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Description
TECHNICAL FIELD

[0001] The proposed technology relates to transform encoding/decoding of audio signals, especially harmonic audio
signals.

BACKGROUND

[0002] Transform encoding is the main technology used to compress and transmit audio signals. The concept of
transform encoding is to first convert a signal to the frequency domain, and then to quantize and transmit the transform
coefficients. The decoder uses the received transform coefficients to reconstruct the signal waveform by applying the
inverse frequency transform, see Fig. 1. In Fig. 1 an audio sighal X(n) is forwarded to a frequency transformer 10. The
resulting frequency transform Y(k) is forwarded to a transform encoder 12, and the encoded transform is transmitted to
the decoder, where it is decoded by a transform decoder 14. The decoded transform ?/(k) is forwarded to an inverse
frequency transformer 16 that transforms it into a decoded audio signal )A((n). The motivation behind this scheme is that
frequency domain coefficients can be more efficiently quantized for the following reasons:

1) Transform coefficients (Y(k) in Fig. 1) are more uncorrelated than input signal samples (X(n) in Fig. 1).

2) The frequency transform provides energy compaction (more coefficients Y(k) are close to zero and can be
neglected), and

3) The subjective motivation behind the transform is that the human auditory system operates on a transformed
domain, and it is easier to select perceptually important signal components on that domain.

[0003] In a typical transform codec the signal waveform is transformed on a block by block basis (with 50% overlap),
using the Modified Discrete Cosine Transform (MDCT). In an MDCT type transform codec a block signal waveform X(n)
is transformed into an MDCT vector Y(k). The length of the waveform blocks corresponds to 20-40 ms audio segments.
If the length is denoted by 2L, the MDCT transform can be defined as:

Y(k)= %Zilsin[(n +%)%}cos[(m+—;—+§j(/€+%)ZL€}X(”) (1)

for k=0,..., L-1. Then the MDCT vector Y(k) is split into multiple bands (sub-vectors), and the energy (or gain) G(j) in
each band is calculated as:

G()= |~ Y 1 )

where m; is the first coefficient in band j and N; refers to the number of MDCT coefficients in the corresponding bands
(a typical range contains 8-32 coefficients). As an example of a uniform band structure, let Nj = 8 for all j, then G(0)
would be the energy of the first 8 coefficients, G(1) would be the energy of the next 8 coefficients, etc.

[0004] These energy values or gains give an approximation of the spectrum envelope, which is quantized, and the
quantization indices are transmitted to the decoder. Residual sub-vectors or shapes are obtained by scaling the MDCT
sub-vectors with the corresponding envelope gains, e.g. the residual in each band is scaled to have unit Root Mean
Square (RMS) energy. Then the residual sub-vectors or shapes are quantized with different number of bits based on
the corresponding envelope gains. Finally, at the decoder, the MDCT vector is reconstructed by scaling up the residual
sub-vectors or shapes with the corresponding envelope gains, and an inverse MDCT is used to reconstruct the time-
domain audio frame.

[0005] The conventional transform encoding concept does not work well with very harmonic audio signals, e.g. single
instruments. An example of such a harmonic spectrum is illustrated in Fig. 2 (for comparison a typical audio spectrum
without excessive harmonics is shown Fig. 3). The reason is that the normalization with the spectrum envelope does
not result in a sufficiently "flat” residual vector, and the residual encoding scheme cannot produce an audio signal of
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acceptable quality. This mismatch between the signal and the encoding model can be resolved only at very high bitrates,
but in most cases this solution is not suitable.

[0006] US 2012/0029923 discloses a scheme for coding a set of transform coefficients that represent an audio fre-
quency range of a signal uses a harmonic model to parameterize a relationship between the locations of regions of
significant energy in the frequency domain.

SUMMARY

[0007] Anobjectofthe proposed technology is a transform encoding/decoding scheme that is more suited for harmonic
audio signals.

[0008] The proposed technology involves a method of encoding Modified Discrete Cosine Transform coefficients of
a harmonic audio signal. The method includes the steps of:

locating spectral peaks having magnitudes exceeding a predetermined threshold, wherein the spectral peaks are
located by comparing coefficients to said threshold to form a vector of peak candidates, and extracting elements
from the peak candidates vector in decreasing order, wherein said threshold is calculated as

= v

where Ep is an average peak energy, Enf is an average noise-floor energy and vy has a fixed predetermined
value, and wherein a peak energy is calculated as Ep(k)=ﬁEp(k)+(1 -B)| Y(k)| and a noise-floor energy is calculated
as E, {k)=0E,{k)+(1-0)|Y(k)|, wherein contribution of high-energy coefficients is emphasized in calculation of

the peak energy and contribution of low-energy coefficients is emphasized in calculation of the noise-floor energy;
encoding peak regions including and surrounding the located peaks, wherein the spectral peaks are quantized
together with neighboring MDCT bins;

encoding, using a number of reserved bits, a first low-frequency, LF, set of coefficients outside the peak regions
and below a crossover frequency that depends on the number of bits used to encode the peak regions, wherein
encoding comprises encoding one or more further low-frequency set of coefficients outside the peak regions if
there are non-reserved bits available after encoding the peak regions;

encoding, using a number of reserved bits, a noise-floor gain of at least one high-frequency set of not yet
encoded coefficients outside the peak regions.

[0009] The proposed technology also involves an encoder for encoding Modified Discrete Cosine Transform coeffi-
cients of a harmonic audio signal. The encoder includes:

a peak locator configured to locate spectral peaks having magnitudes exceeding a predetermined threshold, wherein
the spectral peaks are located by comparing coefficients to said threshold to form a vector of peak candidates, and
extracting elements from the peak candidates vector in decreasing order, wherein said threshold is calculated as

where Ep is an average peak energy, Enf is an average noise-floor energy and vy has a fixed predetermined
value, and wherein a peak energy is calculated as Ep(k)=ﬁEp(k)+(1 -B)| Y(k)| and a noise-floor energy is calculated
as E (k)=aE {k)+(1-0)|Y(k)|, wherein contribution of high-energy coefficients is emphasized in calculation of
the peak energy and contribution of low-energy coefficients is emphasized in calculation of the noise-floor energy;
a peak region encoder configured to encode peak regions including and surrounding the located peaks, wherein
the spectral peaks are quantized together with neighboring MDCT bins;

a low-frequency set encoder configured to encode, using a number of reserved bits, a first low-frequency set
of coefficients outside the peak regions and below a crossover frequency that depends on the number of bits
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used to encode the peak regions, and to encode one or more further low-frequency set of coefficients outside
the peak regions if there are non-reserved bits available after encoding the peak regions; and

a noise-floor gain encoder configured to encode, using a number of reserved bits, a noise-floor gain of at least
one high-frequency set of not yet encoded coefficients outside the peak regions.

The proposed technology also involves a user equipment (UE) including such an encoder.
The proposed technology also involves a method of reconstructing Modified Discrete Cosine Transform coef-

ficients of an encoded frequency transformed harmonic audio signal. The method includes the steps of:

decoding spectral peak regions of the encoded frequency transformed harmonic audio signal, wherein said spectral
peak regions includes and surround spectral peaks having magnitudes exceeding a predetermined threshold, where-
in said threshold is calculated as

[0012]

where Ep is an average peak energy, Enf is an average noise-floor energy and vy has a fixed predetermined
value, and wherein a peak energy is calculated as Ep(k)=ﬁEp(k)+(1 -B)| Y(k)| and a noise-floor energy is calculated
as E, {k)=0E,{k)+(1-a)|Y(k)|, wherein contribution of high-energy coefficients is emphasized in calculation of

the peak energy and contribution of low-energy coefficients is emphasized in calculation of the noise-floor energy;
decoding at least one low-frequency set of coefficients;

distributing coefficients of each low-frequency set outside the peak regions;

decoding a noise-floor gain of at least one high-frequency set of coefficients outside of the peak regions;
filling each high-frequency set with noise having the corresponding noise-floor gain.

