
Low-Frequency Emphasis for LPC-based Coding in Frequency Domain 

Description 

s It is well-known that non-speech signals, e.g. musical sound, can be more 

complicated in processing than human vocal sound, occupying a wider band 

of frequency. Recent state-of-the-art audio coding systems such as AMR- 

WB+ [3] and xHE-AAC [4] offer a transform coding tool for music and other 

generic, non-speech signals. This tool is commonly known as transform cod- 

10 

is 

ed excitation (TCX) and is based on the principle of transmission of a linear 

predictive coding (LPC) residual, termed excitation, quantized and entropy 

coded in the frequency domain. Due to the limited order of the predictor used 

in the LPC stage, however, artifacts can occur in the decoded signal espe-

cially at low frequencies, where human hearing is very sensitive. To this end, 

a low-frequency emphasis and de-emphasis scheme was introduced in [1-3]. 

Said prior-art adaptive low-frequency emphasis (ALFE) scheme amplifies 

low-frequency spectral lines prior to quantization in the encoder. In particular, 

low-frequency lines are grouped into bands, the energy of each band is com- 

20 puted, and the band with the local energy maximum is found. Based on the 

value and location of the energy maximum, bands below the maximum-

energy band are boosted so that they are quantized more accurately in the 

subsequent quantization. 

25 The low-frequency de-emphasis performed to invert the ALFE in a corre-

sponding decoder is conceptually very similar. As done in the encoder, low-

frequency bands are established and a band with maximum energy is deter-

mined. Unlike in the encoder, the bands below the energy peak are now at-

tenuated. This procedure roughly restores the line energies of the original 

30 spectrum. 
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It is worth noting that in the prior art, the band-energy calculation in the en-

coder is performed before quantization, i.e. on the input spectrum, whereas 

in the decoder it is conducted on the inversely quantized lines, i.e. the de-

coded spectrum. Although the quantization operation can be designed such 

s that spectral energy is preserved on average, exact energy preservation 

cannot be assured for individual spectral lines. Hence, the ALFE cannot be 

perfectly inverted. Moreover, a square-root operation is required in a pre-

ferred implementation of the prior-art ALFE in both encoder and decoder. 

Avoiding such relatively complex operations is desirable. 

10 

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

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

provide improved concepts for adaptive low-frequency emphasis and de-

emphasis. The object of the present invention is achieved by an audio en- 

15 coder according to claim 1, an audio decoder according to claim 12, by a sys-

tem according to claim 22, by methods according to claims 25 and 26 and by 

a computer program according to claim 27. 

In one aspect the invention provides an audio encoder for encoding a non- 

zo speech audio signal so as to produce therefrom a bitstream, the audio en-

coder comprising: 

a combination of a linear predictive coding filter having a plurality of linear 

predictive coding coefficients and a time-frequency converter, wherein the 

25 combination is configured to filter and to convert a frame of the audio signal 

into a frequency domain in order to output a spectrum based on the frame 

and on the linear predictive coding coefficients; 

a low-frequency emphasizer configured to calculate a processed spectrum 

30 based on the spectrum, wherein spectral lines of the processed spectrum 

representing a lower frequency than a reference spectral line are empha-

sized; and 
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a control device configured to control the calculation of the processed spec-

trum by the low-frequency emphasizer depending on the linear predictive 

coding coefficients of the linear predictive coding filter. 

5 

A linear predictive coding filter (LPG filter) is a tool used in audio signal pro-

cessing and speech processing for representing the spectral envelope of a 

framed digital signal of sound in compressed form, using the information of a 

linear predictive model. 

10 

A time-frequency converter is a tool for converting in particular a framed digi-

tal signal from the time domain into a frequency domain so as to estimate a 

spectrum of the signal. The time-frequency converter may use a modified 

discrete cosine transform (MDCT), which is a lapped transform based on the 

15 type-IV discrete cosine transform (DCT-IV), with the additional property of 

being lapped: it is designed to be performed on consecutive frames of a larg-

er dataset, where subsequent frames are overlapped so that the last half of 

one frame coincides with the first half of the next frame. This overlapping, in 

addition to the energy-compaction qualities of the DCT, makes the MDCT 

zo especially attractive for signal compression applications, since it helps to 

avoid artifacts stemming from the frame boundaries. 

