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Low-Complexity Tonality-Adaptive Audio Signal Quantization 

Description 

5 The invention relates to digital audio signal processing. More particular the 

invention relates to audio signal quantization. 

In very-low-bit-rate transform coding, the number of bits per frame are gener­

ally not sufficient to avoid artifacts in the decoded signal. Musical noise, in 

10 particular, can appear in stationary music or noise spectra due to transform 

lines (bins) being "turned on and off", i.e. quantized to zero or not quantized 

to zero, at a certain frequency from one frame to the next. Not only does 

such a coding approach give the decoded signal region a more tonal charac­

ter than the original signal has {hence the term musical noise), it also does 

15 not yield a notable advantage over not coding said spectral region at all and 

instead applying a bin-replacement technique like the noise filling algorithms 

in the TCX or FD coding systems employed in xHE-AAC [4]. In fact, the ex­

plicit but insufficient coding of regions prone to musical coding noise requires 

bits in the entropy coding stage of the transform coder, which sonically are 

20 better spent in other spectral regions, especially at low frequencies where the 

human auditory system is sensitive. 

One way of reducing the occurrence of musical noise in low-bit-rate audio 

coding is to modify the behavior of the quantizer mapping the input spectral 

25 lines to quantization indices so that it adapts to the instantaneous input signal 

characteristic and bit consumption of the quantized spectrum. More precisely, 

a dead-zone used during quantization is altered signal-adaptively. Several 

approaches have been published [5, 6, and references therein]. In [5], the 

quantizer adaptation is performed on the entire spectrum to be coded. The 

so adapted quantizer therefore behaves identically for all spectral bins of the 

given frame. Moreover, in case of quantization with the optimal dead-zone 

zopt, 2 bits of side-information must be transmitted to the decoder, represent­
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ing a bit-rate and backward-compatibility penalty. In [6], the quantizer is 

adapted on a per-frequency-band basis, but two quantization attempts are 

conducted per band, and only the better attempt (according to a certain deci­

sion) is used for transmission. This is complex. 

5 

An object of the present invention is to provide improved concepts for audio 

signal processing. More particular, an object of the present invention is to 

provide improved concepts for adaptive audio signal quantization. The object 

of the present invention is achieved by an audio encoder according to claim 

10 1, by a system according to claim 15, by a method according to claim 18 and 

by a computer program according to claim 17. 

In one aspect the invention provides an audio encoder for encoding an audio 

signal so as to produce therefrom an encoded signal, the audio encoder 

15 comprising: 

a framing device configured to extract frames from the audio signal; 

a quantizer configured to map spectral lines of a spectrum signal derived 

20 from the frame of the audio signal to quantization indices; wherein the quan­

tizer has a dead-zone, in which the spectral lines are mapped to quantization 

index zero; and 

a control device configured to modify the dead-zone; 

25 

wherein the control device comprises a tonality calculating device configured 

to calculate at least one tonality indicating value for at least one spectrum line 

or for at least one group of spectral lines, 

30 wherein the control device is configured to modify the dead-zone for the at 

least one spectrum line or the at least one group of spectrum lines depending 

on the respective tonality indicating value. 
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The framing device may be configured to extract frames from the audio sig­

nal by the application of a window function to the audio signal. In signal pro­

cessing, a window function (also known as an apodization function or taper-
5 ing function) is a mathematical function that is zero-valued outside of some 

chosen interval. By the application of the window function to the signal, the 

signal can be broken into short segments, which are usually called frames. 

Quantization, in digital audio signal processing, is the process of mapping a 

10 large set of input values to a (countable) smaller set - such as rounding val­

ues to some unit of precision. A device or algorithmic function that performs 

quantization is called a quantizer. 

According to the invention a spectrum signal is calculated for the frames of 

15 the audio signal. The spectrum signal may contain a spectrum of each of the 

frames of the audio signal, which is a time-domain signal, wherein each 

spectrum is a representation of one of the frames in the frequency domain. 

The frequency spectrum can be generated via a mathematical transform of 

the signal, and the resulting values are usually presented as amplitude ver-

20 sus frequency. 

The dead-zone is a zone used during quantization, wherein spectral lines 

(frequency bins) or groups of spectral lines (frequency bands) are mapped to 

zero. The dead-zone has a lower limit, which is usually at an amplitude of 

25 zero, and an upper limit, which may vary for different spectral lines or groups 

of spectral lines. 

According to the invention the dead-zone may be modified by a control de­

vice. The control device comprises a tonality calculating device which is con­

st) figured to calculate at least one tonality indicating value for at least one spec­

trum line or for at least one group of spectrum lines. 
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The term "tonality" refers to the tonal character of the spectrum signal. In 

general it may be said that the tonality is high in case that the spectrum com­

prises predominantly periodic components, which means that the spectrum of 

a frame comprises dominant peaks. The opposite of a tonal character is a 

5 noisy character. In the latter case the spectrum of a frame is more flat. 

Furthermore, the control device is configured to modify the dead-zone for the 

at least one spectrum line or the at least one group of spectrum lines de­

pending on the respective tonality indicating value. 

