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(54) APPARATUS AND METHOD FOR NOISE SHAPING USING SUBSPACE PROJECTIONS FOR 
LOW-RATE CODING OF SPEECH AND AUDIO

(57) An apparatus for encoding an audio input signal
to obtain an encoded audio signal is provided. The ap-
paratus comprises a transformation module (110) con-
figured to transform the audio input signal from an original
domain to a transform domain to obtain a transformed
audio signal. Moreover, the apparatus comprises an en-
coding module (120), configured to quantize the trans-

formed audio signal to obtain a quantized signal, and
configured to encode the quantized signal to obtain the
encoded audio signal. The transformation module (110)
is configured to transform the audio input signal depend-
ing on a plurality of predefined power values of quanti-
zation noise in the original domain.
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Description

[0001] The present invention relates to audio signal encoding, audio signal processing and audio signal decoding,
and, in particular, to an apparatus and a method for noise shaping using subspace projections for low-rate coding of
speech and audio.
[0002] In coding speech at low bit-rates, codecs based on the code excited linear prediction (CELP) paradigm are
predominant [1]. These codecs model the spectral envelope using linear predictive coding and the fundamental frequency
using long-term prediction. The residual is typically encoded in the time domain using vector codebooks. The main
weakness of such codecs is their computational complexity, due to the analysis-by-synthesis loop, which is used for
optimizing the perceptual quality of the output.
[0003] Motivated by a desire to reduce computational complexity, as well as with the aim of unifying speech and audio
coding, recently the trend has shifted towards coding in the frequency domain. Modern speech coding algorithms use
frequency domain coding to encode the speech signal with low computational complexity.
[0004] To minimize the perceived degradation of the speech signal, they shape the quantization noise using a per-
ceptual model. State-of-the-art codecs further apply uniform quantization and arithmetic coding in a rate-loop to efficiently
transmit the signal spectra. For higher bit-rates, this approach offers near-optimal SNR and a high perceptual quality.
However, at lower bitrates, the quantization noise is highly correlated to the original signal as parts of the spectrum with
low energy are quantized to zero. As a consequence, the decoded (audio) signals often sound muffled.
[0005] Modern coders like 3rd Generation Partnership Project (3GPP) Enhanced Voice Service (EVS) and Moving
Picture Experts Group (MPEG)-D unified speech and audio coding (USAC) [2], [3] encode the signal using the modified
discrete cosine transform (MDCT) [4], [5], where quantization and coding is shaped by an envelope model [6].
[0006] This approach avoids the analysis-by-synthesis loop and thus allows coding at a low computational complexity.
The magnitude of the quantization noise is shaped by a perceptual model, approximating the auditory masking threshold,
such that the perceptual effect of the quantization noise is minimized.
[0007] Such codecs use an arithmetic coder which requires a rate-loop such that accuracy is scaled to the available
bit-rate, which increases the required computational power significantly, and which is a drawback considering the resource
constraints on typical platforms such as mobile phones.
[0008] Moreover, the arithmetic coder with uniform quantization at a low bitrate tends to correlate the quantization
noise to the original speech signal, whereas it offers near-optimal performance for high bit-rates. This correlation yields
an encoded (audio) signal that tends to sound muffled, as higher frequencies are often quantized to zero. Moreover,
coding efficiency is reduced with decreasing bit-rates.
[0009] Different approaches have been presented to counteract the band limited nature of the encoded speech signal.
One paradigm would be bandwidth extension methods, where the spectral magnitudes of higher frequencies are esti-
mated either using side-info or blindly from the lower parts of the spectrum [1]. Thus, only the lower frequency regions
of the speech signal are encoded explicitly. Another approach is to counteract the muffled sound of encoded speech by
applying noisefilling, which adds artificial noise to the holes in the higher frequencies or by applying dithering [7], [8], [9],
[10], [11].
[0010] The object of the present invention is to provide improved concepts for audio signal encoding, audio signal
processing and audio signal decoding. The object of the present invention is solved by an apparatus according to claim
1, by an apparatus according to claim 11, by a method according to claim 23, by a method according to claim 24, and
by a computer program according to claim 25.
[0011] An apparatus for encoding an audio input signal to obtain an encoded audio signal is provided. The apparatus
comprises a transformation module configured to transform the audio input signal from an original domain to a transform
domain to obtain a transformed audio signal. Moreover, the apparatus comprises an encoding module, configured to
quantize the transformed audio signal to obtain a quantized signal, and configured to encode the quantized signal to
obtain the encoded audio signal. The transformation module is configured to transform the audio input signal depending
on a plurality of predefined power values of quantization noise in the original domain.
[0012] Furthermore, an apparatus for decoding an encoded audio signal to obtain a decoded audio signal is provided.
The apparatus comprises a decoding module, configured to decode the encoded audio signal to obtain a quantized
signal, and configured to dequantize the quantized signal to obtain an intermediate signal, being represented in a
transform domain. Moreover, the apparatus comprises a transformation module configured to transform the intermediate
signal from the transform domain to an original domain to obtain the decoded audio signal. The transformation module
is configured to transform the intermediate signal depending on a plurality of predefined power values of quantization
noise in the original domain.
[0013] Moreover, a method for encoding an audio input signal to obtain an encoded audio signal is provided. The
method comprises:

- Transforming the audio input signal from an original domain to a transform domain to obtain a transformed audio
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signal.

- Quantizing the transformed audio signal to obtain a quantized signal. And:

- Encoding the quantized signal to obtain the encoded audio signal.

[0014] Transforming the audio input signal is conducted depending on a plurality of predefined power values of quan-
tization noise in the original domain.
[0015] Furthermore, a method for decoding an encoded audio signal to obtain a decoded audio signal is provided.
The method comprises:

- Decoding the encoded audio signal to obtain a quantized signal.

- Dequantizing the quantized signal to obtain an intermediate signal, being represented in a transform domain.

- Transforming the intermediate signal from the transform domain to an original domain to obtain the decoded audio
signal.