The proposed technology also involves a decoder for reconstructing Modified Discrete Cosine Transform co-

efficients of an encoded frequency transformed harmonic audio signal. The decoder includes:

a peak region decoder configured to decode spectral peak regions of the encoded frequency transformed harmonic
audio signal, wherein said spectral peak regions includes and surround spectral peaks having magnitudes exceeding
a predetermined threshold, wherein said threshold is calculated as

[0013]
[0014]

where Ep is an average peak energy, Enf is an average noise-floor energy and vy has a fixed predetermined
value, and wherein a peak energy is calculated as Ep(k)=ﬁEp(k)+(1 -B)| Y(k)| and a noise-floor energy is calculated
as E, {k)=aE,{k)+(1-a)|Y(k)|, wherein contribution of high-energy coefficients is emphasized in calculation of
the peak energy and contribution of low-energy coefficients is emphasized in calculation of the noise-floor energy;
a low-frequency set decoder configured to decode at least one low-frequency set of coefficients;

a coefficient distributor configured to distribute coefficients of each low-frequency set outside the peak regions;
a noise-floor gain decoder configured to decode a noise-floor gain of at least one high-frequency set of coefficients
outside of the peak regions;

a noise filler configured to fill each high-frequency set with noise having the corresponding noise-floor gain.

The proposed technology also involves a user equipment (UE) including such a decoder.
The proposed harmonic audio coding encoding/decoding scheme provides better perceptual quality than the

conventional coding schemes for a large class of harmonic audio signals.



10

15

20

25

30

35

40

45

50

55

EP 2 831 874 B1
BRIEF DESCRIPTION OF THE DRAWINGS

[0015] The present technology, together with further objects and advantages thereof, may best be understood by
making reference to the following description taken together with the accompanying drawings, in which:

Fig. 1 illustrates the frequency transform coding concept;

Fig. 2 illustrates a typical spectrum of a harmonic audio signal;

Fig. 3 illustrates a typical spectrum of a non-harmonic audio signal;

Fig. 4 illustrates a peak region;

Fig. 5 is a flow chart illustrating the proposed encoding method;

Fig. 6A-D illustrates an example embodiment of the proposed encoding method;

Fig. 7 is a block diagram of an example embodiment of the proposed encoder;

Fig. 8 is a flow chart illustrating the proposed decoding method;

Fig. 9A-C illustrates an example embodiment of the proposed decoding method;

Fig. 10 is a block diagram of an example embodiment of the proposed decoder;

Fig. 11 is a block diagram of an example embodiment of the proposed encoder;

Fig. 12 is a block diagram of an example embodiment of the proposed decoder;

Fig. 13 is a block diagram of an example embodiment of a UE including the proposed encoder;

Fig. 14 is a block diagram of an example embodiment of a UE including the proposed decoder;

Fig. 15 is a flow chart of an example embodiment of a part of the proposed encoding method;

Fig. 16 is block diagram of an example embodiment of a peak region encoder in the proposed encoder;
Fig. 17 is a flow chart of an example embodiment of a part of the proposed decoding method;

Fig. 16 is block diagram of an example embodiment of a peak region decoder in the proposed decoder.

DETAILED DESCRIPTION

[0016] Fig. 2 illustrates a typical spectrum of a harmonic audio signal, and Fig. 3 illustrates a typical spectrum of a
non-harmonic audio signal. The spectrum of the harmonic signal is formed by strong spectral peaks separated by much
weaker frequency bands, while the spectrum of the non-harmonic audio signal is much smoother.

[0017] The proposed technology provides an alternative audio encoding model that handles harmonic audio signals
better. The main concept is that the frequency transform vector, for example an MDCT vector, is not split into envelope
and residual part, but instead spectral peaks are directly extracted and quantized, together with neighboring MDCT bins.
At high frequencies, low energy coefficients outside the peaks neighborhoods are not coded, but noise-filled at the
decoder. Here the signal model used in the conventional encoding, {spectrum envelope + residual} is replaced with a
new model {spectral peaks + noise-floor}. At low frequencies, coefficients outside the peak neighborhoods are still coded,
since they have an important perceptual role.

Encoder
[0018] Major steps on the encoder side are:
* Locate and code spectral peak regions

¢ Code low-frequency (LF) spectral coefficients. The size of coded region depends on the number of bits remaining
after peak region coding.

¢ Code noise-floor gains for spectral coefficients outside the peak regions

[0019] First the noise-floor is estimated, then the spectral peaks are extracted by a peak picking algorithm (the corre-
sponding algorithms are described in more detail in APPENDIX I-Il). Each peak and its surrounding 4 neighbors are
normalized to unit energy at the peak position, see Fig. 4. In other words, the entire region is scaled such that the peak
has amplitude one. The peak position, gain (represents peak amplitude, magnitude) and sign are quantized. A Vector
Quantizer (VQ) is applied to the MDCT bins surrounding the peak and searches for the index Ishape of the codebook
vector that provides the best match. The peak position, gain and sign, as well as the surrounding shape vectors are
quantized and the quantization indices {/,ssition Igain /sign Ishapet @re transmitted to the decoder. In addition to these indices
the decoder is also informed of the total number of peaks.

[0020] In the above example each peak region includes 4 neighbors that symmetrically surround the peak. However
it is also feasible to have both fewer and more neighbors surrounding the peak in either symmetrical or asymmetrical



10

15

20

25

30

35

40

45

50

55

EP 2 831 874 B1

fashion.

[0021] After the peak regions have been quantized, all available remaining bits (except reserved bits for noise-floor
coding, see below) are used to quantize the low frequency MDCT coefficients. This is done by grouping the remaining
unquantized MDCT coefficients into, for example, 24-dimensional bands starting from the first bin. Thus, these bands
will cover the lowest frequencies up to a certain crossover frequency. Coefficients that have already been quantized in
the peak coding are not included, so the bands are not necessarily made up from 24 consecutive coefficients. For this
reason the bands will also be referred to as "sets" below.

[0022] The total number of LF bands or sets depends on the number of available bits, but there are always enough
bits reserved to create at least one set. When more bits are available the first set gets more bits assigned until a threshold
for the maximum number of bits per set is reached. If there are more bits available another set is created and bits are
assigned to this set until the threshold is reached. This procedure is repeated until all available bits have been spent.
This means that the crossover frequency at which this process is stopped will be frame dependent, since the number
of peaks will vary from frame to frame. The crossover frequency will be determined by the number of bits that are available
for LF encoding once the peak regions have been encoded.

[0023] Quantization of the LF sets can be done with any suitable vector quantization scheme, but typically some type
of gain-shape encoding is used. For example, factorial pulse coding may be used for the shape vector, and scalar
quantizer may be used for the gain.