The low-frequency emphasizer is configured to calculate a processed spec-

trum based on the spectrum, wherein spectral lines of the processed spec- 

25 trum representing a lower frequency than a reference spectral line are em-

phasized so that only low frequencies contained in the processed spectrum 

are emphasized. The reference spectral line may be predefined based on 

empirical experience. 

30 The control device is configured to control the calculation of the processed 

spectrum by the low-frequency emphasizer depending on the linear predic-

tive coding coefficients of the linear predictive coding filter. Therefore, the 
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encoder according to the invention does not need to analyze the spectrum of 

the audio signal for the purpose of low-frequency emphasis. Further, since 

identical linear predictive coding coefficients may be used in the encoder and 

in a subsequent decoder, the adaptive low-frequency emphasis is fully invert- 

5 ible regardless of spectrum quantization as long as the linear predictive cod-

ing coefficients are transmitted to the decoder in the bitstream which is pro-

duced by the encoder or by any other means. In general the linear predictive 

coding coefficients have to be transmitted in the bitstream anyway for the 

purpose of reconstructing an audio output signal from the bitstream by a re- 

10 spective decoder. Therefore, the bit rate of the bitstream will not be increased 

by the low-frequency emphasis as described herein. 

The adaptive low-frequency emphasis system described herein may be im-

plemented in the TCX core-coder of LD-USAC (EVS), a low-delay variant of 

15 xHE-AAC [4] which can switch between time-domain and MDCT-domain cod-

ing on a per-frame basis. 

According to a preferred embodiment of the invention the frame of the audio 

signal is input to the linear predictive coding filter, wherein a filtered frame is 

20 output by the linear predictive coding filter and wherein the time-frequency 

converter is configured to estimate the spectrum based on the filtered frame. 

Accordingly, the linear predictive coding filter may operate in the time do-

main, having the audio signal as its input. 

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

signal is input to the time-frequency converter, wherein a converted frame is 

output by the time-frequency converter and wherein the linear predictive cod-

ing filter is configured to estimate the spectrum based on the converted 

frame. Alternatively but equivalently, to the first embodiment of the inventive 

30 encoder having a low-frequency emphasizer, the encoder may calculate a 

processed spectrum based on the spectrum of a frame produced by means 

of frequency-domain noise shaping (FDNS), as disclosed for example in [5]. 



More specifically, the tool ordering here is modified: the time-frequency con-

verter such as the above-mentioned one may be configured to estimate a 

converted frame based on the frame of the audio signal and the linear predic-

tive coding filter is configured to estimate the audio spectrum based on the 

5 converted frame, which is output by the time-frequency converter. According-

ly, the linear predictive coding filter may operate in the frequency domain (in-

stead of the time domain), having the converted frame as its input, with the 

linear predictive coding filter applied via multiplication by a spectral represen-

tation of the linear predictive coding coefficients. 

10 

It should be evident to those skilled in the art that these two approaches — a 

linear filtering in the time domain followed by time -frequency conversion vs. 

time-frequency conversion followed by linear filtering via spectral weighting in 

the frequency domain — can be implemented such that they are equivalent. 

15 

According to a preferred embodiment of the invention the audio encoder 

comprises a quantization device configured to produce a quantized spectrum 

based on the processed spectrum and a bitstream producer configured to 

embed the quantized spectrum and the linear predictive coding coefficients 

20 into the bitstream. Quantization, in digital signal processing, is the process of 

mapping a large set of input values to a (countable) smaller set — such as 

rounding values to some unit of precision. A device or algorithmic function 

that performs quantization is called a quantization device. The bitstream pro-

ducer may be any device which is capable of embedding digital data from 

25 different sources into a unitary bitstream. By these features a bitstream pro-

duced with an adaptive low-frequency emphasis may be produced easily, 

wherein the adaptive low-frequency emphasis is fully invertible by a subse-

quent decoder solely using information already contained in the bitstream. 