10 

The present invention reveals a quantization scheme with a signal-adaptive 

dead-zone which 

• does not require any side-information, allowing its usage in existing 

15 media codecs, 

• decides prior to quantization which dead-zone to use per bin or band, 

saving complexity, 

• may determine the per-bin or per-band dead-zone based on band fre­

quency and/and signal tonality. 

20 

The invention can be applied in existing coding infrastructure since only the 

signal quantizer in the encoder is changed; the corresponding decoder will 

still be able to read the (unaltered) bitstream produced from the encoded sig­

nal and decode the output. Unlike in [6] and references therein, the dead-

25 zone for each group of spectral lines or for each spectral line is selected be­

fore quantization, so only one quantization operation per group or spectral 

line is necessary. Finally, the quantizer decision is not limited to choose be­

tween two possible dead-zone values, but an entire range of values. The de­

cision is detailed hereafter. The tonality-adaptive quantization scheme out-
30 lined above may be implemented in the transform coded excitation (TCX) 

path of the LD-USAC encoder, a low-delay variant of xHE-AAC [4], 
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According to a preferred embodiment of the invention the control device is 

configured to modify the dead-zone in such way that the dead-zone at one of 

the spectra! lines is larger than the dead-zone is at one of the spectral lines 

5 having a larger tonality or in such way that the dead-zone at one of the 

groups of spectral lines is larger than the dead-zone is at one of the groups 

of spectral lines having a larger tonality. By this features non-tonal spectral 

regions will tend to be quantized to zero, which means that the quantity of the 

data may be reduced. 

10 

According to a preferred embodiment of the invention the control device 

comprises a power spectrum calculating device configured to calculate a 

power spectrum of the frame of the audio signal, wherein the power spectrum 

comprises power values for spectral lines or groups of spectral lines, wherein 

15 the tonality calculating device is configured to calculate the at least one tonal­

ity indicating value depending on the power spectrum. By calculating the to­

nality indicating value based on the power spectrum the computational com­

plexity remains quite low. 

20 According to a preferred embodiment of the invention the tonality indicating 

value for one of the spectra! lines is based on a comparison of the power val­

ue for the respective spectral line and the sum of a predefined number of its 

surrounding power values of the power spectrum, or wherein the tonality in­

dicating value for one of the groups of the spectral lines is based on a com-

25 parison of the power value for the respective group of spectral lines and the 

sum of a predefined number of its surrounding power values of the power 

spectrum. By comparing a power value with its neighboring power values 

peak areas or flat areas of the power spectrum may be easily identified so 

that the tonality indicating value may be calculated in an easy way. 

30 

According to a preferred embodiment of the invention the tonality indicating 

value for one of the spectral lines is based on the tonality indicating value of 
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the spectral line of a preceding frame of the audio signal, or wherein the to­

nality indicating value for one of the groups of the spectral lines is based on 

the tonality indicating value of the group of spectral lines for a preceding 

frame of the audio signal. By these features the dead-zone will be modified 

5 over time in a smooth manner. 

According to a preferred embodiment of the invention the tonality indicating 

value is calculated by a formula 

h,i " / (— — ( __ ), 

10 wherein i is an index indicating a specific frame of the audio signal, k is an 

index indicating a specific spectral line, Pkj is the power value of the k-th 
spectral line of the i-th frame, or wherein the tonality indicating value is calcu­

lated by a formula 

1 m,i — JI „ . ' p . /> 
rm,i rm, i-i 

15 wherein / is an index indicating a specific frame of the audio signal, m is an 

index indicating a specific group of spectral lines, Pmj is the power value of 

the m-th group of spectral lines of the i-th frame. As one will note from the 

formula the tonality indicating value is calculated from power value of the i-th 

frame, which is the current frame, and from the i-1-th frame, which is the pre-
20 ceding frame. The formula may be changed by omitting the dependency from 

the i-1-th frame. Here the sum of 7 left and 7 right neighboring power values 

of the k-th power value is calculated and divided by the respective power val­

ue. Using this formula a low tonality indicating value indicates a high tonality. 

25 According to a preferred embodiment of the invention the audio encoder 

comprises a start frequency calculating device configured to calculate a start 

frequency for modifying the dead-zone, wherein the dead-zone is only modi­

fied for spectral lines representing a frequency higher than or equal to the 

start frequency. This means that the dead-zone is fixed for low frequencies 

30 and variable for higher frequencies. These features lead to better audio quali­

ty as the human auditory system is more sensitive at low frequencies. 
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According to a preferred embodiment of the invention the start frequency cal­

culating device is configured to calculate the start frequency based on a 

sample rate of the audio signal and/or based on a maximum bit-rate foreseen 

5 for a bitstream produced from the encoded signal. By these features will au­

dio quality may be optimized. 

According to a preferred embodiment of the invention the audio encoder 

comprises a modified discrete cosine transform calculating device configured 

10 to calculate a modified discrete cosine transform from the frame of the audio 

signal and a modified discrete sine transform calculating device configured to 

calculate a modified discrete sine transform from the frame of the audio sig­

nal, wherein the power spectrum calculating device is configured to calculate 

the power spectrum based on the modified discrete cosine transform and on 

15 the modified discrete sine transform. The modified discrete cosine transform 

has to be caiculated anyway for the purpose of encoding the audio signal. 

