizers. The second set may comprise a lower number of dithered quantizers than the
first set of quantizers. The spectrum decoder may be configured to determine a set
criterion rfu based on the predictor gain g. The spectrum decoder may be configured to
usc the first set of pre-detcrmined quantizers if the set criterion rfu is smaller than a pre-
determined threshold. Furthermore, the spectrum decoder may be configured to use the

sccond set of pre-determined quantizers if the set criterion rfu is greater than or cqual to
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the pre-determined thi'eshold.‘ The set criterion may be rfu = min(1, max(g,0)), where
the predictor gain 1s g. This set criterion rfu takes on values greater than or equal to zero
and smaller than or equal to one. The pre-determined threshold may be 0.75.

As indicated above, the set criterion may depend on the predetermined control parameter,
rfu. In an altemative example, the control parameter rfu may be determined using the
following conditions: rfu = 1.0 forg < —1.0;rfu = —gfor—1.0 < g < 0.0;rfu=g
for0.0 < g < 1.0;rfu =2.0—g for 1.0 £ g < 2.0; and/or rfu = 0.0 for g = 2.0.
Furthermore, the speech decoder may comprise an adding unit configured to determine a
current block of reconstructed flattened transform coefficients based on the current block
of estimated flattened transform coefficients and based on the current block of quantized
prediction error coefficients. Furthermore, the speech decoder may comprise an inverse
flattening unit configured to determine a current block of reconstructed transform
cocfficients by providing the current block of reconstructed flattened transform
coefficients with a spectral shape, using a current block envelope. The reconstructed
speech signal may be determined based on the current block of reconstructed transform
coefficients (e.g. using an inverse transform unit).

The transform-based speech decoder may comprise an inverse rescaling unit configured
to rescale the quantized prediction error coefficients of the current block of quantized
prediction error coefficients using an inverse scaling rule, to provide a current block of
rescaled prediction error coetlicients. Scaling gains which arc applied by the inverse
scaling unit to the quantized prediction error coefficients in accordance to the inverse
scaling rule may be dependent on frequency bins of the respective quantized prediction
error cocfficients. In other words, the inverse scaling rule may be frequency-dependent,
1.¢. the scaling gains may dependent on the frequency. The inverse scaling rule may be
configured to adjust the variance of the quantized prediction error coefficients for the
different frequency bins.

The inverse scaling rule is typically the inverse of the scaling rule applied by the scaling
unit of the comresponding transform-based specch encoder. Hence, the aspects, which are
described herein with regards to the determination and the properties of the scaling rule,
are also applicable (in an analogous manner) for the inverse scaling rule.

The adding unit may then be configured to determine the current block of reconstructed
flattened transform coefficients by adding the current block of rescaled prediction error

coefficients to the current block of estimated flattened transform coefficients.
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The one or more control parameters may comprise a variance preservation flag. The
variance preservation flag may be indicative of how a variance of the current block of
quantized prediction error coefficients is to be shaped. In other words, the variance
preservation flag may be indicative of processing to be performed by the decoder, which
has an impact on the variance of the current block of quantized prediction error
coefficients.

By way of example, the set of pre-determined quantizers may be determined in
dependence of the variance preservation flag. In particular, the set of pre-determined
quantizers may comprise a noise synthesis quantizer. A noise gain of the noise synthesis
quantizer may be dependent on the variance preservation flag. Alternatively or in
addition, the set of pre-determined quantizers comprises one or more dithered quantizers
covering an SNR range. The SNR range may be determined in dependence on the
variance preservation flag. At least one of the one or more dithered quantizer may be
configured to apply a post-gain y, when determining a quantized prediction error
cocfﬁcicnt. The post-gain y may be dependent on the variance preservation flag.

The transform-based speech decoder may comprises an inverse rescaling unit configured
to rescale the quantized prediction error coefficients of the current block of quantized
prediction error coefficients, to provide a current block of rescaled prediction error
coefficients. The adding unit may be configured to determine the current block of
reconstructed flattened transform coefficients either by adding the current block of
rescaled prediction error coefficients or by adding the current block of quantized
prediction error coefficients to the current block of estimated flattened transform
coefficients, depending on the variance preservation flag,

The variance preservation flag may be used to adapt the degree of noisiness of the
quantizers to the quality of the prediction. As a result of this, the perceptual quality of the
codec may be improved.

According to another aspect, a transform-based audio encoder is described. The audio
encoder is configured to encode an audio signal comprising a first segment (c.g. a specch
segment) into a bitstream, In particular, the audio encoder may be configured to encode
one or more speech segments of the audio signal using a transform-based speech
encoder. Furthermore, the audio encoder may be configured to encode one or more non-

speech segments of the audio signal using a generic transform-based audio encoder.
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The audio encoder may comprise a signal classifier configured to identify the first
segment (e.g. the speech segment) from the audio signal. In more general terms, the
signal classifier may be configured to determine a segment from the audio signal which
is to be encoded by a transform-based speech encoder. The determined first segment may
be referred to as a speech segment (even though the segment may not necessarily
comprise actual speech). In particular, the signal classifier may be configured to classify
different segments (e.g. frames or blocks) of the audio signal into speech or non-speech.
As outlined above, a block of transform cocfficients may comprise a plurality of
transform coefficients for a corresponding plurality of frequency bins. Furthermore, the
audio encoder may comprise a transform unit configured to determine a plurality of
sequential blocks of transform coefficients based on the first segment. The transform unit
may be configured to transform speech segments and non-speech segments.

The transform unit may be configured to determine long blocks comprising a first
number of transform coefficients and short blocks comprising a second number of
transform coefficients. The first number of samples may be greater than the second
number of samples. In particular, the first number of samples may be 1024 and the
second number of samples may be 256. The blocks of the plurality of sequential blocks
may be short blocks. In particular, the audio encoder may be configured to transform all
segments of the audio signal, which have been classified to be speech, into short blocks.
Furthermore, the audio encoder may comprisc a transform-based speech encoder (as
described in the present document) configured to encode the plurality of sequential
blocks into the bitstream. In addition, the audio encoder may comprise a generic
transform-based audio encoder configured to encode a segment of the audio signal other
than the first segment (¢.g. a non-speech segment). The generic transform-based audio
encoder may be an AAC (Advanced Audio Coder) or an HE (High Efficiency)-AAC
encoder. As already outlined above, the transform unit may be configured to perform an
MDCT. As such, the audio encoder may be configured to encode the complete input
audio signal (comprising speech segments and non-speech segments) in the transform
domain (using a single transform unit).

According to another aspect, a corresponding transform-based audio decoder configured
to decodc a bitstream indicative of an audio signal comprising a speech segment (i.c. a
segment which has been encoded using a transform-based speech encoder) is described.

The audio decoder may comprise a transform-based specch decoder configured to
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determine a plurality of sequential blocks of reconstructed transform coefficients based
on data (e.g. the envelope data, the gain data, the predictor data and the coefficient data)
comprised within the bitstream. Furthermore, the bitstream may indicate that the received

data is to be decoded using a speech decoder.

" In addition, the audio decoder may comprise an inverse transform unit configured to

determine a reconstructed speech segment based on the plurality of sequential blocks of
reconstructed transform coefficients. A block of reconstructed transform coefficients may
comprise a plurality of reconstructed transform coefficients for a corresponding plurality
of frequency bins. The inverse transform unit may be configured to process long blocks
comprising a first number of reconstructed transform coefficients and short blocks
comprising a second number of reconstructed transform coefficients. The first number of
samples may be greater than the second number of samples. The blocks of the plurality
of sequential blocks may be short blocks.

According to a further aspect, a method for encoding a speech signal into a bitstream is
described. The method may comprise receiving a set of blocks. The set of blocks may
comprise a plurality of sequential blocks of transform coefficients. The plurality of
sequential blocks may be indicative of samples of the speech signal. Furthermore, a block
of transform coefficients may comprise a plurality of transform coefficients for a
corresponding plurality of frequency bins. The method may proceed in determining a
current envelope based on the plurality of sequential blocks of transform coefficients.
The current envelope may be indicative of a plurality of spectral energy values for the
corresponding plurality of frequency bins. Furthermore, the method may comprise
determining a plurality of interpolated envelopes for the plurality of blocks of transform
coefficients, respectively, based on the current envelope. In addition, the method may
comprise determining a plurality of blocks of flattened transform coefficients by
flattening the corresponding plurality of blocks of transform coefficients using the
corresponding plurality of interpolated envclopes, respectively. The bitstream may be
determined based on the plurahty of blocks of flattened transform coecfficients.
According to another aspect, a method for decoding a bitstream to provide a
reconstructed speech signal is described. The method may comprise determining a
quantized current cavelope from envelope data comprised within the bitstream. The
quantized current envelope may be indicative of a plurality of spectral energy values for

a corresponding plurality of frequency bins. The bitstream may comprise data (e.g. the
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coefficient data and/or predictor data) indicative of a plurality of sequential blocks of
reconstructed flattened transform coefficients. A block of reconstructed flattened
transform coefficients may comprise a plurality of reconstructed flattened transform
coefficients for the corresponding plurality of frequency bins. Furthermore, the method
may comprise determining a plurality of interpolated envelopes for the plurality of blocks
of reconstructed flattened transform coefficients, respectively, based on the quantized
current envelope. The method may proceed in determining a plurality of blocks of
reconstructed transform coefficients by providing the corresponding plurality of blocks
of reconstructed flattened transform coefficients with a spectral shape, using the
corresponding plurality of interpolated envelopes, respectively. The reconstructed speech
signal may be based on the plurality of blocks of reconstructed transform coefficients.
According to another aspect, a method for encoding a speech signal into a bitstrcam is
described. The method may comprise receiving a plurality of sequential blocks of
transform coefficients comprising a current block and one or more previous blocks. The
plurality of sequential blocks may be indicative of samples of the speech signal. The
method may proceed in determining a current block and one or more previous blocks of
flattened transform coefficients by flattening the corresponding current block and the
corresponding one or more previous blocks of transform coefficients using a
corresponding current block envelope and corresponding one or more previous block
envelopes, respectively.

Furthermore, the method may comprise determining a current block of estimated
flattened transform coefficients based on one or more previous blocks of reconstructed
transform coefficicnts and bascd on a predictor parameter. This may be achieved using
prediction techniques. The one or more previous blocks of reconstructed transform
coefficients may have been derived from the one or more previous blocks of flattened
transform coefficients, respectively. The step of determining the current block of
estimated flattened transform coefficients may comprise determining a current block of
estimated transform coefficients based on the one or more previous blocks of
reconstructed transform coefficients and based on the predictor parameter, and
determining the current block of estimated flattened transform coefficients based on the
current block of estimated transform cocfficicnts, based on the one or more previous

block envelopes and based on the predictor parameter.
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Furthermore, the method may comprise determining a current block of prediction error
coefficients based on the current block of flattened transform coefficients and based on
the current block of estimated flattened transform coefficients. The bitstreamn may be
determined based on the current block of prediction error coefficients.

According to a further aspect, a method for decoding a bitstream to provide a
reconstructed speech signal is described. The method may comprise determining a
current block of estimated flattened transform coefficients based on one or more previous
blocks of reconstructed transform coefficients and based on a predictor parameter derived
from the bitstream. The step of determining the current block of estimated flattencd
transform coefficients may comprise determining a current block of estimated transform
cbefﬁcients based on the one or more previous blocks of reconstructed transform
coefficients and based on the predictor parameter; and determining the current block of
estimated flattened transform cocfficients based on the current block of estimated
transform coefficients, based on one or more previous block envelopes and based on the
predictor parameter.