30 In a preferred embodiment of the invention the control device comprises a 

spectral analyzer configured to estimate a spectral representation of the line-

ar predictive coding coefficients, a minimum-maximum analyzer configured to 
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estimate a minimum of the spectral representation and a maximum of the 

spectral representation below a further reference spectral line, and an em-

phasis factor calculator configured to calculate spectral line emphasis factors 

for calculating the spectral lines of the processed spectrum representing a 

5 lower frequency than the reference spectral line based on the minimum and 

on the maximum, wherein the spectral lines of the processed spectrum are 

emphasized by applying the spectral line emphasis factors to spectral lines of 

the spectrum of the filtered frame. The spectral analyzer may be a time-

frequency converter as described above. The spectral representation is the 

io transfer function of the linear predictive coding filter and may be, but does not 

have to be, the same spectral representation as the one utilized for FDNS, as 

described above. The spectral representation may be computed from an odd 

discrete Fourier transform (ODFT) of the linear predictive coding coefficients. 

In xHE-AAC and LD-USAC, the transfer function may be approximated by 32 

is or 64 MDCT-domain gains that cover the entire spectral representation. 

In a preferred embodiment of the invention the emphasis factor calculator is 

configured in such a way that the spectral line emphasis factors increase in a 

direction from the reference spectral line to the spectral line representing the 

20 lowest frequency of the spectrum. This means that the spectral line repre-

senting the lowest frequency is amplified the most whereas the spectral line 

adjacent to the reference spectral line is amplified the least. The reference 

spectral line and spectral lines representing higher frequencies than the ref-

erence spectral line are not emphasized at all. This reduces the computa- 

25 tional complexity without any audible disadvantages. 

30 

In a preferred embodiment of the invention the emphasis factor calculator 

comprises a first stage configured to calculate a basis emphasis factor ac-

cording to a first formula y = (a - min ( max)13, wherein a is a first preset value, 

with a > 1, 13 is a second preset value, with 0 < (3. 5 1, min is the minimum of 

the spectral representation, max is the maximum of the spectral representa-

tion, and y is the basis emphasis factor, and wherein the emphasis factor 
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calculator comprises a second stage configured to calculate spectral line 

emphasis factors according to a second formula ci= ti, wherein i' is a num-

ber of the spectral lines to be emphasized, i is an index of the respective 

spectral line, the index increases with the frequencies of the spectral lines, 

with i = 0 to i'-1, y is the basis emphasis factor and Ei is the spectral line em-

phasis factor with index i. The basis emphasis factor is calculated from a ratio 

of the minimum and the maximum by the first formula in an easy way. The 

basis emphasis factor serves as a basis for the calculation of all spectral line 

emphasis factors, wherein the second formula ensures that the spectral line 

io emphasis factors increase in a direction from the reference spectral line to 

the spectral line representing the lowest frequency of the spectrum. In con-

trast to prior-art solutions the proposed solution does not require a per-

spectral-band square-root or similar complex operation. Only 2 division and 2 

power operators are needed, one of each on encoder and decoder side. 

15 

In a preferred embodiment of the invention the first preset value is smaller 

than 42 and larger than 22, in particular smaller than 38 and larger than 26, 

more particular smaller 34 and larger than 30. The aforementioned intervals 

are based on empirical experiments. Best results may be achieved when the 

20 first preset value is set to 32. 

In a preferred embodiment of the invention the second preset value is deter- 

mined according to the formula 13 = 1 / (8 • i'), wherein i' is a number of the 

spectral lines being emphasized, 0 is a factor between 3 and 5, in particular 

25 between 3,4 and 4,6, more particular between 3,8 and 4,2. Also these inter-

vals are based on empirical experiments. It has been found the best results 

may be achieved when the second preset value is set to 4. 