Hence, only the modified discrete sine transform as to be calculated addi­

tionally for the purpose of tonality-adaptive quantization. Therefore, complexi­

ty may be reduced. However, other transforms may be used such as discrete 

20 Fourier transform or odd discrete Fourier transform. 

According to a preferred embodiment of the invention the power spectrum 

calculating device is configured to calculate the power values according to 

the formula Pk i = (MDCTki)2 + (MDSTk l)2, wherein I is an index indicating a 

25 specific frame of the audio signal, k is an index indicating a specific spectral 

line, MDCTkj is the value of the modified discrete cosine transform at the k-th 

spectral line of the i-th frame, MDSTkJ is the value of the modified discrete 

sine transform at the k-th spectral line of the i-th frame, and P^j is the power 

value of the k-th spectral line of the i-th frame. The formula above allows cal-

30 culating the power values in an easy way. 



WO 2014/118171 
8 

PCT/EP2014/051624 

According to a preferred embodiment of the invention the audio encoder 

comprises a spectrum signal calculating device configured to produce the 

spectrum signal, wherein the spectrum signal calculating device comprises 

an amplitude setting device configured to set amplitudes of the spectral lines 

5 of the spectrum signal in such way that an energy loss due to a modification 

of the dead-zone is compensated. By these features the quantization may be 

done in an energy preserving way 

According to a preferred embodiment of the invention the amplitude setting 

10 device is configured to set the amplitudes of the spectrum signal depending 

on a modification of the dead-zone at the respective spectral line. For exam­

ple spectral lines, for which the dead-zone is enlarged, may be slightly ampli­

fied for this purpose. 

15 According to a preferred embodiment of the invention the spectrum signal 

calculating device comprises a normalizing device. By this feature the subse­

quent quantization step may be done in an easy way. 

According to a preferred embodiment of the invention the modified discrete 

20 cosine transform from the frame of the audio signal calculated by the modi­

fied discrete cosine transform calculating device is fed to the spectrum signal 

calculating device. By these feature the modified discrete cosine transform is 

used for the purpose of quantization adaption and for the purpose of calculat­

ing the encoded signal. 

25 

In one aspect the invention provides a system comprising an encoder and a 

decoder, wherein the encoder is designed according to the invention. 

In one aspect the invention provides a method for encoding an audio signal 

30 so as to produce therefrom an encoded signal, the method comprising the 

steps: 
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extracting frames from the audio signal; 

mapping spectral lines of a spectrum signal derived from the frame of the 

audio signal to quantization indices; wherein a dead-zone is used, in which 

5 the input spectral lines are mapped to zero; and 

modifying the dead-zone; 

wherein at least one tonality indicating value for at least one spectrum line or 

10 for at least one group of spectra! lines is calculated, 

wherein the dead-zone for the at least one spectrum line or the at least one 

group of spectrum lines is modified depending on the respective tonality indi­

cating value. 

15 

In one aspect the invention provides a computer program for performing, 

when running on a computer or a processor, the method according to the 

invention. 

20 Preferred embodiments of the invention are subsequently discussed with re­

spect to the accompanying drawings, in which: 

Fig. 1 illustrates an embodiment of an encoder according to the inven­

tion and 

25 

Fig. 2 illustrates the working principle of an encoder according to the 

invention. 

Fig. 1 depicts an audio encoder 1 for encoding an audio signal AS so as to 

30 produce therefrom an encoded signal ES according to the invention. The au­

dio encoder 1 comprises: 
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a framing device 2 configured to extract frames F from the audio signal AS; 

a quantizer 3 configured to map spectral lines SL1-32 (see Fig. 2) of a spec­

trum signal SPS derived from the frame F of the audio signal AS to quantiza-

5 tion indices I0, h; wherein the quantizer 3 has a dead-zone DZ (seeFig.2), in 

which the spectral lines SL1-32 are mapped to quantization index zero 10j and 

a control device 4 configured to modify the dead-zone DZ; 

10 wherein the control device 4 comprises a tonality calculating device 5 config­

ured to calculate at least one tonality indicating value TI5.32 for at least one 

spectrum line SL1.32 or for at least one group of spectral lines SL1-32, 

wherein the control device 4 is configured to modify the dead-zone DZ for the 

15 at least one spectrum line SL1-32 or the at least one group of spectrum lines 

SI-1-32 depending on the respective tonality indicating value TI5.32-

The framing device 2 may be configured to extract frames F from the audio 

signal AS by the application of a window function to the audio signal AS. In 

20 signal processing, a window function (also known as an apodization function 

or tapering function) is a mathematical function that is zero-valued outside of 

some chosen interval. By the application of the window function to the signal 

AS, the signal AS can be broken into short segments, which are usually 

called frames F. 

25 

Quantization, in digital audio signal processing, is the process of mapping a 

large set of input values to a (countable) smaller set - such as rounding val­

ues to some unit of precision. A device or algorithmic function that performs 

quantization is called a quantizer. 