[0016] Transforming the intermediate signal is conducted depending on a plurality of predefined power values of
quantization noise in the original domain.
[0017] Moreover, a non-transitory computer-readable medium comprising a computer program for implementing the
method for encoding when being executed on a computer or signal processor is provided.
[0018] In contrast to the state-of-the art, embodiments employ uniform quantization in a sub-space, where the quan-
tization noise can be shaped by choice of the subspace projection. For components exceeding one bit/sample, these
transforms are complemented either by an iterative delta-coding scheme or by applying arithmetic coding.
[0019] Embodiments provide a modification of dithered quantization and coding approach, combined with a differential
one bit quantization scheme that offers computationally efficient coding also with constant bit-rates. Due to dithering,
the resulting quantization reduces the correlation between quantization noise and the original speech signal and can be
shaped according to a perceptual model. Thus, the quantized signal does not lack energy in the higher frequencies and
will not sound muffled. Since perceptual quantization noise would then be perceivable at low-energy parts of the spectrum,
such as the high-frequencies, one may, e.g., further incorporate Wiener filtering in the decoder to best recover the original
signal.
[0020] Experiments show that the proposed coder gives a better signal-to-noise ratio (SNR) than conventional uniform
quantization with arithmetic coding at low bit-rates and that the coder according to embodiments is very close to optimal
coding efficiency. In particular, experiments show that when only iterative one-bit coding is employed, the perceptual
SNR is only improved for lower bit-rates. However, the hybrid approach according to embodiments which combines the
proposed sub-space transforms with arithmetic coding improves both SNR and perceptual quality for lower bit-rates and
converges to the performance of the arithmetic coder at higher bit-rates.
[0021] Some embodiments provide a sub space transform, that allows to determine the power spectral density (PSD)
of the quantization noise in order to minimize the perceptual degradation.
[0022] This subspace transform is applicable, if the required accuracy of each sample is smaller than one bit. Thus,
in practice it may, for example, be complemented by a second quantization scheme.
[0023] In order to stay in the paradigm of one bit quantization, a combination of the provided subspace transform and
a differential one-bit quantization approach may, e.g., be implemented.
[0024] Such embodiments iteratively quantize the error of the previous quantization step.
[0025] Moreover, in some embodiments, a combination of arithmetic coding and the sub-space transform is provided.
In the evaluation the two of the new embodiments are compared to classic arithmetic coding and to a hybrid coder.
[0026] In the evaluation some of the embodiments are compared with state-of-the-art methods in a simplified TCX-
type coding scenario. The objective evaluation showed that the performance of the provided embodiments of arithmetic
coding and the sub-space transform exceeds the performance of the other tested approaches in terms of SNR. The
differential approach works particularly well for lower bit-rates. The MUSHRA listening test confirms that the results of
the objective evaluation.
[0027] Embodiments provide a hybrid coding scheme which exceeds the performance of state-of-the-art encoding
schemes both in the objective and in the subjective evaluation. Moreover, the provided embodiments can be readily
used in any TCX-like speech coder.
[0028] In the following, embodiments of the present invention are described in more detail with reference to the figures,
in which:
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Fig. 1 illustrates an apparatus for encoding according to an embodiment,

Fig. 2 illustrates an apparatus for decoding according to an embodiment,

Fig. 3 illustrates a system according to an embodiment,

Fig. 4 illustrates a perceptual signal-to-noise ratio of embodiment compared to state-of-the-art, plotted as a function
of the bit-rate.

Fig. 5 illustrates results of the MUSHRA listening test where the residual was encoded using 8.2 kbit s-1.

Fig. 6 illustrates results of the MUSHRA listening test running at 16.2 kbit s-1.

[0029] Fig. 1 illustrates an apparatus for encoding an audio input signal to obtain an encoded audio signal according
to an embodiment. The apparatus comprises a transformation module 110 configured to transform the audio input signal
from an original domain to a transform domain to obtain a transformed audio signal. Moreover, the apparatus comprises
an encoding module 120, configured to quantize the transformed audio signal to obtain a quantized signal, and configured
to encode the quantized signal to obtain the encoded audio signal. The transformation module 110 is configured to
transform the audio input signal depending on a plurality of predefined power values of quantization noise in the original
domain.
[0030] According to an embodiment, the transformation module 110 may, e.g., be configured to transform the audio
input signal from the original domain to the transform domain by conducting an orthogonal transformation.
[0031] In an embodiment, the original domain may, e.g., be a spectral domain.
[0032] According to an embodiment, the transformation module 110 may, e.g., be configured to transform the audio
input signal depending on the plurality of predefined power values of quantization noise in the original domain and
depending on a plurality of predefined power values of the quantization noise in the transform domain.
[0033] In an embodiment, the transformation module 110 may, e.g., be configured to transform the audio input signal
using a transformation matrix A, wherein the transformation module 110 is configured to transform the audio input signal
according to: 

wherein d indicates the transformed audio signal, wherein x indicates the audio input signal, wherein A indicates the
transformation matrix depending on the plurality of predefined power values of the quantization noise in the original
domain and depending on the plurality of predefined power values of the quantization noise in the transform domain.
[0034] According to an embodiment, A may, e.g., be defined according to 

 wherein p may, e.g., be defined according to: 

wherein 
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wherein 

wherein Cex is a first covariance matrix comprising on its diagonal the plurality of predefined power values of the quan-
tization noise in the original domain, wherein d0 and d1 are matrix coefficients of Cex, and wherein Ced is a second
covariance matrix comprising on its diagonal the plurality of predefined power values of the quantization noise in the
transform domain, wherein c0 and c1 are matrix coefficients of Ced.
[0035] In an embodiment, the transform module may, e.g., be configured to determine the matrix A by determining
two or more rotations depending on the plurality of predefined power values of quantization noise in the original domain
and depending on the plurality of predefined power values of the quantization noise in the transform domain.
[0036] According to an embodiment, the transformation module 110 may, e.g., be configured to transform the audio
input signal depending on a variance of the quantization noise in the transform domain.