In a preferred embodiment of the invention the reference spectral line repre- 

30 sents a frequency between 600 Hz and 1000 Hz, in particular between 700 

Hz and 900 Hz, more particular between 750 Hz and 850 Hz. These empiri- 

cally found intervals ensure sufficient low-frequency emphasis as well as a 
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low computational complexity of the system. These intervals ensure in partic-

ular that in densely populated spectra, the lower-frequency lines are coded 

with sufficient accuracy. In a preferred embodiment the reference spectral 

line represents 800 Hz, wherein 32 spectral lines are emphasized. 

5 

In a preferred embodiment of the invention the further reference spectral line 

represents the same or a higher frequency than the reference spectral line. 

These features ensure that the estimation of the minimum and the maximum 

is done in the relevant frequency range. 

10 

In the preferred embodiment of the invention the control device is configured 

in such a way that the spectral lines of the processed spectrum representing 

a lower frequency than the reference spectral are emphasized only if the 

maximum is less than the minimum multiplied with a, the first preset value. 

15 These features ensure that low-frequency emphasis is only executed when 

needed so that the work load of the encoder may be minimized and no bits 

are wasted on perceptually unimportant regions during spectral quantization. 

In one aspect the invention provides an audio decoder for decoding a bit- 

20 stream based on a non-speech audio signal so as to produce from the bit-

stream a decoded non-speech audio output signal, in particular for decoding 

a bitstream produced by an audio encoder according to the invention, the 

bitstream containing quantized spectrums and a plurality of linear predictive 

coding coefficients, the audio decoder comprising: 

25 

a bitstream receiver configured to extract the quantized spectrum and the 

linear predictive coding coefficients from the bitstream; 

a de-quantization device configured to produce a de-quantized spectrum 

30 based on the quantized spectrum; 

a low-frequency de-emphasizer configured to calculate a reverse processed 
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spectrum based on the de-quantized spectrum, wherein spectral lines of the 

reverse processed spectrum representing a lower frequency than a reference 

spectral line are de-emphasized; and 

5 a control device configured to control the calculation of the reverse pro-

cessed spectrum by the low-frequency de-emphasizer depending on the lin-

ear predictive coding coefficients contained in the bitstream. 

The bitstream receiver may be any device which is capable of classifying dig- 

10 ital data from a unitary bitstream so as to send the classified data to the ap-

propriate subsequent processing stage. In particular, the bitstream receiver is 

configured to extract the quantized spectrum, which then is forwarded to the 

de-quantization device, and the linear predictive coding coefficients, which 

then are forwarded to the control device, from the bitstream. 

15 

The de-quantization device is configured to produce a de-quantized spectrum 

based on the quantized spectrum, wherein de-quantization is an inverse pro-

cess with respect to quantization as explained above. 

a The low-frequency de-emphasizer is configured to calculate a reverse pro-

cessed spectrum based on the de-quantized spectrum, wherein spectral lines 

of the reverse processed spectrum representing a lower frequency than a 

reference spectral line are de-emphasized so that only low frequencies con-

tained in the reverse processed spectrum are de-emphasized. The reference 

25 spectral line may be predefined based on empirical experience. It has to be 

noted that the reference spectral line of the decoder should represent the 

same frequency as the reference spectral line of the encoder as explained 

above. However, the frequency to which the reference spectral line refers 

may be stored on the decoder side so that it is not necessary to transmit this 

30 frequency in the bitstream. 



10 

The control device is configured to control the calculation of the reverse pro-

cessed spectrum by the low-frequency de-emphasizer depending on the lin-

ear predictive coding coefficients of the linear predictive coding filter. Since 

identical linear predictive coding coefficients may be used in the encoder 

s producing the bitstream and in the decoder, the adaptive low-frequency em-

phasis is fully invertible regardless of spectrum quantization as long as the 

linear predictive coding coefficients are transmitted to the decoder in the bit-

stream. In general the linear predictive coding coefficients have to be trans-

mitted in the bitstream anyway for the purpose of reconstructing the audio 

10 output signal from the bitstream by the decoder. Therefore, the bit rate of the 

bitstream will not be increased by the low-frequency emphasis and the low-

frequency de-emphasis as described herein. 