[0024] A certain number of bits are always reserved for encoding a noise-floor gain of at least one high-frequency
band of coefficients outside the peak regions, and above the upper frequency of the LF bands. Preferably two gains are
used for this purpose. These gains may be obtained from the noise-floor algorithm described in APPENDIX I. If factorial
pulse coding is used for the encoding the low-frequency bands some LF coefficients may not be encoded. These
coefficients can instead be included in the high-frequency band encoding. As in the case of the LF bands, the HF bands
are not necessarily made up from consecutive coefficients. For this reason the bands will also be referred to as "sets"
below.

[0025] If applicable, the spectrum envelope for a bandwidth extension (BWE) region is also encoded and transmitted.
The number of bands (and the transition frequency where the BWE starts) is bitrate dependent, e.g. 5.6 kHz at 24 kbps
and 6.4 kHz at 32 kbps.

[0026] Fig. 5 is a flow chart illustrating the proposed encoding method from a general perspective. Step S1 locates
spectral peaks having magnitudes exceeding a predetermined frequency dependent threshold. Step S2 encodes peak
regions including and surrounding the located peaks. Step S3 encodes at least one low-frequency set of coefficients
outside the peak regions and below a crossover frequency that depends on the number of bits used to encode the peak
regions. Step S4 encodes a noise-floor gain of at least one high-frequency set of not yet encoded (still uncoded or
remaining) coefficients outside the peak regions.

[0027] Fig. 6A-D illustrates an example embodiment of the proposed encoding method. Fig. 6A illustrates the MDCT
transform of the signal frame to be encoded. In the figure there are fewer coefficients than in an actual signal. However,
it should be kept in mind that purpose of the figure is only to illustrate the encoding process. Fig. 6B illustrates 4 identified
peak regions ready for gain-shape encoding. The method described in APPENDIX |l can be used to find them. Next the
LF coefficients outside the peak regions are collected in Fig. 6C. These are concatenated into blocks that are gain-shape
encoded. The remaining coefficients of the original signal in Fig. 6A are the high-frequency coefficients illustrated in Fig.
6D. They are divided into 2 sets and encoded (as concatenated blocks) by a noise-floor gain for each set. This noise-
floor gain can be obtained from the energy of each set or by estimates obtained from the noise-floor estimation algorithm
described in APPENDIX I.

[0028] Fig. 7 is a block diagram of an example embodiment of a proposed encoder 20. A peak locator 22 is configured
to locate spectral peaks having magnitudes exceeding a predetermined frequency dependent threshold. A peak region
encoder 24 is configured to encode peak regions including and surrounding the extracted peaks. A low-frequency set
encoder 26 is configured to encode at least one low-frequency set of coefficients outside the peak regions and below a
crossover frequency that depends on the number of bits used to encode the peak regions. A noise-floor gain encoder
28 is configured to encode a noise-floor gain of at least one high-frequency set of not yet encoded coefficients outside
the peak regions. In this embodiment the encoders 24, 26, 28 use the detected peak position to decide which coefficients
to include in the respective encoding.

Decoder
[0029] Major steps on the decoder are:
* Reconstruct spectral peak regions

¢ Reconstruct LF spectral coefficients
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¢ Noise-fill non-coded regions with noise, scaled with the received noise-floor gains.

[0030] The audio decoder extracts, from the bit-stream, the number of peak regions and the quantization indices
{Iposition Igain sign Ishapet In Order to reconstruct the coded peak regions. These quantization indices contain information
about the spectral peak position, gain and sign of the peak, as well as the index for the codebook vector that provides
the best match for the peak neighborhood.

[0031] The MDCT low-frequency coefficients outside the peak regions are reconstructed from the encoded LF coef-
ficients.

[0032] The MDCT high-frequency coefficients outside the peak regions are noise-filled at the decoder. The noise-floor
level is received by the decoder, preferably in the form of two coded noise-floor gains (one for the lower and one for the
upper half or part of the vector).

[0033] If applicable, the audio decoder performs a BWE from a pre-defined transition frequency with the received
envelope gains for HF MDCT coefficients.

[0034] Fig. 8 is a flow chart illustrating the proposed decoding method from a general perspective. Step S11 decodes
spectral peak regions of the encoded frequency transformed harmonic audio signal. Step $12 decodes at least one low-
frequency set of coefficients. Step S13 distributes coefficients of each low-frequency set outside the peak regions. Step
S14 decodes a noise-floor gain of at least one high-frequency set of coefficients outside the peak regions. Step S15fills
each high-frequency set with noise having the corresponding noise-floor gain.

[0035] In an example embodiment the decoding of a low-frequency set is based on a gain-shape decoding scheme.
[0036] In an example embodiment the gain-shape decoding scheme is based on scalar gain decoding and factorial
pulse shape decoding.

[0037] An example embodiment includes the step of decoding a noise-floor gain for each of two high-frequency sets.
[0038] Fig. 9A-C illustrates an example embodiment of the proposed decoding method. The reconstruction of the
frequency transform starts by gain-shape decoding the spectral peak regions and their positions, as illustrated in Fig.
9A. In Fig. 9B the LF set(s) are gain-shape decoded and the decoded transform coefficient are distributed in blocks
outside the peak regions. In Fig. 9C the noise-floor gains are decoded and the remaining transform coefficients are filled
with noise having corresponding noise-floor gains. In this way the transform of Fig. 6A has been approximately recon-
structed. A comparison of Fig. 9C with Fig. 6A and 6D shows that the noise filled regions have different individual
coefficients but the same energy, as expected.

[0039] Fig. 10is a block diagram of an example embodiment of a proposed decoder 40. A peak region decoder 42 is
configured to decode spectral peak regions of the encoded frequency transformed harmonic audio signal. A low-frequency
setdecoder 44 is configured to decode at least one low-frequency set of coefficients. A coefficient distributor 46 configured
to distribute coefficients of each low-frequency set outside the peak regions. A noise-floor gain decoder 48 is configured
to decode a noise-floor of at least one high-frequency set of coefficients outside the peak regions. A noise filler 50 is
configured to fill each high-frequency set with noise having the corresponding noise-floor gain. In this embodiment the
peak positions are forwarded to the coefficient distributor 46 and the noise filler 50 to avoid overwriting of the peak regions.
[0040] The steps, functions, procedures and/or blocks described herein may be implemented in hardware using any
conventional technology, such as discrete circuit or integrated circuit technology, including both general-purpose elec-
tronic circuitry and application-specific circuitry.

[0041] Alternatively, at least some of the steps, functions, procedures and/or blocks described herein may be imple-
mented in software for execution by suitable processing equipment. This equipment may include, for example, one or
several micro processors, one or several Digital Signal Processors (DSP), one or several Application Specific Integrated
Circuits (ASIC), video accelerated hardware or one or several suitable programmable logic devices, such as Field
Programmable Gate Arrays (FPGA). Combinations of such processing elements are also feasible.

[0042] It should also be understood that it may be possible to reuse the general processing capabilities already present
in the encoder/decoder. This may, for example, be done by reprogramming of the existing software or by adding new
software components.

[0043] Fig. 11 is a block diagram of an example embodiment of the proposed encoder 20. This embodiment is based
on a processor 110, for example a micro processor, which executes software 120 for locating peaks, software 130 for
encoding peak regions, software 140 for encoding at least one low-frequency set, and software 150 for encoding at least
one noise-floor gain. The software is stored in memory 160. The processor 110 communicates with the memory over a
system bus. The incoming frequency transform is received by an input/output (1/0O) controller 170 controlling an 1/O bus,
to which the processor 110 and the memory 160 are connected. The encoded frequency transform obtained from the
software 150 is outputted from the memory 160 by the I/O controller 170 over the I/O bus.