30 

According to the invention a spectrum signal SPS is calculated for the frames 

F of the audio signal AS. The spectrum signal SPS may contain a spectrum 
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of each of the frames F of the audio signal AS, which is a time-domain signal, 

wherein each spectrum is a representation of one of the frames F in the fre­

quency domain. The frequency spectrum can be generated via a mathemati­

cal transform of the signal AS, and the resulting values are usually presented 

5 as amplitude versus frequency. 

The dead-zone DZ is a zone used during quantization, wherein spectral lines 

S1-1-32 (frequency bins) or groups of spectral lines SLI-32 (frequency bands) 

are mapped to quantization index zero. The dead-zone DZ has a lower limit, 

10 which is usually at an amplitude of zero, and an upper limit, which may vary 

for different spectral lines SL1-32 or groups of spectral lines SL1.32-

According to the invention the dead-zone DZ is may be modified by a control 

device 4. The control device 4 comprises a tonality calculating device 5 which 

15 is configured to calculate at least one tonality indicating value Tl5„32 for at 

least one spectrum line SL1-32 or for at least one group spectrum lines. SL1.32 

The term "tonality" refers to the tonal character of the spectrum signal SPS. 

In general it may be said that the tonality is high in case that the spectrum or 

20 a part thereof comprises predominantly periodic components, which means 

that the spectrum or the part thereof of a frame F comprises dominant peaks. 

The opposite of a tonal character is a noisy character. In the latter case the 

spectrum or the part thereof of a frame F is more fiat. 

25 Furthermore, the control device 4 is configured to modify the dead-zone DZ 

for the at least one spectrum line SLI.32 or the at least one group of spectrum 

lines SL-I-32 depending on the respective tonality indicating value T15,-32. 

The present invention reveals a quantization scheme with a signal-adaptive 

30 dead-zone DZ which 
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• does not require any side-information, allowing its usage in existing 

media codecs, 

• decides prior to quantization which dead-zone DZ to use per bin or 

band, saving complexity, 

5 • may determine the per-bin or per-band dead-zone DZ based on band 

frequency and/or signal tonality. 

The invention can be applied in existing coding infrastructure since only the 

signal quantizer 3 in the encoder 1 is changed; the corresponding decoder 

10 will still be able to read the (unaltered) bitstream produced from the encoded 

signal and decode the output. Unlike in [8] and references therein, the dead-

zone DZ for each group of spectral lines SL1.32 or for each spectral line SLI_32 

is selected before quantization, so only one quantization operation per group 

or spectral line SL1-32 is necessary. Finally, the quantizer decision is not lim-

15 ited to choose between two possible dead-zone values, but an entire range 

of values. The tonality-adaptive quantization scheme outlined above may be 

implemented in the transform coded excitation (TCX) path of the LD-USAC 

encoder, a low-delay variant of xHE-AAC [4], 

20 According to a preferred embodiment of the invention the control device 4 is 

configured to modify the dead-zone DZ in such way that the dead-zone DZ at 

one of the spectral lines SL1..32 is larger than the dead-zone DZ is at one of 

the spectral lines SL1-32 having a larger tonality or in such way that the dead-

zone DZ at one of the groups of spectral lines SL1-32 is larger than the dead-

25 zone DZ is at one of the groups of spectral lines SL1-32 having a larger tonali­

ty. By this features non-tonal spectral regions will tend to be quantized to ze­

ro, which means that the quantity of the data may be reduced. 

According to a preferred embodiment of the invention the control device 4 

30 comprises a power spectrum calculating device 8 configured to calculate a 

power spectrum PS (see also Fig. 2) of the frame F of the audio signal AS, 
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wherein the power spectrum PS comprises power values PS5.32 for spectral 

lines SL1-32 or groups of spectral lines SL1.32, wherein the tonality calculating 

device 5 is configured to calculate the at least one tonality indicating value 

T15-32 depending on the power spectrum PS. By calculating the tonality indi-

5 eating TI5.32 value based on the power spectrum PS the computational com­

plexity remains quite low. Furthermore, the accuracy may be enhanced. 

According to a preferred embodiment of the invention the tonality indicating 

value H5.32 for one of the spectral lines SL1-32 is based on a comparison of 

10 the power value PS5-32 for the respective spectral line SL.-i.32 and the sum of a 

predefined number of its surrounding power values PS5-32 of the power spec­

trum PS, or wherein the tonality indicating value for one of the groups of the 

spectral lines SL.-i.32 is based on a comparison of the power value PS5-32 for 

the respective group of spectral lines and the sum of a predefined number of 

15 its surrounding power values PS5.32 of the power spectrum. By comparing a 

power value PS5.32 with its neighboring power values PS5-32 peak areas or 

flat areas of the power spectrum SP may be easily identified so that the to­

nality indicating value TI5.32 may be calculated in an easy way. 

20 According to a preferred embodiment of the invention the tonality indicating 

value TI5.32 for one of the spectral lines SL1-32 is based on the tonality indicat­

ing value TI5.32 of the spectral line SL1-32 of a preceding frame F of the audio 

signal AS, or wherein the tonality indicating value TI5.32 for one of the groups 

of the spectral lines SLI.32 is based on the tonality indicating value TI5.32 of 

25 the group of spectral lines SL1-32 for a preceding frame F of the audio signal 

AS. By these features the dead-zone DZ will be modified overtime in a 

smooth manner. 