The adaptive low-frequency de-emphasis system described herein may be 

is implemented in the TCX core-coder of LD-USAC, a low-delay variant of xHE- 

AAC [4] which can switch between time-domain and MDCT-domain coding. 

By these features a bitstream produced with an adaptive low-frequency em-

phasis may be decoded easily, wherein the adaptive low-frequency de- 

20 emphasis may be done by the decoder solely using information already con-

tained in the bitstream. 

According to a preferred embodiment of the invention the audio decoder 

comprises combination of a frequency-time converter and an inverse linear 

25 predictive coding filter receiving the plurality of linear predictive coding coeffi-

cients contained in the bitstream, wherein the combination is configured to 

inverse-filter and to convert the reverse processed spectrum into a time do-

main in order to output the output signal based on the reverse processed 

spectrum and on the linear predictive coding coefficients. 

30 

A frequency-time converter is a tool for executing an inverse operation of the 

operation of a time-frequency converter as explained above. It is a tool for 
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converting in particular a spectrum of a signal in a frequency domain into a 

framed digital signal in the time domain so as to estimate the original signal. 

The frequency-time converter may use an inverse modified discrete cosine 

transform (inverse MDCT), wherein the modified discrete cosine transform is 

5 a lapped transform based on the type-IV discrete cosine transform (DCT-IV), 

with the additional property of being lapped: it is designed to be performed on 

consecutive frames of a larger dataset, where subsequent frames are over-

lapped so that the last half of one frame coincides with the first half of the 

next frame. This overlapping, in addition to the energy-compaction qualities 

io of the DCT, makes the MDCT especially attractive for signal compression 

applications, since it helps to avoid artifacts stemming from the frame bound-

aries. Those skilled in the art will understand that other transforms are possi-

ble. However, the transform in the decoder should be an inverse transform of 

the transform in the encoder. 

15 

An inverse linear predictive coding filter is a tool for executing an inverse op-

eration to the operation done by the linear predictive coding filter (LPC filter) 

as explained above. It is a tool used in audio signal processing and speech 

processing for decoding of the spectral envelope of a framed digital signal in 

20 order to reconstruct the digital signal, using the information of a linear predic-

tive model. Linear predictive coding and decoding is fully invertible as long as 

the same linear predictive coding coefficients are used, which may be en-

sured by transmitting the linear predictive coding coefficients from the encod-

er to the decoder embedded in the bitstream as described herein. 

25 

By these features the output signal may be processed in an easy way. 

According to a preferred embodiment of the invention the frequency-time 

converter is configured to estimate a time signal based on the reverse pro- 

30 cessed spectrum, wherein the inverse linear predictive coding filter is config-

ured to output the output signal based on the time signal. Accordingly, the 
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inverse linear predictive coding filter may operate in the time domain, having 

the time signal as its input. 

According to a preferred embodiment of the invention the inverse linear pre- 

5 dictive coding filter is configured to estimate an inverse filtered signal based 

on the reverse processed spectrum, wherein the frequency-time converter is 

configured to output the output signal based on the inverse filtered signal. 

Alternatively and equivalently, and analogous to the above-described FDNS 

io 

15 

procedure performed on the encoder side, the order of the frequency-time 

converter and the inverse linear predictive coding filter may be reversed such 

that the latter is operated first and in the frequency domain (instead of the 

time domain). More specifically, the inverse linear predictive coding filter may 

output an inverse filtered signal based on the reverse processed spectrum, 

with the inverse linear predictive coding filter applied via multiplication (or 

division) by a spectral representation of the linear predictive coding coeffi-

cients, as in [5]. Accordingly, a frequency-time converter such as the above-

mentioned one may be configured to estimate a frame of the output signal 

based on the inverse filtered signal, which is input to the frequency-time con- 

20 verter. 