Furthermore the method may comprise determining a current block of quantized
prediction error coefficients based on coefficient data comprised within the bitstream.
The method may proceed in determining a current block of reconstructed flattened
transform coefticients based on the current block of estimated flattened transform
cocfficients and bascd on the current block of quantized prediction error coefficients. A
current block of reconstructed transform coefficients may be determined by providing the
current block of reconstructed flattened transform coefficients with a spectral shape,
using a current block envclope (e.g. the current adjusted envelope). Furthermore, the one
or more previous blocks of reconstructed transform coefficients may be determined by
providing onc or more previous blocks of reconstructed flattened transform coefficients
with a spectral shape, using the one or more previous block envelopes (e.g. the onc or
more previous adjusted envelopes), respectively. In addition, the method may comprise
determining the reconstructed speech signal based on the current and the one or more
previous blocks of reconstructed transform coefficients.

According to a further aspect, a method for encoding a speech signal into a bitstream is
described. The method may comprise receiving a plurality of sequential blocks of
transform coefficients comprising a current block and one or morc prévious blocks. The

plurality of scquential blocks may be indicative of samples of the speech signal.
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Furthermore, the method may comprise determining a current block of estimated
transform coefficients based on one or more previous blocks of reconstructed transform
coefficients and based on a predictor parameter. The one or more previous blocks of
reconstructed transform coefficients may have been derived from the one or more
previous blocks of transform coefficients. The method may proceed in determining a
current block of prediction error coefficients based on the current block of transform
coefficients and based on the current block of estimated transform coefficients.
Furthermore, the method may comprise quantizing coefficients derived from the current
block of prediction error cocfficients, using a set of pre-determined quantizers. The set of
pre-determined quantizers may be dependent on the predictor parameter. Furthermore,
the method may comprise determining coefficient data for the bitstream based on the
quantized coefficients.

According to another aspect, a method for decoding a bitstream to provide a
reconstructed speech signal is described. The method may comprise determining a
current block of estimated transform coefficients based on one or more previous blocks
of reconstructed transform coefficients and based on a predictor parameter derived from
the bitstream. Furthermore, the method may comprise determining a current block of
quantized prediction error coefficients based on coefficient data comprised within the
bitstream, using a set of pre-determined quantizers. The set of pre-determined quantizers
may be a function of the predictor parameter. The method may proceed in determining a
current block of reconstructed transform cocfficients based on the current block of
estimated transform coefficients and based on the current block of quantized prediction
error coefficients. The reconstructed speech signal may be determined based on the
current block of reconstructed transform coefficients.

According to further aspcct, a method for encoding an audio signal comprising a speech
segment into a bitstream is described. The method may comprise identifying the speech
segment from the audio signal. Furthermore, the method may comprise determining a
plurality of sequential blocks of transform coefficients based on the speech segment,
using a transform unit. The transform unit may be configured to dctermine long blocks
comprising a first number of transform coefficients and short blocks comprising a second
number of transform coefficicnts. The first number may be greater than the second
number. The blocks of the plurality of sequential blocks may be short blocks. In addition,

the method may comprise encoding the plurality of sequential blocks into the bitstream.
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According to another aspect, a method for decoding a bitstream indicative of an audio signal
comprising a speech segment is described. The method may comprise determining a plurality of
sequential blocks of reconstructed transform coefficients based on data comprised within the
bitstream. Furthermore, the method may comprise determining a reconstructed speech segment
based on the plurality of sequential blocks of reconstructed transform coefficients, using an
inverse transform unit. The inverse transform unit may be configured to process long blocks
comprising a first number of reconstructed transform coefficients and short blocks comprising a
second number of reconstructed transform coefficients. The first number may be greater than

the second number. The blocks of the plurality of sequential blocks may be short blocks.

According to a further aspect, a software program is described. The software program may be
adapted for execution on a processor and for performing the method steps outlined in the

present document when carried out on the processor.

According to another aspect, a storage medium is described. The storage medium may comprise
a software program adapted for execution on a processor and for performing the method steps

outlined in the present document when carried out on the processor.

According to a further aspect, a computer program product is described. The computer program
may comprise executable instructions for performing the method steps outlined in the present

document when executed on a computer.

According to one aspect of the present invention there is provided a method of flattening an
audio signal, comprising: receiving, by an audio encoding device, audio data having a plurality
of modified discrete cosine transform bins including a current bin; determining, based at least in
part on energies of one or more modified discrete cosine transform (MDCT) bins indexed
before the current bin, estimated transform coefficients, wherein a count of the number of the
one or more MDCT bins is designated as a block offset parameter, the determining comprising
computing a spectral energy envelope of the current bin and the one or more MDCT bins
indexed before the first bin; flattening the current bin based on the estimated transform

coefficients, the flattening removing a spectral shape of the current bin according to the spectral
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energy envelope; and providing the flattened bin to a downstream processing device for

additional processing.

According to another aspect of the present invention, there is provided an audio processing
device comprising: one or more processors; and a storage medium storing machine executable
code that, when executed by the one or more processors, causes the one or more processors to
perform operations comprising: receiving audio data having a plurality of modified discrete
cosine transform bins including a current bin; determining, based at least in part on energies
of one or more modified discrete cosine transform (MDCT) bins indexed before the current
bin, estimated transform coefficients, wherein a count of the number of the one or more
MDCT bins is designated as a block offset parameter, the determining comprising computing
a spectral energy envelope of the current bin and the one or more MDCT bins indexed before
the first bin; flattening the current bin based on the estimated transform coefficients, the
flattening removing a spectral shape of the current bin according to the spectral energy
envelope; and providing the flattened bin to a downstream processing device for additional

processing.

According to another aspect of the present invention, there is provided a storage medium storing
machine executable code that, when executed by one or more processors of an audio processing
device, causes the one or more processors to perform operations comprising: receiving audio
data having a plurality of modified discrete cosine transform bins including a current bin;
determining, based at least in part on energies of one or more modified discrete cosine transform
(MDCT) bins indexed before the current bin, estimated transform coefficients, wherein a count
of the number of the one or more MDCT bins is designated as a block offset parameter, the
determining comprising computing a spectral energy envelope of the current bin and the one or
more MDCT bins indexed before the first bin; flattening the current bin based on the estimated
transform coefficients, the flattening removing a spectral shape of the current bin according to
the spectral energy envelope; and providing the flattened bin to a downstream processing device

for additional processing.
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It should be noted that the methods and systems including its preferred embodiments as outlined
in the present patent application may be used stand-alone or in combination with the other
methods and systems disclosed in this document. Furthermore, all aspects of the methods and
systems outlined in the present patent application may be combined in various ways. In

particular, the features of the claims may be combined with one another in an arbitrary manner.
SHORT DESCRIPTION OF THE FIGURES

The invention is explained below in an exemplary manner with reference to the accompanying

drawings, wherein

Fig. 1a shows a block diagram of an example audio encoder providing a bitstream at a constant

bit-rate;

Fig. 1b shows a block diagram of an example audio encoder providing a bitstream at a variable

bit-rate;

25b

CA 3029033 2019-01-07



73221-123D1

10

20

25

30

Fig. 2 illustrates the géneration of an example envelope based on a plurality of blocks of
transform cocfficients;

Fig. 3a illustrates example envelopes of blocks of transform coefficients;

Fig. 3b illustrates the determination of an example interpolated envelope;

Fig. 4 illustrates example sets of quantizers;

Fig. Sa shows a block diagram of an example audio decoder;

Fig. 5b shows a block diagram of an example envelope decoder of the audio decoder of
Fig. Sa;

Fig. 5¢c shows a block diagram of an example subband predictor of the audio decoder of
Fig. 5a; and

Fig. 5d shows a block diagram of an example spectrum decoder of the audio decoder of
Fig. 5a.

DETAILED DESCRIPTION

As outlined in the background section, it is desirable to provide a transform-based audio
codec which exhibits relatively high coding gains for speech or voice signals. Such a
transform-based audio codec may be referred to as a transform-based speech codec or a
transform-based voice codec. A transform-based speech codec may be conveniently
combined with a generic transform-based audio codec, such as AAC or HE-AAC, as it
also operates in the transform domain. Furthermore, the classification of a segment (¢.g. a
frame) of an input audio signa!l into speech or non-speech, and the subsequent switching
between the generic audio codec and the specific speech codec may be simplified, due to
the fact that both codecs operate in the transform domain.

Fig. 1a shows a block diagram of an example transform-based speech encoder 100. The
encoder 100 receives as an input a block 131 of transform coefficients (also referred to as
a-coding unit). The block 131 of transform coefficient may have been obtained by a
transform unit configured to transform a sequence of samples of the input audio signal
from the time domain into the transform domain. The transform unit may be configured
to perform an MDCT. The transform unit may be part of a generic audio codec such as
AAC or HE-AAC. Such a generic audio codec may make use of different block sizes,
e.g. a long block and a short block. Example block sizes are 1024 samples for a long
block and 256 samples for a short block. Assuming a sampling rate of 44.1kHz and an

overlap of 50%, a long block covers approx. 20ms of the input audio signal and a short
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block covers approx. 5ms of the input audio signal. Long blocks are typically used for
stationary segments of the input audio signal and short blocks are typically used for
transient segments of the input audio signal.

Speech signals may be considered to be stationary in temporal segments of about 20ms.
In particular, the spectral envelope of a speech signal may be considered to be stationary
in temporal segments of about 20ms. In order to be able to derive meaningful statistics in
the transform domain for such 20ms segments, it may be useful to provide the transform-
based speech encoder 100 with short blocks 131 of transform coefficients (having a
length of e.g. Sms). By doing this, a plurality of short blocks 131 may be used to derive
statistics regarding a time segments of e.g. 20ms (¢.g. the time segment of a long block or
frame). Furthermore, this has the advantage of providing an adequate time resolution for
speech signals.

Hence, the transform unit may be configured to provide short blocks 131 of transform
coefficients, if a current segment of the input andio signal is classified to be speech. The
encoder 100 may comprise a framing unit 101 configured to extract a plurality of blocks
131 of transform coefficients, referred to as a set 132 of blocks 131. The set 132 of
blocks may also be referred to as a frame. By way of example, the sct 132 of blocks 131
may comprise four short blocks of 256 transform coefficients, thereby covering approx. a
20ms segment of the input audio signal.

The transform-based speech encoder 100 may be configured to operate in a plurality of
different modes, €.g. in a short stride mode and in a long stride mode. When being
operated in the short stride mode, the transform-based speech encoder 100 may be
configured to sub-divide a segment or a frame of the audio signal (e.g. the speech signal)
into a set 132 of short blocks 131 (as outlined above). On the other hand, when being
operated in the long stride mode, the transform-based speech encoder 100 may be
configured to directly process the segment or the frame of the audio signal.