According to a preferred embodiment of the invention the tonality indicating 

30 value T15-32 is calculated by a formula 
rj, _ f/-pk-7.l+'"+pk-i,i+pk+l,i+'"+pk+7,i pk-7,i~i+"-+pk~i,i~i+pk+i,i~l + "'+pk+7,i-i\ 
* k,i ~ Ji~ _____ . j : —— 
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wherein i is an index indicating a specific frame F of the audio signal AS, k is 

an index indicating a specific spectral line SL1-32, Pkj is the power value PS5. 

32 of the k-th spectral line SL1-32 of the i-th frame, or wherein the tonality indi­

cating value TI5.32 is calculated by a formula 
T — f+'"+pm-t,i +P>n+1,1+"•+Pm+7,l pm~7,i~i+'"+pm.~i,l~l+pm+i,i~l+'"+pm+7,i~i\ 

m,i ~ ^ Pm,i ' Pm,i-1 h 

wherein i is an index indicating a specific frame F of the audio signal AS, m is 

an index indicating a specific group of spectral lines SL1.32, Pmj is the power 

value PS5.32 of the m-th group of spectral lines SL1-32 of the i-th frame. As one 

will note from the formula the tonality indicating value TI5.32 is calculated from 

10 power value PS5.32 of the i-th frame, which is the current frame F, and from 

the i-1-th frame F, which is the preceding frame F. The formula may be 

changed by omitting the dependency from the i-1-th frame F. Here the sum of 

the 7 left and 7 right neighboring power values PS5.32 of the k-th power value 

PS5.32 of a certain spectral line SL1.32 or the m-th power value of group of 

15 spectral lines SL1-32 is calculated and divided by the respective power value 

PS 5.32. Using this formula a low tonality indicating value TI5.32 indicates a high 

tonality. 

According to a preferred embodiment of the invention the audio encoder 1 

20 comprises a start frequency calculating device 7 configured to calculate a 

start frequency SF for modifying the dead-zone DZ, wherein the dead-zone 

DZ is only modified for spectral lines SL5.32 representing a frequency higher 

than or equal to the start frequency SF. This means that the dead-zone DZ is 

fixed for low frequencies and variable for higher frequencies. These features 

25 lead to better audio quality as the human auditory system is more sensitive at 

low frequencies. 

According to a preferred embodiment of the invention the start frequency cal­

culating device 7 is configured to calculate the start frequency SF based on a 

30 sample rate of the audio signal AS and/or based on a maximum bit-rate fore­
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seen for a bitstream produced from the encoded signal ES. By these features 

will audio quality may be optimized. 

According to a preferred embodiment of the invention the audio encoder 1 

5 comprises a modified discrete cosine transform calculating device 8 config­

ured to calculate a modified discrete cosine transform CT from the frame F of 

the audio signal AS and a modified discrete sine transform calculating device 

9 configured to calculate a modified discrete sine transform ST from the 

frame F of the audio signal AS, wherein the power spectrum calculating de-

10 vice 6 is configured to calculate the power spectrum PS based on the modi­

fied discrete cosine transform CT and on the modified discrete sine transform 

ST. The modified discrete cosine transform CT has to be calculated anyway 

in many cases for the purpose of encoding the audio signal AS. Hence, only 

the modified discrete sine transform ST has to be calculated additionally for 

15 the purpose of tonality-adaptive quantization. Therefore, complexity may be 

reduced. However, other transforms may be used such as discrete Fourier 

transform or odd discrete Fourier transform. 

According to a preferred embodiment of the invention the power spectrum 

20 calculating device 6 is configured to calculate the power values according to 

the formula Pkti = (MDCTki)2 + (MDSTk i)2, wherein / is an index indicating a 

specific frame F of the audio signal, k is an index indicating a specific spec­

tral line SL-I-32, MDCTkj is the value of the modified discrete cosine transform 

CT at the k-th spectral line of the i-th frame, MDSTkj is the value of the modi-
25 fied discrete sine transform ST at the k-th spectral line of the i-th frame, and 

Pkj is the power value PS5.32 of the k-th spectral line of the i-th frame. The 

formula above allows to calculate the power values PS5.32 in an easy way. 

According to a preferred embodiment of the invention the audio encoder 1 

30 comprises a spectrum signal calculating device 10 configured to produce the 

spectrum signal SPS, wherein the spectrum signal calculating device 10 

comprises an amplitude setting device 11 configured to set amplitudes of the 
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spectral lines SLI.32 of the spectrum signal SPS in such way that an energy 

loss due to a modification of the dead-zone DZ is compensated. By these 

features the quantization may be done in an energy preserving way 

5 According to a preferred embodiment of the invention the amplitude setting 

device 11 is configured to set the amplitudes of the spectrum signal SPS de­

pending on a modification of the dead-zone DZ at the respective spectral line 

SL.I-32. For example spectral lines SL.-j.32, for which the dead-zone DZ is en­

larged, may be slightly amplified for this purpose. 