[0037] In an embodiment, the variance  of the quantization noise in the transform domain may, e.g., be defined
according to 

 wherein  is a variance of sign quantization of a sample ξ of the transformed audio signal in the transform domain,
wherein the transformation module 110 is configured to transform the audio input signal depending on Ced that comprises
on its diagonal the plurality of predefined power values of the quantization noise in the transform domain, wherein Ced
may, e.g., be defined according to: 

wherein N indicates a number of samples of the transformed audio signal, wherein B indicates a number of bits of the
quantized signal, wherein IB indicates an identity matrix having B rows and B columns, and wherein IN-B indicates an
identity matrix having N-B rows and N-B columns.
[0038] According to an embodiment, the transformation module 110 may, e.g., be configured to conduct permutations
on samples of the audio input signal before transforming the audio input signal to the transform domain.
[0039] Likewise, decoding may, e.g., be conducted on a decoder side by applying the same or analogous principles
as applied for encoding on an encoder side. To this end, an apparatus for decoding may conduct decoding based on
the same assumptions as the assumptions of an apparatus for encoding on the encoder side.
[0040] For example, an apparatus for encoding and an apparatus for decoding may, e.g., use a same plurality of
predefined power values of quantization noise in the original domain and may, e.g., use a same plurality of predefined
power values of the quantization noise in the transform domain. This may, e.g., be achieved by having same, similar or
analogous start values and algorithms implemented in the apparatus for encoding and in the apparatus for decoding.
[0041] Fig. 2 illustrates an apparatus for decoding an encoded audio signal to obtain a decoded audio signal according
to an embodiment. The apparatus comprises a decoding module 210, configured to decode the encoded audio signal
to obtain a quantized signal, and configured to dequantize the quantized signal to obtain an intermediate signal, being
represented in a transform domain. Moreover, the apparatus comprises a transformation module 220 configured to
transform the intermediate signal from the transform domain to an original domain to obtain the decoded audio signal.
The transformation module 220 is configured to transform the intermediate signal depending on a plurality of predefined
power values of quantization noise in the original domain.
[0042] According to an embodiment, the transformation module 220 may, e.g., be configured to transform the inter-
mediate signal from the transform domain to the original domain by conducting an orthogonal transformation.
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[0043] In an embodiment, the original domain may, e.g., be a spectral domain.
[0044] According to an embodiment, the transformation module 220 may, e.g., be configured to transform the inter-
mediate signal depending on the plurality of predefined power values of quantization noise in the original domain and
depending on a plurality of predefined power values of the quantization noise in the transform domain.
[0045] In an embodiment, the transformation module 220 may, e.g., be configured to transform the intermediate signal
using a transformation matrix AT, wherein the transformation module 220 is configured to transform the audio input
signal according to: 

wherein d indicates the intermediate signal, wherein x indicates the decoded audio signal, wherein AT indicates the
transformation matrix depending on the plurality of predefined power values of the quantization noise in the original
domain and depending on the plurality of predefined power values of the quantization noise in the transform domain.
[0046] According to an embodiment, AT may, e.g., be a conjugate transpose matrix of a matrix A, wherein the matrix
A may, e.g., be defined according to: 

wherein p may, e.g., be defined according to: 

 wherein 

wherein 

wherein Cex may, e.g., be a first covariance matrix comprising on its diagonal the plurality of predefined power values
of the quantization noise in the original domain, wherein d0 and d1 are matrix coefficients of Cex, and wherein Ced may,
e.g., be a second covariance matrix comprising on its diagonal the plurality of predefined power values of the quantization
noise in the transform domain, wherein c0 and c1 are matrix coefficients of Ced.
[0047] In an embodiment, the transform module may, e.g., be configured to determine matrix AT by determining two
or more rotations depending on the plurality of predefined power values of quantization noise in the original domain and
depending on the plurality of predefined power values of the quantization noise in the transform domain.
[0048] According to an embodiment, the transformation module 220 may, e.g., be configured to transform the inter-
mediate signal depending on a variance of the quantization noise in the transform domain.

[0049] In an embodiment, the variance  of the quantization noise in the transform domain is defined according to 
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wherein  is a variance of sign quantization of a sample ξ of the quantized signal in the transform domain, wherein
the transformation module 220 may, e.g., be configured to transform the intermediate signal depending Ced that comprises
on its diagonal the plurality of predefined power values of the quantization noise in the transform domain, wherein Ced
may, e.g., be defined according to:

wherein N indicates a number of samples of the intermediate audio signal, wherein B indicates a number of bits of the
quantized signal, wherein IB indicates an identity matrix having B rows and B columns, and wherein IN-B indicates an
identity matrix having N-B rows and N-B columns.
[0050] According to an embodiment, the transformation module 220 may, e.g., be configured to conduct permutations
on samples of the audio input signal after transforming the intermediate signal to the original domain to obtain the
decoded audio signal.
[0051] In an embodiment, considering an apparatus for decoding an encoded audio signal to obtain a decoded audio
signal according to one of the above-described embodiments, the encoded audio signal may, e.g., be encoded by an
apparatus for encoding according to one of the above-described embodiments.
[0052] Fig. 3 illustrates a system according to an embodiment, The system comprises an apparatus 310 for encoding
an audio input signal to obtain an encoded audio signal according to one of the above-described embodiments. Moreover,
the system comprises an apparatus 320 for decoding the encoded audio signal to obtain a decoded audio signal according
to one of the above-described embodiments. The apparatus for decoding 320 is configured to receive the encoded audio
signal from the apparatus 310 for encoding.
[0053] Furthermore, a non-transitory computer-readable medium comprising a computer program for implementing
the method for decoding when being executed on a computer or signal processor is provided.
[0054] In the following, embodiments are considered that relate to subspace projections.
[0055] In speech coding at low bit-rates, it is a common to encode the signal components with less than 1 bit / sample.
In addition, in perceptual coding of speech and audio, the quantization noise should be shaped according to a psycho-
acoustic model, to minimize the perceptual degradation due to quantization.
[0056] Thus, a quantization scheme may, e.g., be employed which simultaneously allows both perceptual shaping of
quantization noise and coding at less than 1 bit / sample.
[0057] The proposed approach has the following parts; In the first-pass, an orthogonal transform and quantization on
a subspace is applied. The transform is designed such that quantization of the given sub-space yields quantization noise
with the predefined spectral shape in the original domain. Then, an inverse transform is applied on the quantized signal.
In the following iterations, the residual error of the previous iterations is quantized with the same approach, until all bits
have been used.