By way of example, when operated in the short stride mode, the encoder 100 may be
cénﬁgured to process four blocks 131 per frame. The frames of the encoder 100 may be
relatively short in physical time for certain settings of a video frame synchronous
operation. This is particularly the case for an increased video frame frequency (e.g.
100Hz vs. 50Hz), which leads to a reduction of the temporal length of the segment or the
frame of the speech signal. In such cases, the sub-division of the frame into a plurality of

(short) blocks 131 may be disadvantageous, due to the reduced resolution in the
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transform domain. Hence, a long stride mode may be used to invoke the use of only one
block 131 per frame. The use of a single block 131 per frame may also be beneficial for
encoding audio signals comprising music (even for relatively long frames). The benefits
may be due to the increased resolution in the transform domain, when using only & single
block 131 per frame or when using a reduced number of blocks 131 per frame.

In the following the operation of the encoder 100 in the short stride mode is described in
further detail. The sct 132 of blocks may be provided to an envelope estimation unit 102,
The envelope estimation unit 102 may be configured to determine an envelope 133 based
on the set 132 of blocks. The envelope 133 may be based on root means squared (RMS)
values of corresponding transform coefficients of the plurality of blocks 131 comprised
within the set 132 of blocks. A block 131 typically provides a plurality of transform
coefficients (e.g. 256 transform coefficients) in a corresponding plurality of frequency
bins 301 (see Fig. 3a). The plurality of frequency bins 301 may be grouped into a
plurality of frequency bands 302. The plurality of frequency bands 302 may be selected
based on psychoacoustic considerations. By way of example, the frequency bins 301 may
be grouped into frequency bands 302 in accordance to a logarithmic scale or a Bark
scale. The envelope 134 which has been determined based on a current set 132 of blocks
may comprise a plurality of cnergy valucs for the plurality of frequency bands 302,
respectively. A particular energy value for a particular frequency band 302 may be
determined based on the transform coefficients of the blocks 131 of the set 132, which
correspond to frequency bins 301 falling within the particular frequency band 302. The
particular energy value may be determined based on the RMS value of these transform
coefficients. As such, an envelope 133 for a current set 132 of blocks (referred to as a
current envelope 133) may be indicative of an average envelope of the blocks 131 of
transform coefficients comprised within the current set 132 of blocks, or may be
indicative of an average envelope of blocks 132 of transform coefficients used to
determine the envelope 133.

It should be noted that the current envelope 133 may be determined based on onc or more
further blocks 131 of transform coefficients adjacent to the current set 132 of blocks.
This is illustrated in Fig. 2, where the current envelope 133 (indicated by the quantized
current envelope 134) is determined based on the blocks 131 of the current set 132 of
blocks and based on the block 201 from the sct of blocks preceding the current set 132 of

blocks. In the illustrated example, the current envelope 133 is determined based on five

28

CA 3029033 2019-01-07



73221-123D1

10

15

20

25

30

blocks 131. By taking into account adjacent blocks when determining the current
envelope 133, a continuity of the envelopes of adjacent sets 132 of blocks may be
ensured.

When determining the current envelope 133, the transform coefficients of the different
blocks 131 may be weighted. In particular, the outermost blocks 201, 202 which are
taken into account for determining the current envelope 133 may have a lower weight
than the remaining blocks 131. By way of example, the transform coefficients of the
outermost blocks 201, 202 may be weighted with 0.5, wherein the transform coefficients
of the other blocks 131 may be weighted with 1.

1t should be noted that in a similar manner to considering blocks 201 of a preceding set
132 of blocks, one or more blocks (so called look-ahead blocks) of a directly following
set 132 of blocks may be considered for determining the current envelope 133.

The encrgy values of the current envelope 133 may be represented on a logarithmic scale
(e.g. on a dB scale). The current envelope 133 may be provided to an envelope
quantization unit 103 which s configured to quantize the energy values of the current
envelope 133. The envelope quantization unit 103 may provide a pre-determined
quantizer resolution, e.g. a resolution of 3dB. The quantization indexes of the envelope
133 may be provided as envelope data 161 within a bitstream generated by the encoder
100. Furthermore, the quantized envelope 134, i.e. the envelope comprising the quantized
energy values of the envelope 133, may be provided to an interpolation unit 104.

The interpolation unit 104 is configured to determine an envelope for each block 131 of
the current set 132 of blocks based on the quantized current envelope 134 and based on
the quantized previous envelope 135 (which has been determined for the set 132 of
blocks directly preceding the current set 132 of blocks). The operation of the
interpolation unit 104 is illustrated in Figs. 2, 3a and 3b. Fig. 2 shows a sequence of
blocks 131 of transform coefficients. The sequence of blocks 131 is grouped into
succeeding sets 132 of blocks, wherein cach set 132 of blocks is used to determine a
quantized envelope, ¢.g. the quantized current envelope 134 and the quantized previous
envelope 135. Fig. 3a shows examples of a quantized previous envelope 135 and of 2
quantized current envelope 134. As indicated above, the envelopes may be indicative of
spectral energy 303 (e.g. on a dB scale). Corresponding energy values 303 of the
quantized previous envelope 135 and of the quantized current envelope 134 for the same

frequency band 302 may be interpolated (e.g. using linear interpolation) to determine an
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interpolated envelope 136. In other words, the energy values 303 of a particular
frequency band 302 may be interpolated to provide the energy value 303 of the
interpolated envelope 136 within the particular frequency band 302.

It should be noted that the set of blocks for which the interpolated envelopes 136 are
determined and applied may differ from the current set 132 of blocks, based on which the
quantized current envelope 134 is determined. This is illustrated in Fig. 2 which shows a
shifted set 332 of blocks, which is shifted compared to the current set 132 of blocks and
which comprises the blocks 3 and 4 of the previous set 132 of blocks (indicated by
reference numerals 203 and 201, respectively) and the blocks 1 and 2 of the current set
132 of blocks (indicated by reference numerals 204 and 205, respectively). As a matter of
fact, the interpolated envelopes 136 determined based on the quantized current envelope
134 and based on the quantized previous envelope 135 may have an increased relevance
for the blocks of the shifted set 332 of blocks, compared to the relevance for the blocks
of the current set 132 of blocks.

Hence, the interpolated envelopes 136 shown in Fig. 3b may be used for flattening the
blocks 131 of the shifted set 332 of blocks. This is shown by Fig. 3b in combination with
Fig. 2. It can be seen that the interpolated envelope 341 of Fig. 3b may be applied to
block 203 of Fig. 2, that the interpolated envelope 342 of Fig. 3b may be applied to block
201 of Fig. 2, that the interpolated envelope 343 of Fig. 3b may be applied to block 204
of Fig. 2, and that the interpolated envelope 344 of Fig. 3b (which in the illustrated
example corresponds to the quantized current envelope 136) may be applied to block 205
of Fig. 2. As such, the set 132 of blocks for determining the quantized current envelope
134 may differ from the shifted sct 332 of blocks for which the interpolated envelopes
136 are determined and to which the interpolated envelopes 136 are applied (for
flattening purposes). In particular, the quantized current envelope 134 may be determined
using a certain look-ahcad with respect to the blocks 203, 201, 204, 205 of the shifted set
332 of blocks, which are to be flattened using the quantized current envelope 134. This is
beneficial from a continuity point of view.

The mterpolation of energy values 303 to determine interpolated envelopes 136 is
illustrated in Fig. 3b. It can be seen that by interpolation between an energy value of the
quantized previous envelope 135 to the corresponding energy value of the quantized
current envelope 134 energy values of the interpolated envelopes 136 may be determined

for the blocks 131 of the shifted set 332 of blocks. In particular, for each block 131 of the

CA 3029033 2019-01-07



73221-123D1

15

20

25

30

shifted set 332 an interpolated envelope 136 may be determined, thereby providing a
plurality of interpolated envelopes 136 for the plurality of blocks 203, 201, 204, 205 of
the shifted set 332 of blocks. The interpolated envelope 136 of a block 131 of transform
coefficient (e.g. any of the blocks 203, 201, 204, 205 of the shifted set 332 of blocks)
rhay be used to encode the block 131 of transform coefficients. It should be noted that the
quantization indexes 161 of the current envelope 133 are provided to a corresponding
decoder within the bitstream. Consequently, the corresponding decoder may be
configured to determine the plurality of interpolated envelopes 136 in an analog manner
to the interpolation unit 104 of the encoder 100.

The framing unit 101, the envelope estimation unit 102, the envelope quantization unit
103, and the interpolation unit 104 operate on a set of blocks (i.e. the current set 132 of
blocks and/or the shifted set 332 of blocks). On the other hand, the actual encoding of
transform coefficient may be performed on a block-by-block basis. In the following,
reference is made to the encoding of a current block 131 of transform coefficients, which
may be any one of the plurality of blocks 131 of the shifted set 332 of blocks (or possibly
the current set 132 of blocks in other implementations of the transform-based speech
encoder 100).

Furthermore, it should be noted that the encoder 100 may be operated in the so called
long stride mode. In this mode, a frame of segment of the audio signal is not sub-divided
and is processed as a single block. Hence, only a single block 131 of transform
coefficients is determined per frame. When operating in the long stride mode, the
framing unit 101 may be configured to extract the single current block 131 of transform
coefficients for the segment or the frame of the audio signal. The envelope estimation
unit 102 may be configured to determine the current envelope 133 for the current block
131 and the envelope quantization unit 103 may be configured to quantize the single
current envelope 133 to determine the quantized current envelope 134 (and to determine
the envelope data 161 for the current block 131). When in the long stride maode, envelope
interpolation is typically obsolete. Hence, the interpolated envelope 136 for the current
block 131 typically corresponds to the quantized current envelope 134 (when the encoder
100 is operated in the long stride mode).

The current interpolated envelope 136 for the current block 131 may provide an
approximation of the spectral envelope of the transform coefficients of the current block

131. The encoder 100 may comprise a pre-flattening unit 105 and an envelope gain
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determination unit 106 which are configured to determine an adjusted envelope 139 for
the current block 131, bascd on the current interpolated envelope 136 and based on the
current block 131. In particular, an envelope gain for the current block 131 may be
determined such that a variance of the flattened transform coefficients of the current
block 131 is adjusted. X(k), k = 1, ..., K may be the transform coefficients of the current
block 131 (with e.g. K = 256), and E(k), k = 1, ..., K may be the mean spectral encrgy
values 303 of current interpolated envelope 136 (with the energy values E (k) of a same
frequency band 302 being equal). The envelope gain a may be determined such that the

X (k)

au/E(k)

the envelope gain a may be determined such that the variance is one.

variance of the flattened transform coefficients X (k) = is adjusted. In particular,

It should be noted that the envelope gain a may be determined for a sub-range of the
cbmplctc frequency range of the current block 131 of transform coefficients. In other
words, the envelope gain a may be determined only based on a subset of the frequency
bins 301 and/or only based on a subset of the frequency bands 302. By way of example,
the envelope gain a may be determined based on the frequency bins 301 greater than a
start frequency bin 304 (the start frequency bin being greater than O or 1). As a
consequence, the adjusted envelope 139 for the current block 131 may be determined by
applying the envelope gain a only to the mean spectral energy values 303 of the current
interpolated envelope 136 which are associated with frequency bins 301 lying above the
start frequency bin 304. Hence, the adjusted envelope 139 for the current block 131 may
correspond to the current interpolated envelope 136, for frequency bins 301 at and below
the start frequency bin, and may correspond to the current interpolated envelope 136
offset by the envelope gain a, for frequency bins 301 above the start frequency bin. This
18 illustrated 1n Fig. 3a by the adjusted envelope 339 (shown in dashed lines).