10 

According to a preferred embodiment of the invention the spectrum signal 

calculating device 10 comprises a normalizing device 12. By this feature the 

subsequent quantization step may be done in an easy way. 

15 According to a preferred embodiment of the invention the modified discrete 

cosine transform CT from the frame F of the audio signal AS calculated by 

the modified discrete cosine transform calculating device 8 is fed to the spec­

trum signal calculating device 10. By these feature the modified discrete co­

sine transform CT is used for the purpose of quantization adaption and for 

20 the purpose of calculating the encoded signal ES. 

Fig. 1 depicts the flow of data and control information in the inventive adap­

tive encoder 1. It should be reiterated that non-tonal spectral regions above a 

certain frequency SF will tend to be quantized to zero quite extensively at low 

25 bit-rates. This, however, is intended: noise insertion applied on zero-bins in 

the decoder will sufficiently reconstruct the noise-like spectra, and the zero-

quantization will save bits, which can be used to quantize iow-frequency bins 

more finely. 

30 Fig. 2 illustrates the working principle of an encoder according to the inven­

tion. Herein, the dead-zone DZ of an audio encoder 1 according to the inven­

tion, the power spectrum PS with its power values PS5.32 of a frame F of an 
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audio signal AS, the tonality indicating values TI5.32 and the spectral lines 

SLi-32 of the spectrum SP are shown in a common coordinate system, where­

in the x-axis denotes a frequency and the y-axis denotes amplitudes. It has to 

be noted that mapping indices larger than 1 are not shown in Fig, 2 for simpli-

5 fication. 

Below a start frequency SF, which has been calculated by the start frequency 

calculating device 7, the dead-zone has a fixed size. In the example the 

spectral line SL1 ends outside of the dead-zone so that it will be mapped to 

10 the index one h, whereas the spectral line Sl7 ends within the dead-zone DZ 

so that it can be mapped to index 0 l0. However, beginning with the start fre­

quency SF and going to higher frequencies, the size of the dead-zone DZ 

may be modified by the control device 4. For that purpose, the power values 

PS5-32 are calculated as described above. Furthermore, the tonality indicating 

15 values TI5-32 are calculated from the power values PS5.32. 

In the area from k=20 to k=23 the power spectrum PS has a peak which re-

suits in low tonality indicating values TI20-23 which indicate a high tonality. In 

the other areas above the start frequency SF for power spectrum PS is more 

20 flat so that the tonality indicating values TI12-19 and TI24-32 are comparably 

higher, which indicates a lower tonality in their respective areas. As a result 

the dead-zone DZ is enlarged in the area from k=12 to k=19 and in the area 

from k=24 to k=32. This enlargement of the dead-zone DZ results in that, for 

example, that spectral line SLi2 and spectral line SL25, which without tonality 

25 adaptive quantization would have been mapped to index one are now 

mapped to index zero. This zero-quantization reduces the quantity of the da­

ta to be transmitted to the decoder. 

In a preferred implementation of the invention, the encoder operation is 

30 summarized as follows: 
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1. During the time-to-frequency transformation step, both an MDCT 

(cosine part) and an MOST (sine part) are computed from the win­

dowed input signal for the given frame. 

5 2. The MDCT of the input frame is used for quantization, coding, and 

transmission. The MOST is further utilized to compute a per-bin pow­

er spectrum Pk = MDCTk2 + MDSTk2, 

3. With Pk a per-coding-band, or preferably per-bin, tonality or spectral 

10 flatness measure is calculated. Several methods to achieve this are 

documented in the literature [1,2,3]. Preferably, a low-complexity ver­

sion with only few operations per bin is employed. In the present 

case, a comparison between Pk and the sum of its surrounding Pk-

7,.,k+7 is made and enhanced with a hysteresis similar to the 

15 birth/death tracker described in [3]. Moreover, bins below a certain 

bit-rate-dependent frequency are always regarded tonal. 

4. As an optional step, the tonality or flatness measure can be utilized 

to perform a slight amplification of the spectrum prior to quantization 

20 in order to compensate for energy loss due to a large quantizer dead-

zone. More precisely, bins for which a large quantizer dead-zone is 

applied are amplified a bit, whereas bins for which a normal or close 

to-normai dead-zone (i.e. one that tends to preserve energy) is used 

are not modified. 

25 

5. The tonality or flatness measure of step 3 now controls the choice of 

dead-zone used for quantizing each frequency bin. Bins determined 

as having a high tonality, meaning low values of Pk-7,,.k+7 / Pk, are 

quantized with a default (i.e. roughly energy preserving) dead-zone, 

so and bins with low tonality are quantized with a new enlarged dead-

zone. A low-tonality bin thus tends to be quantized to zero more often 

than a high-tonality bin. Optionally, the size of a bin's dead-zone can 
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be defined as a continuous function of bin tonality, with a range be­

tween the default (smallest) and a maximum dead-zone size. 

Although some aspects have been described in the context of an apparatus, 

5 it is clear that these aspects also represent a description of the correspond­

ing method, where a block or device corresponds to a method step or a fea­

ture 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 

10 be executed by (or using) a hardware apparatus, like for example, a micro­

processor, a programmable computer or an electronic circuit. In some em­

bodiments, some one or more of the most important method steps may be 

executed by such an apparatus. 