[0044] Fig. 12 is a block diagram of an example embodiment of the proposed decoder 40. This embodiment is based
on a processor 210, for example a micro processor, which executes software 220 for decoding peak regions, software
230 for decoding at least one low-frequency set, software 240 for distributing LF coefficients, software 250 for decoding
at least one noise-floor gain, and software 260 for noise filling. The software is stored in memory 270. The processor
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210 communicates with the memory over a system bus. The incoming encoded frequency transform is received by an
input/output (I/O) controller 280 controlling an I/O bus, to which the processor 210 and the memory 280 are connected.
The reconstructed frequency transform obtained from the software 260 is outputted from the memory 270 by the I/O
controller 280 over the I/O bus.

[0045] The technology described above is intended to be used in an audio encoder/decoder, which can be used in a
mobile device (e.g. mobile phone, laptop) or a stationary device, such as a personal computer. Here the term User
Equipment (UE) will be used as a generic name for such devices.

[0046] Fig. 13 is a block diagram of an example embodiment of a UE including the proposed encoder. An audio signal
from a microphone 70 is forwarded to an A/D converter 72, the output of which is forwarded to an audio encoder 74.
The audio encoder 74 includes a frequency transformer 76 transforming the digital audio samples into the frequency
domain. A harmonic signal detector 78 determines whether the transform represents harmonic or non-harmonic audio.
If it represents non-harmonic audio, it is encoded in a conventional encoding mode (not shown). If it represents harmonic
audio, it is forwarded to a frequency transform encoder 20 in accordance with the proposed technology. The encoded
signal is forwarded to a radio unit 80 for transmission to a receiver.

[0047] The decision of the harmonic signal detector 78 is based on the noise-floor energy Enfand peak energy Ep in

APPENDIX | and Il. The logic is as follows: IF Ep / Enf is above a threshold AND the number of detected peaks is in a

predefined range THEN the signal is classified as harmonic. Otherwise the signal is classified as non-harmonic. The
classification and thus the encoding mode is explicitly signaled to the decoder.

[0048] Fig. 14 is a block diagram of an example embodiment of a UE including the proposed decoder. A radio signal
received by a radio unit 82 is converted to baseband, channel decoded and forwarded to an audio decoder 84. The
audio decoder includes a decoding mode selector 86, which forwards the signal a frequency transform decoder 40 in
accordance with the proposed technology if it has been classified as harmonic. If it has been classified as non-harmonic
audio, it is decoded in a conventional decoder (not shown). The frequency transform decoder 40 reconstructs the
frequency transform as described above. The reconstructed frequency transform is converted to the time domain in an
inverse frequency transformer 88. The resulting audio samples are forwarded to a D/A conversion and amplification unit
90, which forwards the final audio signal to a loudspeaker 92.

[0049] Fig. 15is aflow chart of an example embodiment of a part of the proposed encoding method. In this embodiment
the peak region encoding step S2 in Fig. 5 has been divided into sub-steps S2-A to S2-E. Step S2-A encodes spectrum
position and sign of a peak. Step S2-B quantizes peak gain. Step S2-C encodes the quantized peak gain. Step S2-D
scales predetermined frequency bins surrounding the peak by the inverse of the quantized peak gain. Step S2-E shape
encodes the scaled frequency bins.

[0050] Fig. 16 is block diagram of an example embodiment of a peak region encoder in the proposed encoder. In this
embodiment the peak region encoder 24 includes elements 24-A to 24-D. Position and sign encoder 24-A is configured
to encode spectrum position and sign of a peak. Peak gain encoder 24-B is configured to quantize peak gain and to
encode the quantized peak gain. Scaling unit 24-C is configured to scale predetermined frequency bins surrounding the
peak by the inverse of the quantized peak gain. Shape encoder 24-D is configured to shape encode the scaled frequency
bins.

[0051] Fig. 17 is a flow chart of an example embodiment of a part of the proposed decoding method. In this embodiment
the peak region decoding step S11 in Fig. 8 has been divided into sub-steps S11-A to S11-D. Step S11-A decodes
spectrum position and sign of a peak. Step S11-B decodes peak gain. Step S11-C decodes a shape of predetermined
frequency bins surrounding the peak. Step S11-D scales the decoded shape by the decoded peak gain.

[0052] Fig. 18 is block diagram of an example embodiment of a peak region decoder in the proposed decoder. In this
embodiment the peak region decoder 42 includes elements 42-A to 42-D. A position and sign decoder 42-A is configured
to decode spectrum position and sign of a peak. A peak gain decoder 42-B is configured to decode peak gain. A shape
decoder 42-C is configured to decode a shape of predetermined frequency bins surrounding the peak. A scaling unit
42-D is configured to scale the decoded shape by the decoded peak gain.

[0053] Specific implementation details for a 24 kbps mode are given below.

¢ The codec operates on 20 ms frames, which at a bit rate of 24 kbps gives 480 bits per-frame.

¢ The processed audio signal is sampled at 32 kHz, and has an audio bandwidth of 16 kHz.

¢ The transition frequency is set to 5.6 kHz (all frequency components above 5.6 kHz are bandwidth-extended).

¢ Reserved bits for sighaling and bandwidth extension of frequencies above the transition frequency: ~30-40.

¢  Bits for coding two noise-floor gains: 10.

¢ The number of coded spectral peak regions is 7-17. The number of bits used per peak region is ~20-22, which gives
a total number of ~140-340 for coding all peaks positions, gains, signs, and shapes.

¢  Bits for coding low frequency bands: ~100-300

¢ Coded low frequency bands: 1-4 (each band contains 8 MDCT bins). Since each MDCT bin corresponds to 25 Hz,
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coded low-frequency region corresponds to 200-800 Hz

¢  The gains used for bandwidth extension and the peak gains are Huffman coded so the number of bits used by these
might vary between frames even for a constant number of peaks.

¢ The peak position and sign coding makes use of an optimization which makes it more efficient as the number of
peaks increase. For 7 peaks, position and sign requires about 6.9 bits per peak and for 17 peaks the number is
about 5.7 bits per peak.

e This variability in how many bits are used in different stages of the coding is no problem since the low frequency
band coding comes last and just uses up whatever bits remain. However the system is designed so that enough
bits always remain to encode one low frequency band.

[0054] The table below presents results from a listening test performed in accordance with the procedure described
in ITU-R BS. 1534-1 MUSHRA (Multiple Stimuli with Hidden Reference and Anchor). The scale in a MUSHRA test is 0
to 100, where low values correspond to low perceived quality, and high values correspond to high quality. Both codecs
operated at 24 kbps. Test results are averaged over 24 music items and votes from 8 listeners.

System Under Test MUSHRA Score

Low-pass anchor signal (bandwidth 7 kHz) | 48.89

Conventional coding scheme 49.94
Proposed harmonic coding scheme 55.87
Reference signal (bandwidth 16 kHz) 100.00

[0055] It will be understood by those skilled in the art that various modifications and changes may be made to the
proposed technology without departure from the scope thereof, which is defined by the appended claims.