[0058] An input vector is considered in the frequency domain  (x may, e.g., be considered as audio
input signal), which shall be encoded with B bits. Moreover, the power spectral density of the quantization noise should

follow the shape of a given perceptual envelope  in order to minimize the perceived degradation of the
signal due to quantization. Let the transformed (audio) signal d be 

and quantize it as 
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where Q[·] is the quantization operation and d the quantized signal. Since A is orthogonal, its transpose is its inverse
such that the inverse transform follows: 

[0059] The quantization error is then ed = d - d and the output error is ex = x - x = ATed. Thus, one defines two covariance

matrices  and  which describe the error covariance (e.g., the
covariance of the quantization noise) in the transform and in the original domain, where (·)T denotes the conjugate
transpose. One is only interested in the diagonals of these matrices and it is defined: 

 where  and  as the quantization space is a subspace of the original.
[0060] It should be noted that only the diagonal of the covariance matrices have been specified, in contrast to the off-
axis entries corresponding to cross-correlations. Conversely, it is acknowledged that cross-correlations will be non-zero
by design, when quantizing with less than 1 bit per sample.
[0061] A shall be designed such that the diagonal of the output error covariance Cex retains the predefined shape
when the quantization error Ced is known. To derive such a transform matrix A, let us start with the simplest example
where the input signal is of length N = 2.
[0062] In a two dimensional space, all orthogonal matrices can be described (up to changes in sign) by 

[0063] Assuming that the quantization noise is uncorrelated, the two dimensional covariance matrix Ced is defined as 

[0064] The matrix coefficients on the diagonal of Ced may, e.g., be considered as the plurality of predefined power
values of quantization noise in the transform domain. The predefined power values of quantization noise in the transform
domain may, e.g., be given by a quantization scheme or may, e.g., be estimated from the quantization scheme, wherein
the quantization scheme itself may, e.g., be predefined.
[0065] The covariance of the error in the original domain can then readily be obtained by Cex = ATCedA: 

^

^ ^
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[0066] Let the predefined correlation / predefined covariance of the quantization noise in the original domain be 

where samples marked with a dot are not defined. The matrix coefficients on the diagonal of Cex may, e.g., be considered
as the plurality of predefined power values of quantization noise in the original domain. From Equation 7 it then follows that 

and one can readily derive the predefined value of p as 

[0067] It shall be noted that c0 + c1 = d0 + d1, that is, the error energy is retained through the transform.
[0068] In the following, a predefined correlation or a predefined covariance may, e.g., also be referred to as a target
correlation or as a target covariance.
[0069] The following task may, e.g., be considered to determine the error covariance Ced of the quantizer. If sign

quantization is applied on a sample ξ, which follows a zero-mean Gaussian distribution with variance  then its

absolute value follows the half-normal distribution with mean  and variance  [12]. The optimal

scaling of sign quantization is thus  and the variance of the error

[0070] If the first sample is then quantized with this sign-quantizer and the second sample is put to zero, the covariance
of the error would follow by 

[0071] In other words, the sign quantizer reduces output error energy with a factor of  Applying scalar one-bit
(sign) quantization in the transform domain, the error covariance in the original domain after the inverse transform follows
by: 
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[0072] For input vectors x of arbitrary length N, the approach is extended as follows. If the number of available bits is
B, then the error correlation is defined as 

where IK is the identity matrix of size K 3 K and the ck’s are scalars. The definition of Ced in Equation 13 shows the
covariance of the quantization error in the transform domain, where the first B-bits are quantized applying one bit
quantization and the rest get quantized to zero.
[0073] Further let the diagonal of the target output covariance be Cex = diag(dk). This diagonal specifies the power
spectral density of the quantization noise in the original domain, thus the quantization noise is shaped according to
perceptual measure, in order to have minimal impact on the perceived degradation.
[0074] The preceding derivation is limited to vectors of length two. In order to generalize this scheme to arbitrary
length, such that it is applicable in practice, it is considered to apply multiple rotation in sequence.

[0075] A sequence of Givens rotations  defined in matrix formulation as 

are applied on Ced by matrix multiplication to move error energy to match the target Cex, wherein the choice of p is