15 Depending on certain implementation requirements, embodiments of the in­

vention can be implemented in hardware or in software. The implementation 

can be performed using a non-transitory storage medium such as a digital 

storage medium, for example a floppy disc, a DVD, a Blu-Ray, a CD, a ROM, 

a PROM, and EPROM, an EEPROM or a FLASH memory, having electroni-
20 cally readable control signals stored thereon, which cooperate (or are capa­

ble of cooperating) with a programmable computer system such that the re­

spective method is performed. Therefore, the digital storage medium may be 

computer readable. 

25 Some embodiments according to the invention comprise a data carrier hav­

ing electronically readable control signals, which are capable of cooperating 

with a programmable computer system, such that one of the methods de­

scribed herein is performed. 

30 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 
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product runs on a computer. The program code may, for example, be stored 

on a machine readable carrier. 

Other embodiments comprise the computer program for performing one of 

5 the methods described herein, stored on a machine readable carrier. 

In other words, an embodiment of the inventive method is, therefore, a com­

puter program having a program code for performing one of the methods de­

scribed herein, when the computer program runs on a computer, 

10 

A further embodiment of the inventive method is, therefore, a data carrier (or 

a digital storage medium, or a computer-readable medium) comprising, rec­

orded thereon, the computer program for performing one of the methods de­

scribed herein. The data carrier, the digital storage medium or the recorded 

15 medium are typically tangible and/or non-transitionary. 

A further embodiment of the invention 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 

20 may, for example, be configured to be transferred via a data communication 

connection, for example, via the internet. 

A further embodiment comprises a processing means, for example, a com­

puter or a programmable logic device, configured to, or adapted to, perform 

25 one of the methods described herein. 

A further embodiment comprises a computer having installed thereon the 

computer program for performing one of the methods described herein. 

30 A further embodiment according to the invention comprises an apparatus or a 

system configured to transfer (for example, electronically or optically) a com­

puter program for performing one of the methods described herein to a re­
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ceiver. The receiver may, for example, be a computer, a mobile device, a 

memory device or the like. The apparatus or system may, for example, com­

prise a file server for transferring the computer program to the receiver, 

5 In some embodiments, a programmable logic device (for example, a field 

programmable gate array) may be used to perform some or all of the func­

tionalities of the methods described herein. In some embodiments, a field 

programmable gate array may cooperate with a microprocessor in order to 

perform one of the methods described herein. Generally, the methods are 

10 preferably performed by any hardware apparatus. 

The above described embodiments are merely illustrative for the principles of 

the present invention. It is understood that modifications and variations of the 

arrangements and the details described herein will be apparent to others 

15 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. 

Reference signs: 

20 

1 audio encoder 

2 framing device 

3 quantizer 

4 control device 

5 tonality calculating device 

6 power spectrum calculating device 

7 start frequency calculating device 

8 modified discrete cosine transform calculating device 

9 modified discrete sine transform calculating device 

10 spectrum signal calculating device 

11 amplitude setting device 

12 normalizing device 
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AS audio signal 

ES encoded signal 

F frame 

St. 1-32 spectra! line 

SPS spectrum signal 

I index 

DZ dead-zone 
T!5-32 tonality indicating value 

PS power spectrum 

PS5-32 power value 

SF start frequency 

CT modified discrete cosine transform 

ST modified discrete sine transform 
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Claims 

1.  Audio encoder for encoding an audio signal so as to produce therefrom 

an encoded signal, the audio encoder comprising: 

5 

a framing device configured to extract frames from the audio signal; 

a quantizer configured to map spectral lines of a spectrum signal derived 

from the frame of the audio signal to quantization indices, wherein the 

10 quantizer has a dead-zone, in which the spectral lines are mapped to 

quantization index zero; and 

a control device configured to modify the dead-zone; 

15 wherein the control device comprises a tonality calculating device config-

ured to calculate at least one tonality indicating value for at least one 

spectrum line or for at least one group of spectral lines, 

wherein the control device is configured to modify the dead-zone for the 

20 at least one spectrum line or the at least one group of spectrum lines de-

pending on the respective tonality indicating value. 

2.  Audio encoder according to the preceding claim, wherein the control de-

vice is configured to modify the dead-zone in such way that the dead- 

25 zone at one of the spectral lines is larger than the dead-zone is at one of 

the spectral lines having a larger tonality or in such way that the dead-

zone at one of the groups of spectral lines is larger than the dead-zone is 

at one of the groups of spectral lines having a larger tonality. 

30 3.  Audio encoder according to one of the preceding claims, wherein the con-

trol device comprises a power spectrum calculating device configured to 

calculate a power spectrum of the frame of the audio signal, wherein the 

power spectrum comprises power values for spectral lines or groups of 
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spectral lines, wherein the tonality calculating device is configured to cal- 

culate the at least one tonality indicating value depending on the power 

spectrum. 

5 4.  Audio encoder according to the preceding claim, wherein the tonality indi-

cating value for one of the spectral lines is based on a comparison of the 

power value for the respective spectral line and the sum of a predefined 

number of its surrounding power values of the power spectrum, or where-

in the tonality indicating value for one of the groups of the spectral lines is 

io based on a comparison of the power value for the respective group of 

spectral lines and the sum of a predefined number of its surrounding 

power values of the power spectrum. 