It should be evident to those skilled in the art that these two approaches — a 

linear inverse filtering via spectral weighting in the frequency domain followed 

by frequency-time conversion vs. frequency-time conversion followed by lin- 

25 ear inverse filtering in the time domain — can be implemented such that they 

are equivalent. 

In a preferred embodiment of the invention the control device comprises a 

spectral analyzer configured to estimate a spectral representation of the line- 

30 ar predictive coding coefficients, a minimum-maximum analyzer configured to 

estimate a minimum of the spectral representation and a maximum of the 

spectral representation below a further reference spectral line and a de- 
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emphasis factor calculator configured to calculate spectral line de-emphasis 

factors for calculating the spectral lines of the reverse processed spectrum 

representing a lower frequency than the reference spectral line based on the 

minimum and on the maximum, wherein the spectral lines of the reverse pro- 

5 cessed spectrum are de-emphasized by applying the spectral line de-

emphasis factors to spectral lines of the de-quantized spectrum. The spectral 

analyzer may be a time-frequency converter as described above. The spec-

tral representation is the transfer function of the linear predictive coding filter 

and may be, but does not have to be, the same spectral representation as 

-io the one utilized for FDNS, as described above. The spectral representation 

may be computed from an odd discrete Fourier transform (ODFT) of the line-

ar predictive coding coefficients. In xHE-AAC and LD-USAC, the transfer 

function may be approximated by 32 or 64 MDCT-domain gains that cover 

the entire spectral representation. 

15 

In a preferred embodiment of the invention the de-emphasis factor calculator 

is configured in such a way that the spectral line de-emphasis factors de-

crease in a direction from the reference spectral line to the spectral line rep-

resenting the lowest frequency of the reverse processed spectrum. This 

20 means that the spectral line representing the lowest frequency is attenuated 

the most whereas the spectral line adjacent to the reference spectral line is 

attenuated the least. The reference spectral line and spectral lines represent-

ing higher frequencies than the reference spectral line are not de-

emphasized at all. This reduces the computational complexity without any 

25 audible disadvantages. 

In a preferred embodiment of the invention the de-emphasis factor calculator 

comprises a first stage configured to calculate a basis de-emphasis factor 

according to a first formula 6 = (a • min / max)13, wherein a is a first preset 

30 value, with a > 1, p is a second preset value, with 0 <13 	1, min is the mini-

mum of the spectral representation, max is the maximum of the spectral rep-

resentation and 6 is the basis de-emphasis factor, and wherein the de- 
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emphasis factor calculator comprises a second stage configured to calculate 

spectral line de-emphasis factors according to a second formula (i = 6i'-', 

wherein i' is a number of the spectral lines to be de-emphasized, i is an index 

of the respective spectral line, the index increases with the frequencies of the 

5 spectral lines, with i = 0 to i'-1, 6 is the basis de-emphasis factor and (i is the 

spectral line de-emphasis factor with index i. The operation of the de-

emphasis factor calculator is inverse to the operation of the emphasis factor 

calculator as described above. The basis de-emphasis factor is calculated 

from a ratio of the minimum and the maximum by the first formula in an easy 

lo way. The basis de-emphasis factor serves as a basis for the calculation of all 

spectral line de-emphasis factors, wherein the second formula ensures that 

the spectral line de-emphasis factors decrease in a direction from the refer-

ence spectral line to the spectral line representing the lowest frequency of the 

reverse processed spectrum. In contrast to prior-art solutions the proposed 

15 solution does not require a per-spectral-band square-root or similar complex 

operation. Only 2 division and 2 power operators are needed, one of each on 

encoder and decoder side. 

In a preferred embodiment of the invention the first preset value is smaller 

20 than 42 and larger than 22, in particular smaller than 38 and larger than 26, 

more particular smaller 34 and larger than 30. The aforementioned intervals 

are based on empirical experiments. Best results may be achieved when the 

first preset value is set to 32. Note, that the first preset value of the decoder 

should be the same as the first preset value of the encoder. 