The application of the envelope gain a 137 (which is also referred to as a level correction
gain) to the current interpolated envelope 136 corresponds to an adjustment or an offsct
of the current interpolated envelope 136, thereby yielding an adjusted cnvelope 139, as
illustrated by Fig. 3a. The cnvelope gain a 137 may be encoded as gain data 162 into the
bitstream.

The encoder 100 may further comprise an envelope refinement unit 107 which is
configured to determine the adjusted envelope 139 based on the cnvelope gain a 137 and

based on the current interpolated envelope 136. The adjusted envelope 139 may be used
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for signal processing of the block 131 of transform coefficient. The envelope gain a 137
may be quantized to a higher resolution (¢.g. in 1dB steps) compared to the current
interpolated envelope 136 (which may be quantized in 3dB steps). As such, the adjusted
envelope 139 may be quantized to the higher resolution of the envelope gain a 137 {(e.g.
in 1dB steps).

Furthermore, the envelope refinement unit 107 may be configured to determine an
allocation envelope 138. The allocation envelope 138 may correspond to a quantized
version of the adjusted envelope 139 (e.g. quantized to 3dB quantization levels). The
allocation envelope 138 may be used for bit allocation purposes. In particular, the
allocation envelope 138 may be used to determine — for a particular transform coefficient
of the current block 131 — a particular quahtizer from a pre-determined set of quantizers,
wherein the particular quantizer is to be used for quantizing the particular transform
coefficient.

The encoder 100 comprises a flattening unit 108 configured to flatten the current block
131 using the adjusted envelope 139, thereby yielding the block 140 of flattened
transform coefficients X(k). The block 140 of flattened transform coefficients X (k) may
be encoded using a prediction loop within the transform domain. As such, the block 140
may be encoded using a subband predictor 117. The prediction loop comprises a
difference unit 115 configured to determine a block 141 of prediction error coefficients
A(k), based on the block 140 of flattened transform coefficients X (k) and based on a
block 150 of estimated transform cocfficients X (k), e.g. A(k) = X (k) — £(k). It should
be noted that due to the fact that the block 140 comprises flattened transform coefficients,
i.e. transform coefficients which have been normalized or flaticned using the energy
values 303 of the adjusted envelope 139, the block 150 of estimated transform
cocfficients also comprises cstimates of flattened transform coefficients. In other words,
the difference unit 115 operates in the so-called flattened domain. By consequence, the
block 141 of prediction error cocfficients A(k) is represented in the flattened domain.
The block 141 of prediction error coefficients A(k) may exhibit a variance which differs
from one. The encoder 100 may comprisc a rescaling unit 111 configured to rescale the
prediction error coefficients A(k) to yield a block 142 of rescaled error coefficients. The
rescaling unit 111 may make use of one or more pre-determined heuristic rules to

perform the rescaling. As a result, the block 142 of rescaled error coefficients exhibits a
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variance which is (in average) closer to one (compared to the block 141 of prediction
error coefficients). This may be beneficial to the subsequent quantization and encoding.
The encoder 100 comprises a coefficient quantization unit 112 configured to quantize the
block 141 of prediction error coefficients or the block 142 of rescaled error coefficients.
The cocflicient quantization unit 112 may comprise or may make use of a set of pre-
determined quantizers. The set of pre-determined quantizers may provide quantizers with
different degrees of precision or different resolution. This is illustrated in Fig. 4 where
different quantizers 321, 322, 323 are illustrated. The different quantizers may provide
different levels of precision (indicated by the different dB values). A particular quantizer
of the plurality of quantizers 321, 322, 323 may correspond to a particular value of the
allocation envelope 138. As such, an energy value of the allocation envelope 138 may
point to a corresponding quantizer of the plurality of quantizers. As such, the
determination of an allocation envelope 138 may simplify the selection process of a
quantizer to be used for a particular error coefficient. In other words, the allocation
envelope 138 may simplify the bit allocation process.

'l;hc set of quantizers may comprisc one or more quantizers 322 which make use of
dithering for randomizing the quantization error. This is illustrated in Fig. 4 showing a
first set 326 of pre-determined quantizers which comprises a subset 324 of dithered
quantizers and a second set 327 pre-determined quantizers which comprises a subset 325
of dithered quantizers. As such, the coefficient quantization unit 112 may make use of
different sets 326, 327 of pre-determined quantizers, wherein the set of pre-determined
quantizers, which is to be used by the coefficient quantization unit 112 may depend on a
control parameter 146 provided by the predictor 117. In particular, the coefficient
quantization unit 112 may be configured to select a set 326, 327 of pre-determined
quantizers for quantizing the block 142 of rescaled error cocfficient, based on the control
parameter 146, wherein the control parameter 146 may depend on one or more predictor
parameters provided by the predictor 117. The one or more predictor parameters may be
indicative of the quality of the block 150 of estimated transform coefficients provided by
the predictor 117.

The quantized error coefficicnts may be entropy encoded, using e.g. a Huffman code,
thereby yielding coefficient data 163 to be included info the bitstream generated by the

encoder 100.
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The encoder 100 may.be configured to perform a bit allocation process. For this purpose,
the encoder 100 may comprise bit allocation units 109, 110. The bit allocation unit 109
may be configured to determine the total number of bits 143 which are available for
encoding the current block 142 of rescaled error coefficients. The total number of bits
143 may be determined based on the allocation envelope 138. The bit allocation unit 110
may be configured to provide a relative allocation of bits to the different rescaled error
coefficients, depending on the corresponding energy value in the allocation envelope
138.

The bit allocation process may make use of an iterative allocation procedure. In the
course of the allocation procedure, the allocation envelope 138 may be offset using an
offset parameter, thereby selecting quantizers with increased / decreased resolution. As
such, the offset parameter may be used to refine or to coarsen the overall quantization.
The offset parameter may be determined such that the coefficient data 163, which is
obtained using the quantizers given by the offset parameter and the allocation envelope
138, comprises a number of bits which corresponds to (or does not exceed) the total
number of bits 143 assigned to the current block 131. The offset parameter which has
been used by the encoder 100 for encoding the current block 131 is included as
cocfficient data 163 into the bitstream. As a consequence, the corresponding decoder 18
enabled to determine the quantizers which have been used by the coefficient quantization
unit 112 to quantize the block 142 of rescaled error coefficients.

As a result of quantization of the rescaled error coefficients, a block 145 of quantized
error cocfficients is obtained. The block 145 of quantized error coefficients corresponds
to the block of error coefficients which are available at the corresponding decoder.
Consequently, the block 145 of quantized error coefficients may be used for determining
a block 150 of cstimated transform coefficients. The cncoder 100 may comprise an
inverse rescaling unit 113 configured to perform the inverse of the rescaling operations
performed by the rescaling unit 113, thereby yielding a block 147 of scaled quantized
error cocfficients. An addition unit 116 may be used to determinc a block 148 of
reconstructed flattened coefficients, by adding the block 150 of estimated transform
coefficients to the block 147 of scaled quantized crror coefficients. Furthermore, an
inverse flattening unit 114 may be used to apply the adjusted envelope 139 to the block
148 of reconstructed flattened coefficients, thereby yielding a block 149 of reconstructed

coefficients. The block 149 of reconstructed cocfficients corresponds to the version of the
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block 131 of transform coefficients which is available at the corresponding decode. By
consequence, the block 149 of reconstructed coefficients may be used in the predictor
117 to determine the block 150 of estimated coefficients.

The block 149 of reconstructed coefficients is represented in the un-flattened domain, i.e.
the block 149 of reconstructed coefficients is also representative of the spectral envelope
of the current block 131. As outlined below, this may be beneficial for the performance
of the predictor 117.

The predictor 117 may be configured to estimate the block 150 of estimated transform
coefficients based on one or more previous blocks 149 of reconstructed coefficients. In
particular, the predictor 117 may be configured to determine one or more predictor
parameters such that a pre-determined prediction error criterion is reduced (e.g.
minimized). By way of example, the one or more predictor parameters may be
determined such that an energy, or a perceptually weighted energy, of the block 141 of
prediction error cocfficients is reduced (e.g. minimized). The one or more predictor
parameters may be included as predictor data 164 into the bitstream generated by the
encoder 100.

The predictor data 164 may be indicative of the one or more predictor parameters. As
will be outlined in the present document, the predictor 117 may only be used for a subset
of frames or blocks 131 of an audio signal. In particular, the predictor 117 may not be
used for the first block 131 of an I-frame (independent frame), which is typically encoded
in an independent manner from a preceding block. In addition to this, the predictor data
164 may comprise one or more flags which are indicative of the presence of a predictor
117 for a particular block 131. For the blocks, where the contribution of the predictor is
virtually non-significant (for example, when the predictor gain is quantized to zero), it
rhay be beneficial to use the predictor presence flag to signal this situation, which
typically requires a significantly reduced number of bits compared to transmitting the
zero gain). In other words, the predictor data 164 for a block 131 may comprise one or
more predictor presence flags which indicate whether one or more predictor parameters
have been determined (and are comprised within the predictor data 164). The use of one
or more predictor presence flags may be used to save bits, if the predictor 117 is not used
for a particular block 131. Hence, depending on the number of blocks 131 which are

encoded without the use of a predictor 117, the use of one or more predictor presence
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flags may be more bit-rate efficient (in average) than the transmission of default (c.g.
zero valued) predictor parameters.
The presence of a predictor 117 may be explicitly transmitted on a per block basis. This
allows saving bits when the prediction is not used. By way of example, for I-frames, only
5  three predictor presence flags may be used, because the first block of the I-frame cannot
use prediction. In other words, ifit is known. that a particular block 131 is the first block
- of an I-frame, then no predictor presence flag may need to be transmitted for this
particular block 131 (at it is already known to the corresponding decoder that the
particular block 131 does not make use of a predictor 117).
10 The predictor 117 may make use of a signal model, as described in the patent application
TS61 75704()52 and the patent applications which claim pric_)_rity thereof.

The one or more predictor parameters may
correspond to one or more model parametel'fs of the signal model.
v ‘Fig. 1b shows a block diagram of a further example transform-based speech encoder 170.
15 The transform-based speech encoder 170 of Fig. 1b comprises many of the components
ofthe encoder 100 of Fig. 1a, However, the transform-based speech encoder 170 of Fig.
1b is configured to generate a bitstream having a variable bit-rate. For this purpose, the
encoder 170 comprises an Average Bit Rate (ABR) state unit 172 configured to keep
track of the bit-rate which has been used ug by the bitstream for preceding blocks 131.
20" The bit allocation unit 171 uses this information for determining the total number of bits
" 143 which is available for encoding the current block 131 of transform coefficients.
Overall, the transform-based speech encoders 100, 170 are configured to generate a
bitstream which is indicative of or which comprises
. exivelope data 161 indicative of a quantized current envelope 134. The quantized
25 current envelope 134 is ﬁsed to describe the envelope of the blocks of a current
set 132 or a shifted set 332 of blocks of transform coefficients.
» gain data 162 indicative of a level correction gain a for adjusting the interpolated
envelope 136 of a curreﬁt bloék 131 of transform coefficients. Typically a
different gain a is provided for each block 131 of the current set 132 or the
30 shifted set 332 of blocks.
‘ * coefficient data 163 indicative of the block 141 of prediction error coefficients for
the current block 131. In particular,' the coefficient data 163 is indicative of the

block 145 of quantized error coefficients. Furthermore, the caefficient data 163
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may be indicative of an offset parameter which may be used to determine the
quantizers for performing inverse quantization at the decoder.