APPENDIX |

[0056] The noise-floor estimation algorithm operates on the absolute values of transform coefficients | Y(k)|. Instanta-
neous noise-floor energies E, (k) are estimated according to the recursion:

E, (k)= aE, (k) +(1- )Y (k)| (3)

where

0.9578 if [Y(k)|>E, (k-1)
o= (4)
0.6472 if |Y(k)|SE,(k-1)

[0057] The particular form of the weighting factor a minimizes the effect of high-energy transform coefficients and
emphasizes the contribution of low-energy coefficients. Finally the noise-floor level Eis estimated by simply averaging

the instantaneous energies E, (k).

APPENDIX Il

[0058] The peak-picking algorithm requires knowledge of noise-floor level and average level of spectral peaks. The
peak energy estimation algorithm is similar to the noise-floor estimation algorithm, but instead of low-energy, it tracks
high-spectral energies:

E, (k)= BE,(k)+(1- B)|Y (k)| (5)

where
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[04223 if |[F(R)|>E,(k-1) ©)
~10.8029 if |T(k)|<SE,(k-1)

[0059] In this case the weighting factor 4 minimizes the effect of low-energy transform coefficients and emphasizes
the contribution of high-energy coefficients. The overall peak energy Ep is estimated by simply averaging the instanta-
neous energies.

[0060] When the peak and noise-floor levels are calculated, a threshold level 8is formed as:

E 7
o=|=| E, (7)
Enf

with = 0.88579. Transform coefficients are compared to the threshold, and the ones with amplitude above it, form a
vector of peak candidates. Since the natural sources do not typically produce peaks that are very close, e.g., 80 Hz, the
vector with peak candidates is further refined. Vector elements are extracted in decreasing order, and the neighborhood
of each element is set to zero. In this way only the largest element in certain spectral region remain, and the set of these
elements form the spectral peaks for the current frame.

ABBREVIATIONS
[0061]

ASIC Application Specific Integrated Circuit
BWE BandWidth Extension

DSP Digital Signal Processors

FPGA Field Programmable Gate Arrays

HF High-Frequency

LF Low-Frequency

MDCT  Modified Discrete Cosine Transform
RMS Root Mean Square

vVQ Vector Quantizer

Claims

1. A method of encoding Modified Discrete Cosine Transform, MDCT, coefficients (Y(k)) of a harmonic audio signal,
said method including the steps of:

locating (S1) spectral peaks having magnitudes exceeding a predetermined threshold, wherein the spectral
peaks are located by comparing coefficients to said threshold to form a vector of peak candidates, and extracting
elements from the peak candidates vector in decreasing order, wherein said threshold is calculated as

where Ep is an average peak energy, Enf is an average noise-floor energy and vy has a fixed predetermined
value, and wherein a peak energy is calculated as Ep(k)=ﬁEp(k)+(1 -B)| Y(k)| and a noise-floor energy is calculated
as E, {k)=aE,{k)+(1-a)|Y(k)|, wherein contribution of high-energy coefficients is emphasized in calculation of

the peak energy and contribution of low-energy coefficients is emphasized in calculation of the noise-floor energy;
encoding (S2) peak regions including and surrounding the located peaks, wherein the spectral peaks are quan-
tized together with neighboring MDCT bins;

10
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encoding (S3), using a number of reserved bits, a first low-frequency, LF, set of coefficients outside the peak
regions and below a crossover frequency that depends on the number of bits used to encode the peak regions,
wherein encoding (S3) comprises encoding one or more further low-frequency set of coefficients outside the
peak regions if there are non-reserved bits available after encoding the peak regions;

encoding (S4), using a number of reserved bits, a noise-floor gain of at least one high-frequency set of not yet
encoded coefficients outside the peak regions.

The encoding method of claim 1, where a weighting factor o is defined as

0.9578 if |Y(k)|>E, (k1)
0.6472 if |[Y(k)|<E, (k-1)’

and a weighting factor f3 is defined as

04223 if [Y(k)|>E,(k-1)
0.8029 if |Y(k)|<E,(k-1)

The encoding method of claim 1 or 2, wherein the step (S2) of encoding peak regions comprises:

encoding (S2-A) spectrum position and sign of a peak;

quantizing (S2-B) peak gain;

encoding (S2-C) the quantized peak gain;

scaling (S2-D) predetermined frequency bins surrounding the peak by the inverse of the quantized peak gain;
shape encoding (S2-E) the scaled frequency bins.

The encoding method of any of claims 1 to 3, wherein the peak region comprises the peak and four MDCT bins
surrounding said peak.

The encoding method of any of the preceding claims, wherein the step (S3) of encoding low-frequency set of
coefficients comprises grouping remaining un-quantized MDCT coefficients into 24-dimensional bands.

The encoding method of any of the preceding claims, wherein encoding of a low-frequency set is based on a gain-
shape encoding scheme, said gain-shape encoding scheme being based on scalar gain quantization and factorial
pulse shape encoding.

The encoding method of any of the preceding claims, including the step of encoding a noise-floor gain for each of
two high-frequency sets.

An encoder for encoding Modified Discrete Cosine Transform, MDCT, coefficients (Y(k)) of a harmonic audio signal,
said encoder including:

a peak locator (22) configured to locate spectral peaks having magnitudes exceeding a predetermined threshold,
wherein the spectral peaks are located by comparing coefficients to said threshold to form a vector of peak
candidates, and extracting elements from the peak candidates vector in decreasing order, wherein said threshold
is calculated as

L/

where Ep is an average peak energy, Enf is an average noise-floor energy and y has a fixed predetermined

11
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value, and wherein a peak energy is calculated as Ep(k)=ﬁEp(k)+(1 -B)| Y(k)| and a noise-floor energy is calculated
as E (k)=cE {k)+(1-2)|Y(k)|, wherein contribution of high-energy coefficients is emphasized in calculation of

the peak energy and contribution of low-energy coefficients is emphasized in calculation of the noise-floor energy;
a peak region encoder (24) configured to encode peak regions including and surrounding the located peaks,
wherein the spectral peaks are quantized together with neighboring MDCT bins;
a low-frequency set encoder (26) configured to encode, using a number of reserved bits, a first low-frequency
set of coefficients outside the peak regions and below a crossover frequency that depends on the number of
bits used to encode the peak regions, and to encode one or more further low-frequency set of coefficients
outside the peak regions if there are non-reserved bits available after encoding the peak regions; and
a noise-floor gain encoder (28) configured to encode, using a number of reserved bits, a noise-floor gain of at
least one high-frequency set of not yet encoded coefficients outside the peak regions.
9. The encoder of claim 8, wherein the peak region encoder (24) includes:
a position and sign encoder (24-A) configured to encode spectrum position (Ipos,-ﬁon) and sign (Isign) of a peak;
a peak gain encoder (24-B) configured to quantize peak gain and to encode (Iga,-n) the quantized peak gain;
a scaling unit (24-C) configured to scale predetermined frequency bins surrounding the peak by the inverse of
the quantized peak gain;
a shape encoder (24-D) configured to shape encode the scaled frequency bins.