5.  Audio encoder according to one of the preceding claims, wherein the to- 

15 nality indicating value for one of the spectral lines is based on the tonality 

indicating value of the spectral line of a preceding frame of the audio sig-

nal, or wherein the tonality indicating value for one of the groups of the 

spectral lines is based on the tonality indicating value of the group of 

spectral lines for a preceding frame of the audio signal. 

20 

6.  Audio encoder according to one of the claims 3 to 5, wherein the tonality 

indicating value is calculated by a formula 

Pk-7' ii--+Pk-Li+Pk+Li+...+Pk+7,i 	Pk-7,i-,+".+Pk-i,i-i+Pk+Li-i+.• .+Pk+7,i-i , f ( 	
), 

Tk,ti = 
Pk,i 	 Pk,i-i 

wherein i is an index indicating a specific frame of the audio signal, k is an 

25 index indicating a specific spectral line, Tki is the tonality indicating value 

of the k-th spectral line of the i-th frame, Pio is the power value of the k-th 

spectral line of the i-th frame, or wherein the tonality indicating value is 

calculated by a formula 

Trro  = 

30 
PM-7,i--14— +PM-1,i-l+P171+1,i-14—+PM+7,i-1

), 
 f  (Pm-7,i+-+Pm-Li+Pm+Li+-+Pm+7,i 

Pm,i 	 •  P 171,1-1 

wherein i is an index indicating a specific frame of the audio signal, m is 
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an index indicating a specific group of spectral lines, Pro  is the power val- 

ue of the m-th group of spectral lines of the i-th frame. 

7. Audio encoder according to one of the preceding claims, wherein the au- 

5 dio encoder comprises a start frequency calculating device configured to 

calculate a start frequency for modifying the dead-zone, wherein the 

dead-zone is only modified for spectral lines representing a frequency 

higher than or equal to the start frequency. 

10 8. Audio encoder according to the preceding claim, wherein start frequency 

calculating device is configured to calculate the start frequency based on 

a sample rate of the audio signal and/or based on a maximum bit-rate 

foreseen for a bitstream produced from the encoded signal. 

15 9. Audio encoder according to one of the claims 3 to 8, wherein the audio 

encoder comprises a modified discrete cosine transform calculating de-

vice configured to calculate a modified discrete cosine transform from the 

frame of the audio signal and a modified discrete sine transform calculat-

ing device configured to calculate a modified discrete sine transform from 

20 the frame of the audio signal, wherein the power spectrum calculating de-

vice is configured to calculate the power spectrum based on the modified 

discrete cosine transform and on the modified discrete sine transform. 

10.Audio encoder according to one of the claims 3 to 9, wherein power spec- 

25 trum calculating device is configured to calculate the power values ac-

cording to a formula Pki = (MDCTki) 2  + (MDS71,0 2  , wherein i is an index 

indicating a specific frame of the audio signal, k is an index indicating a 

specific spectral line, MDCTki  is the value of the modified discrete cosine 

transform at the k-th spectral line of the i-th frame, MDSTk,i is the value of 

30 the modified discrete sine transform at the k-th spectral line of the i-th 

frame, and Pk,; is the power value of the k-th spectral line of the i-th frame. 
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11.Audio encoder according to one of the preceding claims, wherein the au- 

dio encoder comprises a spectrum signal calculating device configured to 

produce the spectrum signal, wherein the spectrum signal calculating de-

vice comprises an amplitude setting device configured to set amplitudes 

5 of the spectral lines of the spectrum signal in such way that an energy 

loss due to a modification of the dead-zone is compensated. 

12.Audio encoder according to the preceding claim, wherein the amplitude 

setting device is configured to set the amplitudes of the spectrum signal 

10 depending on a modification of the dead-zone at the respective spectral 

line. 

13.Audio encoder according to claim 11 or 12, wherein the spectrum signal 

calculating device comprises a normalizing device. 

15 

14.Audio encoder according to one of the claims 11 to 13, wherein the modi-

fied discrete cosine transform from the frame of the audio signal calculat-

ed by the modified discrete cosine transform calculating device is fed to 

the spectrum signal calculating device 

20 

15.A system comprising an encoder and a decoder, wherein the encoder is 

designed according to one of the claims 1 to 14. 

16. Method for encoding an audio signal so as to produce therefrom an en- 

25 coded signal, the method comprising the steps: 

extracting frames from the audio signal; 

mapping spectral lines of a spectrum signal derived from the frame of the 

30 audio signal to quantization indices, wherein a dead-zone is used, in 

which the input spectral lines are mapped to quantization index zero; and 

modifying the dead-zone; 
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5 

wherein at least one tonality indicating value for at least one spectrum line 

or for at least one group of spectral lines is calculated, 

wherein the dead-zone for the at least one spectrum line or the at least 

one group of spectrum lines is modified depending on the respective to-

nality indicating value. 

17. Computer program for performing, when running on a computer or a pro- 

10 cessor, the method of claim 16. 