« predictor data 164 indicative of one or more predictor cocfficients to be used to
determine a block 150 of estimated coefficients from previous blocks 149 of
reconstructed coefticients.

In the following, a corresponding transform-based speech decoder 500 is described in the
context of Figs. 5a to 5d. Fig. 5a shows a block diagram of an example transform-based
speech decoder 500. The block diagram shows a synthesis filterbank 504 (also referred to
as inverse transform unit) which is used to convert a block 149 of reconstructed
coefficients from the transform domain into the time domain, thereby yielding samples of
the decoded audio signal. The synthesis filterbank 504 may make use of an inverse
MDCT with a pre-determined stride (e.g. a stride of approximately 5 ms or 256 samplcs).
The main loop of the decoder 500 operates in units of this stride. Each step produces a
transform domain vector (also referred to as a block) having a length or dimension which
corresponds to a pre-determined bandwidth setting of the system. Upon zero-padding up
to the transform size of the synthesis filterbank 504, the transform domain vector will be
used to synthesize a time domain signal update of a pre-determined length (e.g. 5ms) to
the overlap/add process of the synthesis filterbank 504.

As indicated above, generic transform-based audio codecs typically employ frames with
sequences of short blocks in the 5 ms range for transient handling. As such, generic
transform-based audio codecs provide the necessary transforms and window switching
tools for a scamless coexistence of short and long blocks. A veice spectral frontend
defined by omitting the synthesis filterbank 504 of Fig. 5a may therefore be conveniently
integrated into the general purpose transform-based audio codec, without the need to
introduce additional switching tools. In other words, the transform-based speech decoder
500 of Fig. 5a may be conveniently combined with a generic transform-based audio
decoder. In particular, the transform-based speech decoder 500 of Fig. Sa may make use
of the synthesis filterbank 504 provided by the generic transform-based audio decoder
(e.g. the AAC or HE-AAC decoder).

From the incoming bitstrcam (in particular from the envelope data 161 and from the gain
data 162 comprised within the bitstream), a signal cnvelope may be determined by an
envelope decoder 503. In particular, the envelope decoder 503 may be configured to

determine the adjusted envelope 139 based on the envelope data 161 and the gain data
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162). As such, the envelope decoder 503 may perform tasks similar to the interpolation
unit 104 and the envelope refinement unit 107 of the encoder 100, 170. As outlined
above, the adjusted envelope 109 represents a model of the signal variance in a set of
predefined frequency bands 302.

Furthermore, the decoder 500 comprises an inverse flattening unit 114 which is
configured to apply the adjusted envelope 139 to a flattened domain vector, whose
entries may be nominally of variance one. The flattened domain vector corresponds to
the block 148 of reconstructed flattened coefficients described in the context of the
encoder 100, 170. At the output of the inverse flattening unit 114, the block 149 of
reconstructed coefficients is obtained. The block 149 of reconstructed coefficients is
provided to the synthesis filterbank 504 (for generating the decoded audio signal) and to
the subband predictor 517.

The subband predictor 517 operates in a similar manner to the predictor 117 of the
encoder 100, 170. In particular, the subband predictor 517 is configured to determine a
block 150 of estimated transform coefficients (in the flattened domain) based on one or
more previous blocks 149 of reconstructed coefficients (using the one or more predictor
parameters signaled within the bitstream). In other words, the subband predictor 517 is
configured to output a predicted flattened domain vector from a buffer of previously
decoded output vectors and signal envelopes, based on the predictor parameters such as a
predictor lag and a predictor gain. The decoder 500 comprises a predictor decoder 501
configured to decode the predictor data 164 to determine the one or more predictor
parameters.

The decoder 500 further comprises a spectrum decoder 502 which is configured to
furnish an additive correction to the predicted flattened domain vector, based on typically
the largest part of the bitstream (i.c. based on the coefficient data 163). The spectrum
decoding process is controlled mainly by an allocation vector, which is derived from the
cnvelope and a transmitted allocation control parameter (also referred to as the offset
parameter). As illustrated in Fig. 5a, there may be a direct dependence of the spectrum
decoder 502 on the predictor parameters 520. As such, the spectrum decoder 502 may be
configured to determine the block 147 of scaled quantized error coefficients based on the
received coefficient data 163. As outlined in the context of the encoder 100, 170, the
quantizers 321, 322, 323 used to quantize the block 142 of rescaled crror coefficients

typically depends on the allocation envelope 138 (which can be derived from the adjusted
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envelope 139) and on lthe offset parameter. Furthermore, the quantizers 321, 322, 323
may depend on a control parameter 146 provided by the predictor 117. The control
parameter 146 may be derived by the decoder 500 using the predictor parameters 520 (in
an analog manner to the encoder 100, 170).

As indicated above, the received bitstream comprises envelope data 161 and gain data
162 which may be used to determine the adjusted envelope 139, In particular, unit 531 of
the envelope decoder 503 may be configured to determine the quantized current
envelopel34 from the envelope data 161. By way of example, the quantized current
envelopel34 may have a 3 dB resolution in predefined frequency bands 302 (as indicated
in Fig. 3a). The quantized current envelopel34 may be updated for every set 132, 332 of
blocks (e.g. every four coding units, i.¢. blocks, or every 20ms), in particular for every
slﬁfted set 332 of blocks. The frequency bands 302 of the quantized current envelopel34
may comprise an incrcasing number of frequency bins 301 as a function of frequency, in
order to adapt to the properties of human hearing.

The quantized current envelopel34 may be interpolated linearly from a quantized
previous envelopel35 into interpolated envelopes 136 for each block 131 of the shifted
set 332 of blocks (or possibly, of the current set 132 of blocks). The interpolated
eivelopes 136 may be determined in the quantized 3 dB domain. This means that the
interpolated energy values 303 may be rounded to the closest 3dB level. An example
interpolated envelope 136 is illustrated by the dotted graph of Fig. 3a. For each quantized
current envelopel34, four level correction gains a 137 (also referred to as envelope
gains) are provided as gain data 162. The gain decoding unit 532 may be configured to
determinc the level correction gains a 137 from the gain data 162. The level correction
gains may be quantized in 1 dB steps. Each level correction gain is applied to the
corresponding interpolated envelope 136 in order to provide the adjusted envelopes 139
for the different blocks 131. Due to the increased resolution of the level correction gains
137, the adjusted envelope 139 may have an increased resolution (e.g. a 1dB resolution).
Fig. 3b shows an example linear or geometric interpolation between the quantized
previous envelope135 and the quantized current envelope134. The envelopes 135, 134
may be separated into a mean level part and a shape part of the logarithmic spectrum.
These parts may be interpolated with independent strategies such as a linear, a
geometrical, or a harmonic (parallel resistors) strategy. As such, different interpolation

schemes may be used to determine the interpolated envelopes 136. The interpolation
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scheme used by the decoder 500 typically corresponds to the interpolation scheme used
by the encoder 100, 170.

The envelope refinement unit 107 of the envelope decoder 503 may be configured to
determine an allocation envelope 138 from the adjusted envelope 139 by quantizing the
adjusted envelope 139 (e.g. into 3 dB steps). The allocation envelope 138 may be used in
conjunction with the allocation control parameter or offset parameter (comprised within
the coefficient data 163) to create a nominal integer allocation vector used to control the
spectral decoding, i.e. the decoding of the coefficient data 163. In particular, the nominal
integer allocation vector may be used to determine a quantizer for inverse quantizing the
quantization indexes comprised within the coefficient data 163, The allocation envelope
138 and the nominal integer allocation vector may be determined in an analogue manner
in the encoder 100, 170 and in the decoder 500.

In order to allow a decoder 500 to synchronize with a received bitstream, different types
of frames may be transmitted. A frame may correspond to a set 132, 332 of blocks, in
particular to a shifted block 332 of blocks. In particular, so called P-frames may be
transmitted, which are encoded in a relative manner with respect to a previous frame. In
the above description, it was assumed that the decoder 500 is aware of the quantized
previous envelopel35. The quantized previous envelopel35 may be provided within a
previous frame, such that the current set 132 or the corresponding shifted set 332 may
correspond to a P-frame. However, in a start-up scenario, the decoder 500 is typically not
aware of the quantized previous envelopel33. For this purpose, an I-frame may be
transmitted (c.g. upon start-up or on a regular basis). The I-frame may comprise two
envelopes, one of which is used as the quantized previous envelope 135 and the other one
is used as the quantized current envelope 134. I-frames may be used for the start-up case
of the voice spectral frontend (i.e. of the transform-based speech decoder 500), e.g. when
following a frame cmploying a different audio coding mode and/or as a tool to explicitly
enable a splicing point of the audio bitstream.

The operation of the subband predictor 517 is illustrated in Fig. 5d. In the illustrated
example, the predictor parameters 520 are a lag parameter and a predictor gain parametcr
g- The predictor parameters 520 may be determined from the predictor data 164 using a
pre-determined table of possible values for the lag parameter and the predictor gain
parameter. This cnables the bit-ratc efficient transmission of the predictor parameters
520.
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The one or more previously decoded transform caefficient vectors (i.e. the one or more
previous blocks 149 of reconstructed coefficients) may- be stored in a subband (or
MDCT) signal buffer 541. The buffer 541 may be updated in accordance to the stride
{e.g. every 5ms). The predictor extractor 543 may be configured to operate on the buffer -
541 depending on a normalized lag parameter 7. The normalized lag parameter T may be
determined by normalizing the lag parameter 520 to stride units (e.g, to MDCT stride
units). If the lag parameter T is an infeger, the extractor 543 may fetch one or more
previously decoded transform coefficient vectors T time units into the buffer 541. In
other words, the lag parameter T may be indicative of which ones of the one or more

brevious blocks 149 of reconstructed coefficients are to be used to determine the block

- 150 of estimated transform coefficients. A detailed discussion regarding a possible

15

‘ implementation of the extractor 543 is provided in the patent application US61750052

and the patent applications which claim priority thereof,

The extractor 543 may operate on vectors.(or blocks) carrying full signal envelopes. On
the other hand, the block 150 of estimated transform coefficients (to be provided by the
subband predictor 517) is represented in the flattened domain. Consequently, the output

of the extractor 543 may be shaped into a flattened domain vector. This may be achieved

using a shaper 544 which makes use of the adjusted envelopes 139 of the one or more

20

previous blocks 149 of reconstructed coefficients. The adjusted envelopes 139 of the one
or more previous blocks 149 of reconstructed coefficients may. be stored in an envelope

buffer 542, The shaper unit 544 may be cénﬁgured to fefch a delayed signal envelope to

_be used in the flattening from T, time units into the envelope buffer 542, where T is the

* integer closest to 7. Then, the flattened domain vector may be scaled by the gain

25

parameter g 545 to yield the block 150 of estimated transform cocfficients (in the flattened

" domain).

. The shaper unit 544 may be configured to determine a flattened domain vector such that

30

the flattened doinain vectors at the output of the shaper unit 544 exhibit unit variance in

each frequency band. The shaper unit 544 may rely entirely on the data in the envelope

. buffer 542 to achieve this target. By way of example, the shaper unit 544 may be

configured to select the delayed signal envelope such that the flattened domain veciors at

the output of the shaper unit 544 exhibit unit variance in each frequency band.