10. A user equipment (UE) including an encoder (20) in accordance with claim 8 or 9.

Patentanspriiche

1. Verfahren zur Codierung von MDCT (modifizierte diskrete Cosinus-Transformation)-Koeffizienten (Y(k)) eines har-
monischen Audiosignals, wobei das Verfahren die folgenden Schritte umfasst:

30
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Lokalisieren (S1) von Spektralspitzen mit GréRken, die eine vorbestimmte Schwelle Uberschreiten, wobei die
Spektralspitzen durch Vergleichen von Koeffizienten mit der Schwelle, um einen Vektor von Spitzenkandidaten
zu bilden, und Extrahieren von Elementen aus dem Spitzenkandidatenvektor in absteigender Reihenfolge lo-
kalisiert werden, wobei die Schwelle berechnet wird als:

py_
0=(a) Enf

wobei Ep eine mittlere Spitzenenergie ist, Enf eine mittlere Grundrauschenergie ist, und y einen festen
vorbestimmten Wert hat, und wobei eine Spitzenenergie als Ep(k) = ﬂEp(k) + (1 - P)|Y(k)| berechnet wird,
und eine Grundrauschenergie als E, (k) = aE, (k) + (1-¢)| Y(k)| berechnet wird, wobei bei der Berechnung

der Spitzenenergie ein Beitrag von Koeffizienten hoher Energie betont wird, und bei der Berechnung der
Grundrauschenergie ein Beitrag von Koeffizienten niedriger Energie betont wird;

Codieren (S2) von Spitzenregionen, welche die lokalisierten Spitzen umfassen und umgeben, wobei die
Spektralspitzen zusammen mit benachbarten MDCT-Bins quantisiert werden;

Codieren (S3) unter Verwendung einer Anzahl von reservierten Bits eines ersten Niederfrequenz, LF,-Sat-
zes von Koeffizienten auRerhalb der Spitzenregionen und unter einer Ubergangfrequenz, die vonder Anzahl
von Bits abhangt, die zum Codieren der Spitzenregionen verwendet werden, wobei das Codieren (S3) ein
Codieren eines oder mehrerer weiterer Niederfrequenzsatze von Koeffizienten aulRerhalb der Spitzenregi-
onen umfasst, wenn nach dem Codieren der Spitzenregionen nichtreservierte Bits vorhanden sind;
Codieren (84) unter Verwendung einer Anzahl von reservierten Bits einer Grundrauschverstarkung min-
destens eines Hochfrequenzsatzes von noch nicht codierten Koeffizienten auRerhalb der Spitzenregionen.

2. Codierverfahren nach Anspruch 1, wobei ein Gewichtungsfaktor o definiert wird als

(09578 si |Y(k)| > Enp(k — 1)
“=10,6472 si [Y()| < Enp(k — 1)’

12
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und ein Gewichtungsfaktor 3 definiert wird als

(04223 si |Y(k)| > Ep(k — 1)
~ 10,8029 si |Y(k)| < E,(k—1)

Codierverfahren nach Anspruch 1 oder 2, wobei der Schritt (S2) des Codierens von Spitzenregionen umfasst:

Codieren (S2-A) von Spektralposition und Vorzeichen einer Spitze;

Quantisieren (S2-B) von Spitzenverstérkung;

Codieren (S2-C) der quantisierten Spitzenverstarkung;

Skalieren (S2-D) von vorbestimmten Frequenz-Bins, welche die Spitze umgeben, um die Inverse der quanti-
sierten Spitzenverstarkung;

Formcodieren (S2-E) der skalierten Frequenz-Bins.

Codierverfahren nach einem der Anspriiche 1 bis 3, wobei die Spitzenregion die Spitze und vier die Spitze umge-
bende MDCT-Bins umfasst.

Codierverfahren nach einem der vorhergehenden Anspriiche, wobei der Schritt (S3) des Codierens eines Nieder-
frequenzsatzes von Koeffizienten ein Gruppieren von restlichen nichtquantisierten MDCT-Koeffizienten in 24-di-
mensionale Bander umfasst.

Codierverfahren nach einem der vorhergehenden Anspriiche, wobei das Codieren eines Niederfrequenzsatzes auf
einem Verstarkungs-/Formcodierschema basiert, wobei das Verstarkungs-/Formcodierschema auf skalarer Ver-
starkungsquantisierung und faktorieller Impulsformcodierung basiert.

Codierverfahren nach einem der vorhergehenden Anspriiche, umfassend den Schritt des Codierens von
Grundrauschverstarkung fiir jeden von zwei Hochfrequenzséatzen.

Encoder zum Codieren von MDCT (modifizierte diskrete Cosinus-Transformation)-Koeffizienten (Y(k)) eines har-
monischen Audiosignals, wobei der Encoder umfasst:

eine Spitzenpositionsgeber (22), der so konfiguriert ist, dass er Spektralspitzen mit GréRen lokalisiert, die eine
vorbestimmte Schwelle Uberschreiten, wobei die Spektralspitzen durch Vergleichen von Koeffizienten mit der
Schwelle, um einen Vektor von Spitzenkandidaten zu bilden, und Extrahieren von Elementen aus dem Spit-
zenkandidatenvektor in absteigender Reihenfolge lokalisiert werden, wobei die Schwelle berechnet wird als:

Yy _
o-()

wobei Ep eine mittlere Spitzenenergie ist, Enf eine mittlere Grundrauschenergie ist, und y einen festen
vorbestimmten Wert hat, und wobei eine Spitzenenergie als Ep(k) = ﬂEp(k) + (1 - P)|Y(k)| berechnet wird,
und eine Grundrauschenergie als E, (k) = aE, (k) + (1-¢)| Y(k)| berechnet wird, wobei bei der Berechnung

n'JI| try)

nf

der Spitzenenergie ein Beitrag von Koeffizienten hoher Energie betont wird, und bei der Berechnung der
Grundrauschenergie ein Beitrag von Koeffizienten niedriger Energie betont wird;

einen Spitzenregion-Encoder (24), der so konfiguriert ist, dass er Spitzenregionen codiert, welche die lo-
kalisierten Spitzen umfassen und umgeben, wobeidie Spektralspitzen zusammen mit benachbarten MDCT-
Bins quantisiert werden;

einen Niederfrequenzsatz-Encoder (26), der so konfiguriert ist, dass er unter Verwendung einer Anzahl
von reservierten Bits einen ersten Niederfrequenz, LF,-Satz von Koeffizienten aulRerhalb der Spitzenregi-
onen und unter einer Ubergangfrequenz codiert, die von der Anzahl von Bits abhangt, die zum Codieren
der Spitzenregionen verwendet werden, und einen oder mehrere weitere Niederfrequenzsatze von Koef-
fizienten auRerhalb der Spitzenregionen codiert, wenn nach dem Codieren der Spitzenregionen nichtre-
servierte Bits vorhanden sind; und

Grundrauschverstarkungs-Encoder (28), der so konfiguriert ist, dass er unter Verwendung einer Anzahl
von reservierten Bits eine Grundrauschverstarkung mindestens eines Hochfrequenzsatzes von noch nicht
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codierten Koeffizienten aulRerhalb der Spitzenregionen codiert.

Encoder nach Anspruch 8, wobei der Spitzenregion-Encoder (24) umfasst:

einen Positions- und Vorzeichen-Encoder (24-A), der so konfiguriert ist, dass er Spektralposition (/,gjtion) UNd
Vorzeichen (Igq,) einer Spitze codiert;
einen Spitzenverstarkungs-Encoder (24-B), der so konfiguriert ist, dass er Spitzenverstarkung quantisiert und
die quantisierte Spitzenverstarkung codiert (Iga,-n) ;
eine Skaliereinheit (24-C), die so konfiguriert ist, dass sie vorbestimmte Frequenz-Bins, welche die Spitze
umgeben, um die Inverse der quantisierten Spitzenverstarkung skaliert;
einen Form-Encoder (24-D), der so konfiguriert ist, dass er die skalierten Frequenz-Bins formcodiert.