determined by Eq. 10. The same sequence of rotations will be applied on a matrix  initialized by an
identity matrix of size N x N, which yields the desired transform matrix.
[0076] It should be noted that for the following description, the diagonal entries of Cex should be sorted by ascending
order.
[0077] It is assumed that one has correct output error energies dk below a sample index k and that the next available
position from where one can move energy in the input error ch is at index h. Due to the given ascending order the input
error energy is larger than the output, ck ≥ dk, whereby Equation 10 can be used to obtain the predefined amount of
output error energy dk and one can then increment k := k+1.
[0078] This can also be formulated in an algorithm:
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[0079] In other words, in a sequence of pair-wise rotations, the input error energy can be rotated such that the predefined
output error energy distribution is obtained. For additional dithering, if predefined, one can also apply random permutations
on x before multiplication with A, following [8].
[0080] The above algorithm is applicable when 1) the sum of the predefined output error energy exactly matches the
sum of the input error energy ∑k ck = ∑k dk and 2) output error energies are in the convex hull of the input energies minh
dk ≤ ch ≤ maxh dk. 3) the entries of the diagonal of Cex need to be presorted in ascending order.
[0081] In the following, embodiments are considered that relate to an iterative one-bit approach.
[0082] The above introduced sub-space projection approach yields optimal performance if each sample has to be
encoded with an accuracy less than one-bit. Thus this approach may, e.g., be complemented by a scheme capable to
encode samples with a higher accuracy than one-bit. As the approach shall also be based on one-bit quantization, a
differential version was implemented, where the error of the previous iteration is encoded with one bit. Iteration is
conducted until the required accuracy is reached.
[0083] However, this scheme offers only sub-optimal performance, as after the iteration the distribution of the residual
is not known anymore and the assumption that it follows a Gaussian distribution does not hold any more. Moreover,
with each step the residual has to be rescaled to unit variance. This rescaling factor shall not be transmitted due to data
rate limitations and shall therefore be estimated.
[0084] Fig. 4 illustrates a perceptual signal-to-noise ratio of embodiment (HybPROJ) compared to state-of-the-art,
plotted as a function of the bit-rate.
[0085] In the following, evaluation aspects are presented.
[0086] According to embodiments, sub-space transforms are applied in order to quantize samples with an accuracy
lower than one bit. As this approach may, e.g., be supplemented to enable an accuracy higher than one bit per sample,
it may, for example, be combined with either an arithmetic coder, and a differential one-bit quantizer. As a benchmark,
it is also compared to sole arithmetic coding and to the recently introduced hybrid coder, applying randomized transforms.
In order to compare the performance in a practical scenario, a transform coded excitation (TCX) transform coder is
implemented based on the structure of the one implemented in EVS [2].
[0087] In this application the input signal is windowed and transformed to the frequency domain applying the MDCT.
The frequency domain vectors are then whitened, applying the inverse of the spectral shape of a linear prediction (LP)
filter that was calculated on the time domain input of the MDCT. These time-domain vectors are then normalized to yield
vectors of unit variance. In order to minimize the perceptual degradation of the introduced quantization noise, the bit-
distribution over the frequency domain residual was deduced from a perceptual model, also adopted from EVS [2], such
that the resulting quantization noise follows the shape of the masking threshold.
[0088] As test items the american-english items of the Nippon Telegraph and Telephone - Advanced Technology
(NTT-AT) Multilingual Speech Database 2002 were used. As a sampling rate 12.8 kHz was chosen, resulting in a
bandwidth of 6.4 kHz, also referred to as wide-band speech. The input signal was windowed applying a symmetric
window of 30 ms length, that was constructed as a raised-cosine window of 20 ms, where a constant part of 10 ms was
added. The step size was chosen to be 20 ms.
[0089] For the objective evaluation the different approaches with respect to their perceptual SNR were compared, as
this is also the domain in which the quantization error is minimized and thus gives us a direct measure of performance
of the individual approaches.
[0090] The results of the perceptual SNR are depicted in Fig. 4. For the lowest tested bit-rate, the hybrid approaches
can improve the performance of the arithmetic coder. For this low bit-rate also the differential one-bit quantization is
capable to achieve better results than the arithmetic coder. However, with increasing bit-rate the difference between the
hybrid approaches and the arithmetic coder diminishes. This convergence can be easily explained by the fact that with
increasing bit-rate, more bits are available, and thus the arithmetic coder will be used predominantly for the different
approaches. Although the differential approach works particularly well for the lowest presented bit-rate. It becomes clear
that the performance is sub-optimal, especially if the number of iterations increases.
[0091] To confirm that the results of the objective evaluation reflect the human perception, a MUSHRA test was
performed, in which 14 subjects participated. As stimuli, two male (WA01M029 and WA01M050) and two female
(WA01F007 and WA01F016) speech samples from the NTT-AT database were selected, which were quantized at a bit-
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rate of 8.2 kbit s-1 and 16.2 kbit s-1. The results of the listening tests are presented in Fig. 5 and Fig. 6 for 8.2 kbit s-1

and 16.2 kbit s-1 respectively.
[0092] Fig. 5 illustrates results of the MUSHRA listening test where the residual was encoded using 8.2 kbit s-1.
[0093] Fig. 6 illustrates results of the MUSHRA listening test running at 16.2 kbit s-1.
[0094] The results for the lower bit-rate of 8.2 kbit s-1 are depicted in Fig. 5 and reflect the results of the objective
evaluation. Thus, all hybrid and the differential coding approaches perform significantly better than the arithmetic coding
approach. However, there is no significant difference between the hybrid approaches and the differential, yet the mean
score of the hybrid approaches are higher than the differential approach.
[0095] The results for the higher bit-rate of 16.2 kbit s-1, show no significant differences between the arithmetic and
the hybrid coding approaches, the differential approach however shows a clear disadvantage in performance.
[0096] The fact that the perceptual difference of the hybrid approaches decreases with an increase in bit-rate can be
easily explained. With an increase in bit-rate, the average bits spend per frequency bin will increase. Any bin that is
encoded with an accuracy higher than one bit per bin will be encoded, applying the arithmetic coder. Thus with an
increase in bit-rate the number of frequency bins that are encoded applying arithmetic coding will typically increase.
Thus the performance of the different approaches will converge with increasing bit-rate.
[0097] As the application of the proposed encoding scheme is aimed at speech coding, speech samples were used
for the formal evaluation. Informal evaluation however showed that for signals that are very sparse in the frequency
domain, the arithmetic coding has a small advantage also at lower bit-rates.
[0098] Such signals could be of synthetic nature as pure sinusoids or very harmonic signals with a small number of
harmonics, e.g. pitch-pipes. For other music signals however, the results of this evaluation are transferable.
[0099] In the following, examples of the present invention are provided:

Example 1: An apparatus for encoding an audio input signal to obtain an encoded audio signal, wherein the apparatus
comprises:

a transformation module configured to transform the audio input signal from an original domain to a transform
domain to obtain a transformed audio signal, and

an encoding module, configured to quantize the transformed audio signal to obtain a quantized signal, and
configured to encode the quantized signal to obtain the encoded audio signal,

wherein the transformation module is configured to transform the audio input signal depending on a plurality of
predefined power values of quantization noise in the original domain.

Example 2: An apparatus according to example 1,
wherein the transformation module is configured to transform the audio input signal from the original domain to the
transform domain by conducting an orthogonal transformation.

Example 3: An apparatus according to example 1, wherein the original domain is a spectral domain.

Example 4: An apparatus according to example 1,
wherein the transformation module is configured to transform the audio input signal depending on the plurality of
predefined power values of the quantization noise in the original domain and depending on a plurality of predefined
power values of the quantization noise in the transform domain.

Example 5: An apparatus according to example 4,
wherein the transformation module is configured to transform the audio input signal using a transformation matrix
A, wherein the transformation module is configured to transform the audio input signal according to: 

wherein d indicates the transformed audio signal,

wherein x indicates the audio input signal,

wherein A indicates the transformation matrix depending on the plurality of predefined power values of the
quantization noise in the original domain and depending on the plurality of predefined power values of the
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quantization noise in the transform domain.

Example 6: An apparatus according to example 5,

wherein A is defined according to 

wherein p is defined according to: 

wherein 

wherein 

wherein Cex is a first covariance matrix comprising on its diagonal the plurality of predefined power values of
the quantization noise in the original domain, wherein d0 and d1 are matrix coefficients of Cex, and

wherein Ced is a second covariance matrix comprising on its diagonal the plurality of predefined power values
of the quantization noise in the transform domain, wherein c0 and c1 are matrix coefficients of Ced.