~ Alternatively or in addition, the shaper unit 544 may be configured to measure the
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variance of the ﬂatten.ed domain vectors at the output of the shaper unit 544 and to adjust
the variance of the vectors towards the unit variance property. A possible type of
normalization may make use of a single broadband gain (per slot) that normalizes the
flattened dormain vectors into unit variance vector. The gains may be transmitted from an
encoder 100 to a corresponding decoder 500 (e.g. in a quantized and encoded form)
within the bitstream.

As an alternative, the delayed flattening process performed by the shaper 544 may be
omitted by using a subband predictor 517 which operates in the flattened domain, e.g. a
subband predictor 517 which operates on the blocks 148 of reconstructed flattened
coefficients. However, it has been found that a sequence of flattened domain vectors (or
blocks) does not map well to time signals due to the time aliased aspects of the transform
(e.g. the MDCT transform). As a consequence, the fit to the underlying signal model of
the extractor 543 is reduced and a higher level of coding noise results from the alternative
structure. In other words, it has been found that the signal models (c.g. sinusoidal or
periodic models) used by the subband predictor 517 yield an increased performance in
the un-flattened domain (compared to the flattened domain).

It should be noted that in an alternative example, the output of the predictor 517 (i.e. the
block 150 of estimated transform coefficients) may be added at the output of the inversc
flattening unit 114 (i.e. to the block 149 of reconstructed coefficients) (see Fig. 5a). The
shaper unit 544 of Fig. 5¢ may then be configured to perform the combined operation of
delayed flattening and inverse flattcning,.

Elements in the received bitstream may control the occasional flushing of the subband
buffer 541 and of the envelope buffer 542, for example in case of a first coding unit (i.e.
a first block) of an I-frame. This enables the dccoding of an I-frame without knowledge
of the previous data. The first coding unit will typically not be able to makc usc of a
predictive contribution, but may nonetheless use a relatively smaller number of bits to
convey the predictor information 520. The loss of prediction gain may be compensated
by allocating more bits to the prediction error coding of this first coding unit. Typically,
the predictor contribution is again substantial for the second coding unit (i.e. a second
block) of an I-frame. Due to these aspects, the quality can be maintained with a relatively
small increase in bit-rate, cven with a very frequent use of I-frames.

In other words, the sets 132, 332 of blocks (also referred to as frames) comprise a

plurality of blocks 131 which may be encoded using predictive coding. When encoding
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an I-frame, only the ﬁr.st block‘ 203 of a set 332 of blocks cannot be encoded using the
coding gain achieved by a predictive encoder. Already the directly following block 201
may make use of the benefits of predictive encoding. This means that the drawbacks of
an I-frame with regards to coding efficiency are limited to the encoding of the first block
203 of transform coefficients of the frame 332, and do not apply to the other blocks 201,
204, 205 of the frame 332. Hence, the transform-based speech coding scheme described
in the present document allows for a relatively frequent use of I-frames without
significant impact on the coding efficiency. As such, the presently described transform-
based speech coding scheme is particularly suitable for applications which require a
relatively fast and/or a relatively frequent synchronization between decoder and encoder.
As indicated above, during the initialization of an I-frame, the predictor signal buffer, i.e.
the subband buffer 541, may be flushed with zeros and the envelope buffer 542 may be
filled with only one time slot of values, i.e. may be filled with only a single adjusted
envelope 139 (corresponding to the first block 131 of the I-frame). The first block 131 of
the I-frame will typically not use prediction. The second block 131 has access to only
two time slot of the envelope buffer 542 (i.c. to the envelopes 139 of the first and second
blocks 131), the third block to only three time slots (i.e. to envelopes 139 of three blocks
131), and the fourth block 131 to only four time slots (i.e. to envelopes 139 of four
blocks 131).

The delayed flattening rule of the spectral shaper 544 (for identifying an envelope for
determining the block 150 of estimated transform coefficients (in the flattened domain))
is based on an integer lag value Ty determined by rounding the predictor lag parameter T
in units of block size K (wherein the unit of a block size may be referred to as a time slot
or as a slot) to the closest integer. However, in the case of an [-frame, this integer lag
value 7 could point to unavailable entries in the envelope buffer 542. In view of this, the
spectral shaper 544 may be configured to determine the integer lag value T, such that the
integer lag value Ty is limited to the number of envelopes 139 which are stored within the
envelope buffer 542, 1.¢. such that the integer lag value T, does not point to envelopes
139 which are not available within the envelope buffer 542. For this purpose, the integer
lag value Ty may be limited to a value which is a function of the block index inside the
current frame. By way of example, the integer lag value T, may be limited to the index
value of the current block 131 (which is to be encoded) within the current frame (e.g. to 1

for the first block 131, to 2 for the second block 131, to 3 for the third block 131 and to 4
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for the fourth block 1?;1 of a frame). By doing this, undesirable states and/or distortions
due to the flattening process may be avoided.

Fig. 5d shows a block diagram of an example spectrum decoder 502. The spectrum
decoder 502 comprises a lossless decoder 551 which is configured to decode the entropy
encoded coefficient data 163. Furthermore, the spectrum decoder 502 comprises an
inverse quantizer 552 which is configured to assign coefficient values to the quantization
indexes comprised within the coefficient data 163. As outlined in the context of the
encoder 100, 170, different transform coefficients may be quantized using different
quantizers selected from a sct of pre-determined quantizers, e.g. a finite set of model
based scalar quantizers. As shown in Fig. 4, a set of quantizers 321, 322, 323 may
comprise different types of quantizers. The set of quantizers may comprise a quantizer
321 which provides noise synthesis (in case of zero bit-rate), one or more dithered
quantizers 322 (for relatively low signal-to-noise ratios, SNRs, and for intermediate bit-
rates) and/or one or more plain quantizers 323 (for relatively high SNRs and for
relatively high bit-rates).

The eavelope refinement unit 107 may be configured to provide the allocation envelope
138 which may be combined with the offsct parameter comprised within the coefficient
data 163 to yield an allocation vector. The allocation vector contains an intcger value for
each frequency band 302. The integer value for a particular frequency band 302 points to
the rate-distortion point to be used for the inverse quantization of the transform
coefficients of the particular band 302. In other words, the integer value for the particular
frequency band 302 points to the quantizer to be used for the inverse quantization of the
transform cocfficients of the particular band 302. An increase of the integer value by one
corresponds to a 1.5 dB increase in SNR. For the dithered quantizers 322 and the plain
quantizers 323, a Laplacian probability distribution model may be used in the lossless
coding, which may employ arithmetic coding. One or more dithered quantizers 322 may
be used to bridge the gap in a seamless way between low and high bit-rate cases.
Dithered quantizers 322 may be beneficial in creating sufficiently smooth output audio
quality for stationary noise-like signals.

In other words, the inverse quantizer 552 may be configured to receive the cocfficient
quantization indexes of a current block 131 of transform coefficients. The one or more

coefficient quantization indexes of a particular frequency band 302 have been determined

using a corresponding quantizer from a pre-detcrmined set of quantizers. The value of the
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allocation vector (whi;:h may be determined by offsetting the allocation envelope 138
with the offset parameter) for the particular frequency band 302 indicates the quantizer
which has been used to determine the one or more coefficient quantization indexes of the
particular frequency band 302. Having identified the quantizer, the one or more
coefficient quantization indexes may be inverse quantized to yield the block 145 of
quantized error coefficients.

Furthermore, the spectral decoder 502 may comprise an inverse-rescaling unit 113 to
provide the block 147 of scaled quantized error coefficients. The additional tools and
interconnections around the lossless decoder 551 and the inverse quantizer 552 of Fig. 5d
may be used to adapt the spectral decoding to its usage in the overall decoder 500 shown
in Fig. 5a, where the output of the spectral decoder 502 (i.e. the block 145 of quantized
error coefficients) is used to provide an additive correction to a predicted flattened
domain vector (i.e. to the block 150 of estimated transform coefficients). In particular,
the additional tools may ensure that the processing performed by the decoder 500

corresponds to the processing performed by the encoder 100, 170.

In particular, the spectral decoder 502 may comprise a heuristic scaling unit 111. As
shown in conjunction with the encoder 100, 170, the heuristic scaling unit 111 may have
an impact on the bit allocation. In the encoder 100, 170, the current blocks 141 of
prediction error coefficients may be scaled up to unit variance by a heuristic rule. As a
consequence, the default allocation may lead to a too fine quantization of the final
downscaled output of the heuristic scaling unit 111. Hence the allocation should be
modified in a similar manner to the modification of the prediction error coefficients.
However, as outlined below, it may be beneficial to avoid the reduction of coding
resources for one or more of the low frequency bins (or low frequency bands). In
particular, this may be beneficial to counter a LF (low frequency) rumble/noise artifact
which happens to be most prominent in voiced situations (i.e. for signal having a
relatively large control parameter 146, rfu). As such, the bit allocation / quantizer
selection in dependence of the control parameter 146, which is described below, may be

considered to be a ,,voicing adaptivc LF quality boost*.

The spectral decoder may depend on a control parameter 146 named rfu which may be a

limited version of the predictor gain g, ¢.g.
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rfu = min(1, max(g, 0)).
Alternative methods for determining the control parameter 146, rfu, may be used. In

particular, the control parameter 146 may be determined using the pseudo code given in
Table 1.

f gain =f pred gain;
if (f gain<-1.0)

f rfu=1.0;
else if (f_gain < 0.0)

f rfu=-f gain;
else 1f (f gain < 1.0)

f rfu={ gain;
else if (f gain <2.0)

f rfu=2.0—f gain;
else // £ gain>=2.0

f rfu=0.0.

Table 1

The variable f gain and f pred gain may be set equal. In particular, the variable f gain
may correspond to the predictor gain g. The control parameter 146, rfu, is referred to as
10 f rfuin Table 1. The gain f gain may be a real number.
Compared to the first definition of the control parameter 146, the latter definition
(according to Table 1) reduces the control parameter 146, rfu, for predictor gains above 1
and increases the control parameter 146, rfu, for negative predictor gains.
Using the control parameter 146, the sct of quantizers used in the coefTicient quantization
15 unit 112 of the encoder 100, 170 and used in the inverse quantizer 552 may be adapted.
In particular, the noisiness of the set of quantizers may be adapted based on the control
parameter 146. By way of example, a value of the control parameter 146, rfu, close to 1
may trigger a limitation of the range of allocation levels using dithered quantizers and
may trigger a reduction of the variance of the noise synthesis level. In an example, a
20 dither decision threshold at rfu = 0.75 and a noisc gain equal to 1 — rfu may be set. The
dither adaptation may affect both the lossless decoding and the inverse quantizer,

whereas the noise gain adaptation typically only affects the inverse quantizer.
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It may be assumed that the predictor contribution is substantial for voiced/tonal
situations. As such, a relatively high predictor gain g (i.e. a relatively high control
parameter 146) may be indicative of a voiced or tonal speech signal. In such situations,
the addition of dither-related or explicit (zero allocation case) noise has shown
empirically to be counterproductive to the perceived quality of the encoded signal. Asa

consequence, the number of dithered quantizers 322 and/or the type of noise used for the

" noise synthesis quantizer 321 may be adapted based on the predictor gain g, thereby

improving the perceived quality of the encoded speech signal.