10. Benutzereinrichtung (UE), umfassend einen Encoder (20) nach Anspruch 8 oder 9.

Revendications

1.

2,

3.

Procédé de codage de coefficients de transformée cosinusoidale discréte modifiée, MDCT, (Y(k)) d’un signal audio
harmonique, ledit procédé comprenant les étapes de :

la localisation (S1) de crétes spectrales ayant des grandeurs dépassant un seuil prédéterminé, dans lequel les
crétes spectrales sont localisées par la comparaison de coefficients au dit seuil pour former un vecteur de
candidats de créte, et I'extraction d’éléments du vecteur de candidats de créte par ordre décroissant, dans
lequel ledit seuil est calculé par :

= \Y
E. —
0= () B

ou Ep est une énergie de créte moyenne, Enf est une énergie de plancher de bruit moyenne et ya une
valeur prédéterminée fixe, et dans lequel une énergie de créte est calculée par Ep(k)=ﬂEp(k) + (1-P|Y(k)|
et une énergie de plancher de bruit est calculée par E,(k)=aE (k) + (1-a)| Y(k)|, dans lequel la contribution

de coefficients de haute énergie est accentuée dans le calcul de I'énergie de créte et une contribution de
coefficients de basse énergie est accentuée dans le calcul de 'énergie de plancher de bruit ;

le codage (S2) de régions de créte incluant et entourant les crétes localisées, dans lequel les crétes spec-
trales sont quantifiées avec des bins MDCT voisines ;

le codage (S3), en utilisant un nombre de bits réservés, d’'un premier ensemble de basses fréquences, LF,
de coefficients a I'extérieur des régions de créte et au-dessous d’une fréquence de croisement en fonction
du nombre de bits utilisés pour coder les régions de créte, dans lequel le codage (S3) comprend le codage
d’'un ou plusieurs autres ensembles de basses fréquences de coefficients a 'extérieur des régions de créte
si des bits non réservés sont disponibles aprés le codage des régions de créte ;

le codage (S4), en utilisant un nhombre de bits réservés, d’'un gain de plancher de bruit d’au moins un
ensemble de hautes fréquences de coefficients pas encore codés a I'extérieur des régions de créte.

Procédé de codage selon la revendication 1, dans lequel un facteur de pondération o est défini en tant que :

(09578 si |Y(k)| > Enp(k — 1)
7006472 si Y| < Enp(k — 1)

et un facteur de pondération 3 est défini en tant que :

(04223 si |Y(K)| > E,(k - 1)
10,8029 si |Y(k)| <E,(k—1)"

Procédé de codage selon larevendication 1 ou 2, dans lequel I'étape (S2) du codage de régions de créte comprend :
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le codage (S2-A) d’'une position de spectre et d’'un signe d’une créte ;

la quantification (S$2-B) d’un gain de créte ;

le codage (82-C) du gain de créte quantifié ;

la mise a I'échelle (S2-D) des bins de fréquences prédéterminées entourant la créte par l'inverse du gain de
créte quantifié ;

le codage de forme (S2-E) des bins de fréquences mises a I'échelle.

Procédé de codage selon I'une quelconque des revendications 1 a 3, dans lequel la région de créte comprend la
créte et quatre bins MDCT entourant ladite créte.

Procédé de codage selon I'une quelconque des revendications précédentes, dans lequel I'étape (S3) du codage
d’un ensemble de basses fréquences de coefficients comprend le regroupement de coefficients MDCT non quantifiés
restants dans 24 bandes dimensionnelles.

Procédé de codage selon 'une quelconque des revendications précédentes, dans lequel le codage d’un ensemble
de basses fréquences est basé sur un schéma de codage de forme de gain, ledit schéma de codage de forme de
gain étant basé sur une quantification de gain scalaire et un codage de forme d’'impulsion factorielle.

Procédé de codage selon 'une quelconque des revendications précédentes, comprenant I'étape du codage d’un
gain de plancher de bruit pour chacun de deux ensembles de hautes fréquences.

Codeur de codage de coefficients de transformée cosinusoidale discréte modifiée, MDCT, (Y(k)) d’un signal audio
harmonique, ledit codeur comprenant :

un localisateur de créte (22) configuré pour effectuer la localisation de crétes spectrales ayant des grandeurs
dépassant un seuil prédéterminé, dans lequel les crétes spectrales sont localisées par la comparaison de
coefficients au dit seuil pour former un vecteur de candidats de créte, et 'extraction d’é¢léments du vecteur de
candidats de créte par ordre décroissant, dans lequel ledit seuil est calculé par :

= \V
E —
0 = <$) E‘n.fl

ou Ep est une énergie de créte moyenne, Enf est une énergie de plancher de bruit moyenne et ya une
valeur prédéterminée fixe, et dans lequel une énergie de créte est calculée par Ep(k)=ﬂEp(k) + (1-P|Y(k)|
et une énergie de plancher de bruit est calculée par E, {k)=aE (k) + (1-2)| Y(k)|, dans lequel la contribution

de coefficients de haute énergie est accentuée dans le calcul de I'énergie de créte et une contribution de
coefficients de basse énergie est accentuée dans le calcul de 'énergie de plancher de bruit ;

un codeur de régions de créte (24) configuré pour effectuer le codage de régions de créte incluant et
entourant les crétes localisées, dans lequel les crétes spectrales sont quantifiées avec des bins MDCT
voisines ;

un codeur d’ensemble de basses fréquences (26) configuré pour effectuer le codage, en utilisant un nombre
de bits réservés, d’'un premier ensemble de basses fréquences de coefficients a I'extérieur des régions de
créte et au-dessous d’une fréquence de croisement en fonction du nombre de bits utilisés pour coder les
régions de créte, et le codage d’un ou plusieurs autres ensembles de basses fréquences de coefficients a
'extérieur des régions de créte si des bits non réservés sont disponibles aprés le codage des régions de
créte ; et

un codeur de gain de plancher de bruit (28) configuré pour effectuer le codage, en utilisant un nombre de
bits réservés, d’un gain de plancher de bruit d’au moins un ensemble de hautes fréquences de coefficients
pas encore codés a 'extérieur des régions de créte.

9. Codeur selon la revendication 8, dans lequel le codeur de régions de créte (24) comprend :

un codeur de position et de sighe (24-A) configuré pour effectuer le codage d’une position de spectre (Iposiﬁon)
et d'un signe (l5ign) d’une créte ;
un codeur de gain de créte (24-B) configuré pour effectuer la quantification d’'un gain de créte et le codage du

gain de créte quantifié (Ig,) ;
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une unité de mise a I'échelle (24-C) configurée pour effectuer la mise a I'échelle des bins de fréquences
prédéterminées entourant la créte par 'inverse du gain de créte quantifié ;

un codeur de forme (24-D) configuré pour effectuer le codage de forme des bins de fréquences mises al’échelle.