Example 7: An apparatus according to example 5,
wherein the transform module is configured to determine the matrix A by determining two or more rotations depending
on the plurality of predefined power values of quantization noise in the original domain and depending on the plurality
of predefined power values of the quantization noise in the transform domain.

Example 8: An apparatus according to example 4,
wherein the transformation module is configured to transform the audio input signal depending on a variance of the
quantization noise in the transform domain.

Example 9: An apparatus according to example 8,

wherein the variance  of the quantization noise in the transform domain is defined according to 

wherein  is a variance of sign quantization of a sample ξ of the transformed audio signal in the transform
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domain,

wherein the transformation module is configured to transform the audio input signal depending on Ced that
comprises on its diagonal the plurality of predefined power values of the quantization noise in the transform
domain, wherein Ced is defined according to: 

wherein N indicates a number of samples of the transformed audio signal,

wherein B indicates a number of bits of the quantized signal,

wherein IB indicates an identity matrix having B rows and B columns, and

wherein IN-B indicates an identity matrix having N-B rows and N-B columns.

Example 10: An apparatus according to example 1, wherein the transformation module is configured to conduct
permutations on samples of the audio input signal before transforming the audio input signal to the transform domain.

Example 11: An apparatus for decoding an encoded audio signal to obtain a decoded audio signal, wherein the
apparatus comprises:

a decoding module, configured to decode the encoded audio signal to obtain a quantized signal, and configured
to dequantize the quantized signal to obtain an intermediate signal, being represented in a transform domain, and

a transformation module configured to transform the intermediate signal from the transform domain to an original
domain to obtain the decoded audio signal,

wherein the transformation module is configured to transform the intermediate signal depending on a plurality
of predefined power values of quantization noise in the original domain.

Example 12: An apparatus according to example 11,
wherein the transformation module is configured to transform the intermediate signal from the transform domain to
the original domain by conducting an orthogonal transformation.

Example 13: An apparatus according to example 11, wherein the original domain is a spectral domain.

Example 14: An apparatus according to example 11,
wherein the transformation module is configured to transform the intermediate signal depending on the plurality of
predefined power values of quantization noise in the original domain and depending on a plurality of predefined
power values of the quantization noise in the transform domain.

Example 15: An apparatus according to example 14,
wherein the transformation module is configured to transform the intermediate signal using a transformation matrix
AT, wherein the transformation module is configured to transform the audio input signal according to: 

wherein d indicates the intermediate signal,

wherein x indicates the decoded audio signal,

wherein AT indicates the transformation matrix depending on the plurality of predefined power values of the
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quantization noise in the original domain and depending on the plurality of predefined power values of the
quantization noise in the transform domain.

Example 16: An apparatus according to example 15,

wherein AT is a conjugate transpose matrix of a matrix A, wherein the matrix A is defined according to: 

wherein p is defined according to: 

wherein 

wherein 

wherein Cex is a first covariance matrix comprising on its diagonal the plurality of predefined power values of
the quantization noise in the original domain, wherein d0 and d1 are matrix coefficients of Cex, and
wherein Ced is a second covariance matrix comprising on its diagonal the plurality of predefined power values
of the quantization noise in the transform domain, wherein c0 and c1 are matrix coefficients of Ced.

Example 17: An apparatus according to example 15,
wherein the transform module is configured to determine matrix AT by determining two or more rotations depending
on the plurality of predefined power values of quantization noise in the original domain and depending on the plurality
of predefined power values of the quantization noise in the transform domain.

Example 18: An apparatus according to example 14,
wherein the transformation module is configured to transform the intermediate signal depending on a variance of
the quantization noise in the transform domain.

Example 19: An apparatus according to example 18,

wherein the variance  of the quantization noise in the transform domain is defined according to 

wherein  is a variance of sign quantization of a sample ξ of the quantized signal in the transform domain,
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wherein the transformation module is configured to transform the intermediate signal depending Ced that com-
prises on its diagonal the plurality of predefined power values of the quantization noise in the transform domain,
wherein Ced is defined according to: 

wherein N indicates a number of samples of the intermediate audio signal,

wherein B indicates a number of bits of the quantized signal,

wherein IB indicates an identity matrix having B rows and B columns, and

wherein IN-B indicates an identity matrix having N-B rows and N-B columns.

Example 20: An apparatus according to example 11,
wherein the transformation module is configured to conduct permutations on samples of the audio input signal after
transforming the intermediate signal to the original domain to obtain the decoded audio signal.

Example 21: An apparatus for decoding an encoded audio signal to obtain a decoded audio signal, wherein the
apparatus comprises:

a decoding module, configured to decode the encoded audio signal to obtain a quantized signal, and configured
to dequantize the quantized signal to obtain an intermediate signal, being represented in a transform domain, and

a transformation module configured to transform the intermediate signal from the transform domain to an original
domain to obtain the decoded audio signal,

wherein the transformation module is configured to transform the intermediate signal depending on a plurality
of predefined power values of quantization noise in the original domain,

wherein the encoded audio signal is encoded by an apparatus according to example 1.

Example 22: A system comprising:

an apparatus for encoding an audio input signal to obtain an encoded audio signal, and

an apparatus according to example 11 for decoding the encoded audio signal to obtain a decoded audio signal,

wherein the apparatus for encoding comprises:

a transformation module configured to transform the audio input signal from an original domain to a transform
domain to obtain a transformed audio signal, and

an encoding module, configured to quantize the transformed audio signal to obtain a quantized signal, and
configured to encode the quantized signal to obtain the encoded audio signal,

wherein the transformation module of the apparatus for encoding is configured to transform the audio input
signal depending on a plurality of predefined power values of quantization noise in the original domain,

wherein the apparatus according to example 11 is configured to receive the encoded audio signal from the
apparatus for encoding.

Example 23: A method for encoding an audio input signal to obtain an encoded audio signal, wherein the method
comprises:
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transforming the audio input signal from an original domain to a transform domain to obtain a transformed audio
signal,

quantizing the transformed audio signal to obtain a quantized signal, and

encoding the quantized signal to obtain the encoded audio signal,

wherein transforming the audio input signal is conducted depending on a plurality of predefined power values
of quantization noise in the original domain.