-As such, the control parameter 146 may be used to modify the range 324, 325 of SNRs
for which dithered quantizers 322 are used. By way of example, if the control parameter
146 rfu < 0.75, the range 324 for dithered quantizers may be used. In other words, if the
control parameter 146 is below a pre-determined threshold, the first set 326 of quantizers
may be used. On the other hand, if the control parameter 146 rfu > 0.75, the range 325
for dithered quantizers may be used. In other words, if the control parameter 146 is

greater than or equal to the pre-determined threshold, the second set 327 of quantizers

-may be used.

Furthermore, the control parameter 146 may be used for modification of the variance and
bit allocation. The reason for this is that typically a successful prediction will require a
smaller correction, especially in the lower fréquency range from 0-1 kHz. It may be
advantageous to make the quantizer explicitly aware of this deviation from the unit
variance model in order to free up coding resources to higher frequency bands 302. This

is described in the context of Figure 17¢ pahel iii of WO2009/086918,

" In the decoder 500, this modification may be

implemented by modifying the nominal allocation vector according to a heuristic scaling

rule (applied by using the scaling unit 111), and at the same time scaling the output of the

© inverse quantizer 552 according to an inverse heuristic scaling rule using the inverse

scaling unit 113. Following the theory of W02009/086918, the heuristic scaling rule and
the inverse heuristic scaling rule should be closely matched. However, it has been found

empirically advantageous to cancel the allocation modification for the one or more

. lowest ﬁéquency bands 302, in order-to counter occasional problems with LF (low

frequency) noise for voiced signal components. The cancelling of the allocation
modification may be performed in dependence on the value of the predictor gain g and/or

of the control parameter 146. In particular, the cancelling of the allocation modification
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may be performed onfy if the ;:ontrol parameter 146 exceeds the dither decision
threshold.

As outlined above, an encoder 100, 170 and/or a decoder 500 may comprise a scaling
unit 111 which is configured to rescale the prediction error coefficients A(k) to yield a
block 142 of rescaled error coefficients. The rescaling unit 111 may make use of one or
more pre-determined heuristic rules to perform the rescaling. In an example, the rescaling
unit 111 may make use of a heuristic scaling rule which comprises the gain d(f), e.g.

7 - rfu?
df)=1+—=

1+ (%)
where a break frequency fymay be set to e.g. 1000 Hz. Hence, the rescaling unit 111 may
be configured to apply a frequency dependent gain d(f) to the prediction error
coefficients to yield the block 142 of rescaled error coefficients. The inverse rescaling
unit 113 may be configured to apply an inverse of the frequency dependent gain d(f).
The frequency dependent gain d(f) may be dependent on the control parameter rfu 146.
In the above example, the gain d(f) exhibits a low pass character, such that the
prediction error coefficients are attenuated more at higher frequencies than at lower
frequencies and/or such that the prediction error coefficients are emphasized more at
lower frequencies than at higher frequencics. The above mentioned gain d(f) is always
greater or equal to one. Hence, in a preferred embodiment, the heuristic scaling rule is
such that the prediction error coefficients are emphasized by a factor one or more
(depending on the frequency).
It should be noted that the frequency-dependent gain may be indicative of a power or a
variance. [n such cases, the scaling rule and the inverse scaling rule should be derived
based on a square root of the frequency-dependent gain, ¢.g. based on \/d—(ﬁ .
The degree of emphasis and/or attenuated may depend on the quality of the prediction
achieved by the predictor 117. The predictor gain g and/or the control parameter rfu 146
may be indicative of the quality of the prediction. In particular, a relatively low value of
the control parameter rfu 146 (relatively closc to zero) may be indicative of a low quality
of prediction. In such cases, it is to be expected that the prediction error coefficients have
fclativcly high (absolute) values across all frequencics. A relatively high value of the
control parameter rfu 146 (relatively close to one) may be indicative of a high quality of

prediction. In such cases, it is to be expected that the prediction error cocfficients have
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relatively high (absolu’;e) valu;:s for high frequencies (which are more difficult to
predict). Hence, in order to achieve unit variance at the output of the rescaling unit 111,
the gain d(f) may be such that in case of a relatively low quality of prediction, the gain
d(f) is substantially flat for all frequencies, whereas in case of a relatively high quality
of prediction, the gain d(f) has a low pass character, to increasc or boost the variance at
low frequencies. This is the case for the above mentioned rfu-dependent gain d(f).

As outlined above, the bit allocation unit 110 may be configured to provide a relative
allocation of bits to the different rescaled error coefficients, depending on the
corresponding encrgy value in the allocation envelope 138. The bit allocation unit 110
may be configured to take into account the heuristic rescaling rule. The heuristic
rescaling rule may be dependent on the quality of the prediction. In case of a relatively
high quality of prediction, it may be beneficial to assign a relatively increased number of
bits to the encoding of the prediction error coefTicients (or the block 142 of rescaled error
coefficients) at high frequencies than to the encoding of the coefficients at low
frequencies. This may be due to the fact that in case of a high quality of prediction, the
low frequency coefficients are already well predicted, whereas the high frequency
coefficients are typically less well predicted. On the other hand, in case of a relatively
low quality of prediction, the bit allocation should remain unchanged.

The above behavior may be implemented by applying an inverse of the heuristic rules /
gain d(f) to the current adjusted envelope 139, in order to determine an allocation
envelope 138 which takes into account the quality of prediction.

The adjusted envelope 139, the prediction error coefficients and the gain d(f) may be
represented in the log or dB domain. In such case, the application of the gain d(f) to the
prediction error coefficients may correspond to an “add” operation and the application of
the inverse of the gain d(f) to the adjusted envelope 139 may correspond to a “subtract”
operation.

It should be noted that various variants of the heuristic rules / gain d(f) are possible. In

3y 1
particular, the fixed frequency dependent curve of low pass character (1 + (}f—) ) may
0

be replaced by a function which depends on the envelope data (e.g. on the adjusted
cnvelope 139 for the current block 131). The modified heuristic rules may depend both

on the control parameter rfu 146 and on the envelope data.
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In the following different ways for determining a predictor gain p , which may
correspond to the predictor gain g, are described. The predictor gain p may be used as
an indication of the quality of the prediction. The prediction residual vector (ie. the block
141 of prediction error coefficients z may be given by: z=x— py, where x is the target
vector (e.g. the current block 140 of flattened transform coefficients or the current block
131 of transform coefficients), y is a vector representing the chosen candidate for
prediction {e.g. a previous blocks 149 of reconstructed coefficients), and p is the (scalar)
predictor gain.

w2 0 may be a weight vector used for the determination of the predictér gain p.In
some embodiments, the weight vector is a function of the signal envelope (e.g. a function
of the adjusted envelope 139, which may be estimated at the encoder 100, 170 and then
transmitted to the decoder 500). The weight vector typically has the same dimension as

the target vector and the candidate vector. An i-th entry of the vector x may be denoted
by x; (e.g. =1, ,,. .K).

There are different ways for defining the predictor gain p . In an embodiment, the
predictor gain p is an MMSE (minimum mean square error) gain defined according to
the minimum mean squared error criterion. In this case, the predictor gain p may be

computed using the following formula:
DIES?
= ! 2 .
pB2
Such a predictor gain p typically minimizes the mean squared error defined as

D=2 —ov )

It is often (perceptually) beneficial to introduce weighting to the definition of the means

p

squared error D . The weighting may be used to emphasize the importance of a match
between x and y for perceptually important portions of the signal spectrum and
deemphasize the importance of a match between x and y for portions of the signal

spectrum that are relatively less important. Such an approach results in the following

error criterion: D= Z(x, - py, )2w1 , which leads to the following definition of the

optimal predictor gain (in the sensc of the weighted mean squared error):
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The above definition of the predictor gain typically results in a gain that {s unbounded.
As indicated above, the weights w; of the weight vector w may be determined based on
the adjusted envelope 139. For example, the weight vector w may be determined using a
predefined function of the adjusted envelope 139. The predefined function may be known
at the encoder and at the decoder (which is also the case for the adjusted envelope 139).
Hence, the weight vector may be determined in the same manner at the encoder and at
the decoder.

Another possible predictor gain formula is given by

. 2C
E +E,

p
where C = waxin , E = Z:w‘.)ci2 and E, = Z w,y,> . This definition of the predictor

gain yields a gain that is always within the interval [-1, 1]. An important feature of the
predictor gain specified by the latter formula is that the predictor gain p facilitates a

tractable relationship between the energy of the target signal x and the energy of the

residual signal z . The LTP residual energy may be expressed as: Ezw,.z,.2 =E, (1 -p? )

The control parameter rfu 146 may be detcrmined based on the predictor gain g using the
above mentioned formulas. The predictor gain g may be equal to the predictor gain p,
determined using any of the above mentioned formulas.

As outlined above, the encoder 100, 170 is configured to quantize and encoder the
residual vector z (i.c. the block 141 of prediction error coefficients). The quantization
process 1s typically guided by the signal envelope (e.g. by the allocation envelope 138)
according to an underlying perceptual model in order to distribute the available bits
among the spectral components of the signal in a perceptually meaningful way. The
process of rate allocation is guided by the signal envelope (e.g. by the allocation
envelope 138), which is derived from the input signal (c.g. from the block 131 of
transform coefficients). The operation of the predictor 117 typically changes the signal
envelope. The quantization unit 112 typically makes use of quantizers which are

designed assuming operation on a unit variance source. Notably in case of high quality
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prediction (i.e. when tI;e predi.ctor 117 is successful), the unit variance property may no
longer be the case, i.e. the block 141 of prediction error coefficients may not exhibit unit
variance,
It is typically not cfficient to estimate the envelope of the block 141 of prediction error
coefficients (i.e. for the residual z ) and to transmit this envelope to the decoder (and to
re-flatten the block 141 of prediction error coefficients using the estimated envelope).
Instead, the encoder 100 and the decoder 500 may make use of a heuristic rule for
rescaling the block 141 of prediction error coefficients (as outlined above). The heuristic
rule may be used to rescale the block 141 of prediction error coefficients, such that the
block 142 of rescaled coefficients approaches the unit variance. As a result of this,
quantization results may be improved (using quantizers which assume unit variance).
Furthermore, as has already been outlined, the heuristic rule may be used to modify the
allocation envelope 138, which is used for the bit allocation process. The modification of
the allocation envelope 138 and the rescaling of the block 141 of prediction error
coefficients are typically performed by the encoder 100 and by the decoder 500 in the
same manner (using the same hceuristic rule).
A possible heuristic rule d(f) has been described above. In the following another
approach for determining a heuristic rule is described. An inverse of the weighted
domain energy prediction gain may be given by p € [0,1] such that |iz|l2 = pl|x]|Z,,
wherein ||z||2, indicates the squared encrgy of the residual vector (i.e. the block 141 of
prediction error coefficients) in the weighted domain and wherein ||x||%, indicates the
squared energy of the target vector (i.e. the block 140 of flattened transform coefficients)
in the weighted domain
The following assumptions may be made
1. The entries of the target vector x have unit variance. This may be a result of the

flattening performed by the flattening unit 108. This assumption is fulfilled

depending on the quality of the envelope based flattening performed by the

flattening unit 108.