10. Equipement d’utilisateur (UE) comprenant un codeur (20) selon la revendication 8 ou 9.
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71640 KOT

HARMONIKUS HANGJELEK ATALAKITASI KODOLASA/DEKODOLASA

Szabadalmi ipénypontek

1. Eljdds harmonikos hangiel MDUT modositont diszheét koszinusz transefonmicios

egyitthatdinak (FiA) kodoldsdra, a2 eligrds a kovetkezs Iépéseket tartalmazzs:

eldre meghatdrozott Riseobértéket tlléps mennvisépekkel rendelkezd spehirlis
estesuk helymeghatarozdsa (813, shol o spektralis ceticsok helymephatiroesdsa a2
egytitthatoknak a kitszbhiz vald hasonlitdsdval 1onenik, hogy cxtosjelsh vekion
képerziink, s kivonjuk az clemeket a ostesjelolisk vektorbal, ahol a kilszdb ki-

camitasg

ahol £, az dilagos cstcsenerpia, f?mc az dtlagos zajszintll energia, v pedip rdgeiiett oliire meg-
hatgrozott ertekkel rendelkezik, €9 ahol 8 caticsensrgia Kiszdmitdsa: B0 880+ -1F Y o
zajszinth energla Rissdmitisa pedigs Eb=0 i (hyr{ L-a)| 1R abol a nagy energias egyiittha-
wk hozzajdrulasa ki van enselve a csiicsenerpls Kiszdmitgsaban, a kis energids egviithatdk
hozzdapndass pedig K van emelve & zajsrint@ enereta Kisedmitdeaban;

catesterlietek kédoldss (82), beledrive ¢s ktrbevéve a helymeghatarozott estesokat, shol a
spekirdlis estosok egylitt kvantddddnak o szomszddos MDOT wreldkkal;

g estiesterileteken kivili & olyan dtkapesolasi gyakorisdg alatti egyiitthatdk LF kisfrekvenci-
as halmazansh Kodolasa (833 bizonyos szdmn feuntavtott bitek sepitségevel, amely g csteste-
ritfetek kodolasdhor haszndlt bitek sramatd! fipg, ahol a kddolds (83) tantalmarea a csdesterii-
teteken kivall egyiuhatok egy vagy 16bh kisfrekvencias halmazanak kodolasat, ba nem fean-
tartott bitek dlinak rendelkeresre u exdosteriiletek kddoldsa utan;

& cetesterileteken kivith midg nom kodolt sgyiitthatok legaldbb egy nugyirekvencids halmara

vy

zajszinti nyeresdgdnek kodolisa (S4) bizonyos szamu fonntartott bit segitségével,

R

SZTNH-100 gas



2.

B2

Az 1. igénypout szeriati clidrés, ahol az a silvozdst tényesd meghatSrozasa:

{09578 si Y| > Bk ~ 1)
106472 st YOOI € Epplk — 1)

PR

a [ sulvordsi nyeed meghatdrorisa pedig

N3

143
-

(04223 st YR > E k- 1)
CeB0RY s Y = ;.;,& ~ 13

Az 1. vagy 2, igénypont szerint kodolast eljaras, ahol a cstesteritlotek kadolasanak I¢-
pese (821 a kivetkezdket tortalmazza;

72

ogy csues spektrumhelvéned 8x eléielénel kddolisa (82-A)

csnesnyereség kvamalasa (82-B)

a kyvantalt cstesnvereség kddolasa (82-Cy

a catesot kSrilvevd eldre meghatirozott frebvenciatirolok shdlazdea (82-D) a
kvantalt exdesnyereség fordiiotgavaly

a skalazatt fredovenciatarolok alakkodolisa (83-E).

Az 1 - 3. igénypontok egyike szerintl kodoldst elitrds, ahol 2 cedcsteriilet tantalmazea a

gstosat S a osuesot kdrlilvevo négy MDUT tdroldt.

Az pl626 igduypontok epyibe seerinll kodolgsd elidrds, ahol az epylitthatok kisfrekven-

cids halmazdnal kodolast Iepese (83} tartalmazza o fonnmarsdd nem kvantalt MDCT

egyitthatok 24-dimenzids sdvokba vald esoportositasst,

Az eldzd genypontok egyike szerinti kodolast eljdris, ahol egy kisfrebvenciss halmay
kodelasa nyeresegalaka kodolast séman alapul, a nyereségalapt kadolast séma skalaris

nyeresegkvantalison &s faktores impulzusalakd kodolason alapul.

Az elbed jgénypontok egyike szerintt kddoldst elidrs, amely tarialmasia gy zajszimi

nyereseg kodolast Iépesét mindhdl magyirekvencids halmasra.



K. Kodold harmontkus hangjel MDCT modositott disskedt &

egviitthatoinak (¥ kodoldsdra, a kédold a kivetkeztket tartalmaren

estieshely-meghatarord {.23‘;, amely elire meghstivoront kicetbértdket wnilépd
mennyiségekkel rendelkess spekiralis estwsok helymephativozdsdra van kialakit-

va, ahol a spekitralis estesck helymeghatdrozdsy gz egviithatoknak g kisztbhde
vald hasonlitdsaval (k. hogy cstesieldlt vekion képezziink, €5 kivonjuk az

clemeket g catiogeltitek vebtorbdl, abol g kitszdh kisedmitdsa:

ahol B uz atlagos estesenergia, £, a2 Ailagos zajszinth energia, v pediy rogziiett eldee meghas
tarozoit éridlkel rendelieatk, & abol @ caticsenergia kiszamitisa: B (0RELDH1-MIFRY &
zajszintl energia Kiszamwitasa pedige £, 00 b+ L) 3 shol a nagy energids epyviittha-
10k hozzajarulasa ki van emelve a ostwsenergia kisedmitasdban, s kis enerpids egvitthardk
hozzajaralasa pedig kit van cmelve o zajszinth snergia Kiszdmitisdban;
esuesteriilet-kadold (243, amely cstesiertletek kadoldsars van kindakitva, beledrtve és koril-
veve g helvmeghatdrozolt estiosokat,
ahol g spekiralis cottesok epyviitt kvantalodnak a szomseddos MDOT tarolokkal:
kisfrekvencias halmaskodold (26), amely arra van kialakitva, hogy fenntartott bitek segiisé
pevel kodolja a cstestertiletcken kivill és olvan Stkapesoldst gvakorisdg alani tertilerck
cgviitthatdinak elsd Kistrekveneids halmazdt, amely a cstosteriiletek kddoldsdhos hasenalt bi
tek swamatol figg, velamint kodolis g cstesteriietcken kivilh egyBtthatok egy vagy t3bb to-
vabbi kistrekvencids halmagdt, ha vanngk a cstestoriiletek kddolisa utan rendelkeséure dlio
nem fenniarton bijek: &
zajazintll nyereségkadold (IR), amely arra van Kialakitva, hogy bironyves szami fenntariott bit
segitsdéudvel kodolja a oslestertileteken kivil, még vem kédolt epyitthatok legaldbb epy

nagyirekvencids halmazinak zaizeintl nveresépét.

9. A3 igdnypont szerint kedele, ahol g cedestertilet kodold (24) 8 kovetkerdket tartal-

mazzal



1.

\\.";

hely~ &s eldjelkddols (24-A), amely area van kialakitva, hopy kodolia egy csties spekt-
rumhelyt (Zasion) 88 e18ielét (L)

catesnyerestp-kodelo (24-B), amely arra van kialakitvg, hogy kvantilia a cstesnyere-
séget ds kddolia (e 1 kvantalt estivsnyveresdpet.

shalazd egysép (24-C), amely arra van kialakitva, hogy a kvantalt cstosnyereség fordi-
totijdval skalizza o eaticsot kdriibvesd elére meghatérozont frekvenciatirolokat:

alakkodold (24-D), amely a skaldrott frekvenciatarolok alakkodalasdrs van kialakitva,

Pelhasznaldl berenderds (LR, beleérive cpy kodoldt (20) a 8, vagy 9. tgénypont seerint.
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