Example 24: A method for decoding an encoded audio signal to obtain a decoded audio signal, wherein the method
comprises:

decoding the encoded audio signal to obtain a quantized signal,

dequantizing the quantized signal to obtain an intermediate signal, being represented in a transform domain, and

transforming the intermediate signal from the transform domain to an original domain to obtain the decoded
audio signal,

wherein transforming the intermediate signal is conducted depending on a plurality of predefined power values
of quantization noise in the original domain.

Example 25: A non-transitory computer-readable medium comprising a computer program for implementing the
method of example 23 or 24 when being executed on a computer or signal processor.

[0100] Although some aspects have been described in the context of an apparatus, it is clear that these aspects also
represent a description of the corresponding method, where a block or device corresponds to a method step or a feature
of a method step. Analogously, aspects described in the context of a method step also represent a description of a
corresponding block or item or feature of a corresponding apparatus. Some or all of the method steps may be executed
by (or using) a hardware apparatus, like for example, a microprocessor, a programmable computer or an electronic
circuit. In some embodiments, one or more of the most important method steps may be executed by such an apparatus.
[0101] Depending on certain implementation requirements, embodiments of the invention can be implemented in
hardware or in software or at least partially in hardware or at least partially in software. The implementation can be
performed using a digital storage medium, for example a floppy disk, a DVD, a Blu-Ray, a CD, a ROM, a PROM, an
EPROM, an EEPROM or a FLASH memory, having electronically readable control signals stored thereon, which coop-
erate (or are capable of cooperating) with a programmable computer system such that the respective method is performed.
Therefore, the digital storage medium may be computer readable.
[0102] Some embodiments according to the invention comprise a data carrier having electronically readable control
signals, which are capable of cooperating with a programmable computer system, such that one of the methods described
herein is performed.
[0103] Generally, embodiments of the present invention can be implemented as a computer program product with a
program code, the program code being operative for performing one of the methods when the computer program product
runs on a computer. The program code may for example be stored on a machine readable carrier.
[0104] Other embodiments comprise the computer program for performing one of the methods described herein,
stored on a machine readable carrier.
[0105] In other words, an embodiment of the inventive method is, therefore, a computer program having a program
code for performing one of the methods described herein, when the computer program runs on a computer.
[0106] A further embodiment of the inventive methods is, therefore, a data carrier (or a digital storage medium, or a
computer-readable medium) comprising, recorded thereon, the computer program for performing one of the methods
described herein. The data carrier, the digital storage medium or the recorded medium are typically tangible and/or non-
transitory.
[0107] A further embodiment of the inventive method is, therefore, a data stream or a sequence of signals representing
the computer program for performing one of the methods described herein. The data stream or the sequence of signals
may for example be configured to be transferred via a data communication connection, for example via the Internet.
[0108] A further embodiment comprises a processing means, for example a computer, or a programmable logic device,
configured to or adapted to perform one of the methods described herein.
[0109] A further embodiment comprises a computer having installed thereon the computer program for performing
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one of the methods described herein.
[0110] A further embodiment according to the invention comprises an apparatus or a system configured to transfer
(for example, electronically or optically) a computer program for performing one of the methods described herein to a
receiver. The receiver may, for example, be a computer, a mobile device, a memory device or the like. The apparatus
or system may, for example, comprise a file server for transferring the computer program to the receiver.
[0111] In some embodiments, a programmable logic device (for example a field programmable gate array) may be
used to perform some or all of the functionalities of the methods described herein. In some embodiments, a field pro-
grammable gate array may cooperate with a microprocessor in order to perform one of the methods described herein.
Generally, the methods are preferably performed by any hardware apparatus.
[0112] The apparatus described herein may be implemented using a hardware apparatus, or using a computer, or
using a combination of a hardware apparatus and a computer.
[0113] The methods described herein may be performed using a hardware apparatus, or using a computer, or using
a combination of a hardware apparatus and a computer.
[0114] The above described embodiments are merely illustrative for the principles of the present invention. It is un-
derstood that modifications and variations of the arrangements and the details described herein will be apparent to
others skilled in the art. It is the intent, therefore, to be limited only by the scope of the impending patent claims and not
by the specific details presented by way of description and explanation of the embodiments herein.
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Claims

1. An apparatus for encoding an audio input signal to obtain an encoded audio signal, wherein the apparatus comprises:

a transformation module (110) configured to transform the audio input signal from an original domain to a
transform domain to obtain a transformed audio signal, and
an encoding module (120), configured to quantize the transformed audio signal to obtain a quantized signal,
and configured to encode the quantized signal to obtain the encoded audio signal,
wherein the transformation module (110) is configured to transform the audio input signal depending on a
plurality of predefined power values of quantization noise in the original domain.

2. An apparatus according to claim 1,
wherein the original domain is a spectral domain; and/or
wherein the transformation module (110) is configured to transform the audio input signal from the original domain
to the transform domain by conducting an orthogonal transformation; and/or
wherein the transformation module (110) is configured to transform the audio input signal depending on the plurality
of predefined power values of the quantization noise in the original domain and depending on a plurality of predefined
power values of the quantization noise in the transform domain; and/or
wherein the transformation module (110) is configured to transform the audio input signal depending on a variance
of the quantization noise in the transform domain; and/or
wherein the transformation module (110) is configured to conduct permutations on samples of the audio input signal
before transforming the audio input signal to the transform domain.

3. An apparatus according to claim 2,
wherein the transformation module (110) is configured to transform the audio input signal using a transformation
matrix A, wherein the transformation module (110) is configured to transform the audio input signal according to: 

wherein d indicates the transformed audio signal,
wherein x indicates the audio input signal,
wherein A indicates the transformation matrix depending on the plurality of predefined power values of the
quantization noise in the original domain and depending on the plurality of predefined power values of the
quantization noise in the transform domain.

4. An apparatus according to claim 3,

wherein 

wherein 

wherein 
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wherein 

wherein Cex is a first covariance matrix comprising on its diagonal the plurality of predefined power values of
the quantization noise in the original domain, wherein d0 and d1 are matrix coefficients of Cex; and wherein Ced
is a second covariance matrix comprising on its diagonal the plurality of predefined power values of the quan-
tization noise in the transform domain, wherein c0 and c1 are matrix coefficients of Ced ;
and/or
wherein the transform module is configured to determine the matrix A by determining two or more rotations
depending on the plurality of predefined power values of quantization noise in the original domain and depending
on the plurality of predefined power values of the quantization noise in the transform domain.