2. The variance of the entries of the prediction residual vector z are of the form of

E{z*(D)} = min {723 l} fori = 1,...,K and for some t = 0. This assumption is
based on the heuristic that a least squares oriented predictor search leads to an

evenly distributed error contribution in the weighted domain, such that the
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residual vector vwz is more or less flat. Furthermore, it may be cxpected that the
predictor candidate is close to flat which leads to the reasonable bound
E{z?(i)} < 1. It should be noted that various modifications of this second

assumption may be used.

In order to estimate the parameter t, one may insert the above mentioned two

assumptions into the prediction error formula (e.g. D = Z(x,- - oy )2 w;, ) and thereby

1

provide the “water level type” equation

Z min{t,w()} =p Z w(i)

It can be shown that there is a solution to the above equation in the interval t €

[0, max(w(i))]. The equation for finding the parameter t may be solved using sorting

routines.
The heuristic rule may then be given by d (i) = max [KE—Q 1}, whereini =1, ..., K

identifies the frequency bin. The inverse of the heuristic scaling rule 1s given by E%i—) =

min {W—ZS, 1}. The inverse of the heuristic scaling rule is applied by the inverse rescaling
unit 113. The frequency-dependent scaling rule depends on the weights w(i} = w;. As

indicated above, the weights w(i) may be dependent on or may correspond to the current

block 131 of transform coefficients (e.g. the adjusted envelope 139, or some predefined

function of the adjusted envelope 139).

It can be shown that when using the formula p = E% to determine the predictor
+

x ¥

gain, the following relation applics: p = 1 — p2.

Hence, a heuristic scaling rule may be determined in various different ways. It has been
shown experimentally that the scaling rule which is determined based on the above
mentioned two assumptions (refcrred to as scaling method B) is advantageous compared
to the fixed scaling rule d(f). In particular, the scaling rule which is determined based on
the two assumptions may take into account the effect of weighting used in the course of a

predictor candidate search. The scaling method B is conveniently combined with the

54

CA 3029033 2019-01-07



73221-123D1

10

15

20

25

30

. . 2 . . .
definition of the gain p = —E%- , because of the analytically tractable relationship
+E
x ¥

between the variance of the residual and the variance of the signal (which facilitates

derivation of p as outlined above).

In the following, a further aspect for improving the performance of the transform-based
audio coder is described. In particular, the use of a so called variance preservation flag is
proposed. The variance preservation flag may be determined and transmitted on a per
block 131 basis. The variance preservation flag may be indicative of the quality of the
prediction. In an embodiment, the variance preservation flag is off, in case of a relatively
high quality of prediction, and the variance preservation flag is on, in case of a relatively
low quality of prediction. The variance prescrvation flag may be determined by the
encoder 100, 170, e.g. based on the predictior gain p and/or based on the predictor gain
g. By way of example, the variance preservation flag may be set to “on” if the predictor
gain p or g (or a parameter derived therefrom) is below a pre-determined threshold (e.g.
2dB) and vice versa. As outlined above, the inverse of the weighted domain energy
prediction gain p typically depends on the predictor gain, e.g. p = 1 — p?. The mverse of
the parameter p may be used to determine a value of the variance preservation flag. By
way of example, 1/p (e.g. expressed in dB) may be compared to a pre-determined
threshold (e.g. 2dB). in order to determine the valuc of the variance preservation flag. If
1/p is greater than the pre-determined threshold, the variance preservation flag may be
set “off” (indicating a relatively high quality of prediction), and vice versa.
The variance preservation flag may be used to control various different settings of the
encoder 100 and of the decoder 500. In particular, the variance preservation flag may be
used to control the degree of noisiness of the plurality of quantizers 321, 322, 323. In
pvarticular, the variance preservation flag may affect one or more of the following settings
* Adaptive noise gain for zero bit allocation. In other words, the noise gain of the
noise synthesis quantizer 321 may be affected by the variance preservation flag.
* Range of dithered quantizers. In other words, the range 324, 325 of SNRs for
which dithered quantizers 322 are used may be affected by the variance

preservation flag.

e Post-gain of the dithered quantizers. A post-gain may be applied to the output of

the dithered quantizers, in order to affect the mean square error performance of
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the dithered quantizers. The post-gain may be dependent on the variance

preservation flag.

e Application of heuristic scaling. The use of heuristic scaling (in the rescaling

unit 111 and in the mverse rescaling unit 113) may be dependent on the variance

5 preservation flag.

An cxample of how the variance preservation flag may change one or more settings of

the encoder 100 and/or the decoder 500 is provided in Table 2.

Variance preservation

Setting type f Variance preservation on
0
Noise gain gy = (1 —rfu) gy = /(1 —rfu?)
. Is fixed to a relatively
Range of dithered Depends on the control
. large range (e.g. to the
quantizers parameter rfu

largest possible range)

Post-gain of the

dithered quantizers.

2
Yo = O-XAz;?ﬁ:\/Z Y =Y Y =max(y,,8x 1)
, .
Gy +—
12
| Heuristic scaling rule on off

10

Table 2

In the formula for the post-gain, o & = E {X 2} is a variance of one or more of the

cocflicients of the block 141 of prediction error coefficients (which are to be quantized),

and A 15 a quantizer step size of a scalar quantizer (612) of the dithered quantizer to

which the post-gain is applicd.

15 As can be scen from the example of Table 2, the noise gain gy of the noisc synthesis

quantizer 321 (i.e. the variance of the noise synthesis quantizer 321) may depend on the

variance preservation flag. As outlined above, the control parameter rfu 146 may be in

the range [0, 1], wherein a relatively low value of rfu indicates a relatively low quality of

prediction and a relatively high value of rfu indicates a rclatively high quality of

20 prediction. For rfu values in the range of {0, 1], the left column formula provides lower
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noise gains gy than th.e right <':olumn formula. Hence, when the variance preservation
flag is on (indicating a relatively low quality of prediction), a higher noise gain is used
than when the variance preservation flag is off (indicating a relatively high quality of
prediction). It has been shown experimentally that this improves the overall perceptual
quality.

As outlined above, the SNR range of the 324, 325 of the dithered quantizers 322 may
vary depending on the control parameter rfu. According to Table 2, when the variance
prescrvation flag is on (indicating a relatively low quality of prediction), a fixed large
range of dithered quantizers 322 is used (e.g. the range 324). On the other hand, when the
variance preservation flag is off (indicating a relatively high quality of prediction),
different ranges 324, 325 are used, depending on the control parameter rfu.

The determination of the block 145 of quantized error coefficients may involve the

application of a post-gain ¥ to the quantized error coefficients, which have been
quantized using a dithered quantizer 322. The post-gain ¥ may be derived to improve the

MSE performance of a dithered quantizer 322 (e.g. a quantizer with a subtractive dither).

The post-gain may be given by:

It has been shown experimentally that the perceptual coding quality can be improved,
when making the post-gain dependent on the variance preservation flag. The above
mentioned MSE optimal post-gain is used, when the variance preservation flag is off
(indicating a relatively high quality of prediction). On the other hand, when the variance
preservation flag is on (indicating a relatively low quality of prediction), it may be
beneficial to use a higher post-gain (determined in accordance to the formula of the right
hand side of Table 2).

As outlined above, heuristic scaling may be used to provide blocks 142 of rescaled error
coefficients which are closer to the unit variance property than the blocks 141 of
prediction error coefficients. The heuristic scaling rules may be made dependent on the
control parameter 146. In other words, the heuristic scaling rules may be made dependent
on the quality of prediction. Heuristic scaling may be particularly bencficial in case of a

relatively high quality of prediction, whereas the benefits may be limited in case of a
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relatively low quality of prediction. In view of this, it may be beneficial to only make use
of heuristic scaling when the variance preservation flag is off (indicating a relatively high
quality of prediction).

In the present document, a transform-based speech encoder 100, 170 and a corresponding
transform-based speech decoder 500 have been described. The transform-based speech
codec may make use of various aspects which allow improving the quality of encoded
speech signals. The speech codec may make use of relatively short blocks (also referred
to as coding units), e.g. in the range of 5 ms, thereby ensuring an appropriate time
resolution and meaningful statistics for speech signals. Furthermore, the speech codec
may provide an adequate description of a time varying spectral envelope of the coding
units. In addition, the speech codec may make use of prediction in the transform domain,
wherein the prediction may take into account the spectral envelopes of the coding units.
Hence, the specch codec may provide envelope aware predictive updates to the coding
units. Furthermore, the speech codec may use pre-determined quantizers which adapt to
the results of the prediction. In other words, the speech codec may make use of prediction
adaptive scalar quantizers.

The methods and systems described in the present document may be implemented as
software, firmware and/or hardware. Certain components may ¢.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, c.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.
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CLAIMS:
1. A method of flattening an audio signal, comprising:

receiving, by an audio encoding device, audio data having a plurality of

modified discrete cosine transform bins including a current bin;

determining, based at least in part on energies of one or more modified discrete

cosine transform (MDCT) bins indexed before the current bin, estimated transform
coefficients, wherein a count of the number of the one or more MDCT bins is designated as a
block offset parameter, the determining comprising computing a spectral energy envelope of

the current bin and the one or more MDCT bins indexed before the first bin;

flattening the current bin based on the estimated transform coefficients, the
flattening removing a spectral shape of the current bin according to the spectral energy

envelope; and

providing the flattened bin to a downstream processing device for additional

processing.

2. The method of claim 1, wherein the flattening comprises synthesizing noise,

the synthesizing being adapted based on tonality of the audio data.

3. The method of claim 2, wherein the synthesizing is based on a gain that

indicates the tonality of the audio data.
4. An audio processing device comprising:
one or more processors; and

a storage medium storing machine executable code that, when executed by the

one or more processors, causes the one or more processors to perform operations comprising:

receiving audio data having a plurality of modified discrete cosine transform

bins including a current bin;
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determining, based at least in part on energies of one or more modified discrete
cosine transform (MDCT) bins indexed before the current bin, estimated transform
coefficients, wherein a count of the number of the one or more MDCT bins is designated as a
block offset parameter, the determining comprising computing a spectral energy envelope of

the current bin and the one or more MDCT bins indexed before the first bin;

flattening the current bin based on the estimated transform coefficients, the
flattening removing a spectral shape of the current bin according to the spectral energy

envelope; and

providing the flattened bin to a downstream processing device for additional

processing.

5. The audio processing device of claim 4, wherein the flattening comprises

synthesizing noise, the synthesizing being adapted based on tonality of the audio data.

6. The audio processing device of claim 5, wherein the synthesizing is based on a

gain that indicates the tonality of the audio data.

7. A storage medium storing machine executable code that, when executed by
one or more processors of an audio processing device, causes the one or more processors to

perform operations comprising:

receiving audio data having a plurality of modified discrete cosine transform

bins including a current bin;

determining, based at least in part on energies of one or more modified discrete
cosine transform (MDCT) bins indexed before the current bin, estimated transform
coefficients, wherein a count of the number of the one or more MDCT bins is designated as a
block offset parameter, the determining comprising computing a spectral energy envelope of

the current bin and the one or more MDCT bins indexed before the first bin;
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flattening the current bin based on the estimated transform coefficients, the
flattening removing a spectral shape of the current bin according to the spectral energy

envelope; and

providing the flattened bin to a downstream processing device for additional

processing.

8. The storage medium of claim 7, wherein the flattening comprises synthesizing

noise, the synthesizing being adapted based on tonality of the audio data.

9. The storage medium of claim 8, wherein the synthesizing is based on a gain

that indicates the tonality of the audio data.
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