5. An apparatus according to one of claims 2 to 4,

wherein the variance  of the quantization noise in the transform domain is defined according to 

wherein  is a variance of sign quantization of a sample ξ of the transformed audio signal in the transform
domain,
wherein the transformation module (110) is configured to transform the audio input signal depending on Ced
that comprises on its diagonal the plurality of predefined power values of the quantization noise in the transform
domain, wherein Ced is defined according to: 

wherein N indicates a number of samples of the transformed audio signal,
wherein B indicates a number of bits of the quantized signal,
wherein IB indicates an identity matrix having B rows and B columns, and
wherein IN-B indicates an identity matrix having N-B rows and N-B columns.

6. An apparatus for decoding an encoded audio signal to obtain a decoded audio signal, wherein the apparatus
comprises:

a decoding module (210), configured to decode the encoded audio signal to obtain a quantized signal, and
configured to dequantize the quantized signal to obtain an intermediate signal, being represented in a transform
domain, and
a transformation module (220) configured to transform the intermediate signal from the transform domain to an
original domain to obtain the decoded audio signal,
wherein the transformation module (220) is configured to transform the intermediate signal depending on a
plurality of predefined power values of quantization noise in the original domain.
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7. An apparatus according to claim 6,
wherein the original domain is a spectral domain, and/or
wherein the transformation module (220) is configured to transform the intermediate signal from the transform domain
to the original domain by conducting an orthogonal transformation; and/or
wherein the transformation module (220) is configured to transform the intermediate signal depending on the plurality
of predefined power values of quantization noise in the original domain and depending on a plurality of predefined
power values of the quantization noise in the transform domain; and/or
wherein the transformation module (220) is configured to transform the intermediate signal depending on a variance
of the quantization noise in the transform domain; and/or
wherein the transformation module (220) is configured to conduct permutations on samples of the audio input signal
after transforming the intermediate signal to the original domain to obtain the decoded audio signal.

8. An apparatus according to claim 7,
wherein the transformation module (220) is configured to transform the intermediate signal using a transformation
matrix AT, wherein the transformation module (220) is configured to transform the audio input signal according to: 

wherein d indicates the intermediate signal,
wherein x indicates the decoded audio signal,
wherein AT indicates the transformation matrix depending on the plurality of predefined power values of the
quantization noise in the original domain and depending on the plurality of predefined power values of the
quantization noise in the transform domain.

9. An apparatus according to claim 8,

wherein AT is a conjugate transpose matrix of a matrix A,
wherein the matrix A is defined according to: 

wherein 

wherein 

wherein 
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wherein Cex is a first covariance matrix comprising on its diagonal the plurality of predefined power values of
the quantization noise in the original domain, wherein d0 and d1 are matrix coefficients of Cex, and wherein Ced
is a second covariance matrix comprising on its diagonal the plurality of predefined power values of the quan-
tization noise in the transform domain, wherein c0 and c1 are matrix coefficients of Ced ;
and/or
wherein the transform module is configured to determine matrix AT by determining two or more rotations de-
pending on the plurality of predefined power values of quantization noise in the original domain and depending
on the plurality of predefined power values of the quantization noise in the transform domain.

10. An apparatus according to one of claims 7 to 9,

wherein the variance  of the quantization noise in the transform domain is defined according to 

wherein  is a variance of sign quantization of a sample ξ of the quantized signal in the transform domain,
wherein the transformation module (220) is configured to transform the intermediate signal depending Ced that
comprises on its diagonal the plurality of predefined power values of the quantization noise in the transform domain,
wherein Ced is defined according to: 

wherein N indicates a number of samples of the intermediate audio signal,
wherein B indicates a number of bits of the quantized signal,
wherein IB indicates an identity matrix having B rows and B columns, and
wherein IN-B indicates an identity matrix having N-B rows and N-B columns.

11. An apparatus for decoding an encoded audio signal to obtain a decoded audio signal, wherein the apparatus
comprises:

a decoding module (210), configured to decode the encoded audio signal to obtain a quantized signal, and
configured to dequantize the quantized signal to obtain an intermediate signal, being represented in a transform
domain, and
a transformation module (220) configured to transform the intermediate signal from the transform domain to an
original domain to obtain the decoded audio signal,
wherein the transformation module (220) is configured to transform the intermediate signal depending on a
plurality of predefined power values of quantization noise in the original domain,
wherein the encoded audio signal is encoded by an apparatus according to claim 1.

12. A system comprising:

an apparatus for encoding an audio input signal to obtain an encoded audio signal, and
an apparatus according to one of claims 6 to 11 for decoding the encoded audio signal to obtain a decoded
audio signal,
wherein the apparatus for encoding comprises:

a transformation module (110) configured to transform the audio input signal from an original domain to a
transform domain to obtain a transformed audio signal, and
an encoding module (120), configured to quantize the transformed audio signal to obtain a quantized signal,
and configured to encode the quantized signal to obtain the encoded audio signal,



EP 3 629 327 A1

23

5

10

15

20

25

30

35

40

45

50

55

wherein the transformation module (110) of the apparatus for encoding is configured to transform the audio
input signal depending on a plurality of predefined power values of quantization noise in the original domain,
wherein the apparatus according to one of claims 11 to 20 is configured to receive the encoded audio signal
from the apparatus for encoding.

13. A method for encoding an audio input signal to obtain an encoded audio signal, wherein the method comprises:

transforming the audio input signal from an original domain to a transform domain to obtain a transformed audio
signal,
quantizing the transformed audio signal to obtain a quantized signal, and
encoding the quantized signal to obtain the encoded audio signal,
wherein transforming the audio input signal is conducted depending on a plurality of predefined power values
of quantization noise in the original domain.

14. A method for decoding an encoded audio signal to obtain a decoded audio signal, wherein the method comprises:

decoding the encoded audio signal to obtain a quantized signal,
dequantizing the quantized signal to obtain an intermediate signal, being represented in a transform domain, and
transforming the intermediate signal from the transform domain to an original domain to obtain the decoded
audio signal,
wherein transforming the intermediate signal is conducted depending on a plurality of predefined power values
of quantization noise in the original domain.

15. A computer program for implementing the method of claim 13 or 14 when being executed on a computer or signal
processor.
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