25 

In a preferred embodiment of the invention the second preset value is deter-

mined according to the formula p = 1 / (B • i'), wherein i' is the number of the 

spectral lines being de-emphasized, 0 is a factor between 3 and 5, in particu-

lar between 3,4 and 4,6, more particular between 3,8 and 4,2. Best results 

30 may be achieved when the second preset value is set to 4. Note, that the 

second preset value of the decoder should be the same as the second preset 

value of the encoder. 
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In a preferred embodiment of the invention the reference spectral line repre-

sents a frequency between 600 Hz and 1000 Hz, in particular between 700 

Hz and 900 Hz, more particular between 750 Hz and 850 Hz. These empiri- 

5 cally found intervals ensure sufficient low-frequency emphasis as well as a 

low computational complexity of the system. These intervals ensure in partic-

ular that in densely populated spectra, the lower-frequency lines are coded 

with sufficient accuracy. In a preferred embodiment the reference spectral 

line represents 800 Hz, wherein 32 spectral lines are de-emphasized. It is 

io obvious that the reference spectral line of the decoder should represent the 

same frequency as the reference spectral line of the encoder. 

In a preferred embodiment of the invention the further reference spectral line 

represents the same or a higher frequency than the reference spectral line. 

15 These features ensure that the estimation of the minimum and the maximum 

is done in the relevant frequency range, as is the case in the encoder. 

In a preferred embodiment of the invention the control device is configured in 

such a way that the spectral lines of the reverse processed spectrum repre- 

20 senting a lower frequency than the reference spectral line are de-emphasized 

only if the maximum is less than the minimum multiplied with the first preset 

value a. These features ensure that low-frequency de-emphasis is only exe-

cuted when needed so that the work load of the decoder may be minimized 

and no bits are wasted on perceptually irrelevant regions during quantization. 

25 

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

encoder, wherein the encoder is designed according to the invention and/or 

the decoder is designed according to the invention. 

30 In one aspect the invention provides a method for encoding a non-speech 

audio signal so as to produce therefrom a bitstream, the method comprising 

the steps: 
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filtering with a linear predictive coding filter having a plurality of linear predic- 

tive coding coefficients and converting a frame of the audio signal into a fre- 

quency domain in order to output a spectrum based on the frame and on the 

5 linear predictive coding coefficients; 

calculating a processed spectrum based on the spectrum of the filtered 

frame, wherein spectral lines of the processed spectrum representing a lower 

frequency than a reference spectral line are emphasized; and 

10 

controlling the calculation of the processed spectrum depending on the linear 

predictive coding coefficients of the linear predictive coding filter. 

In one aspect the invention provides a method for decoding a bitstream 

15 based on a non-speech audio signal so as to produce from the bitstream a 

non-speech audio output signal, in particular for decoding a bitstream pro-

duced by the method according to the preceding claim, the bitstream contain-

ing quantized spectrums and a plurality of linear predictive coding coeffi-

cients, the method comprising the steps: 

20 

extracting the quantized spectrum and the linear predictive coding coeffi-

cients from the bitstream; 

producing a de-quantized spectrum based on the quantized spectrum; 

25 

calculating a reverse processed spectrum based on the de-quantized spec-

trum, wherein spectral lines of the reverse processed spectrum representing 

a lower frequency than a reference spectral line are de-emphasized; and 

30 controlling the calculation of the reverse processed spectrum depending on 

the linear predictive coding coefficients contained in the bitstream. 
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30 

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

when running on a computer or a processor, the inventive method. 

Preferred embodiments of the invention are subsequently discussed with re- 

spect to the accompanying drawings, in which: 

Fig. 1 a illustrates a first embodiment of an audio encoder according to 

the invention; 

Fig. 1 b illustrates a second embodiment of an audio encoder according 

to the invention; 

Fig. 2 illustrates a first example for low-frequency emphasis executed 

by an audio encoder according to the invention; 

Fig. 3 illustrates a second example for low-frequency emphasis exe-

cuted by an audio encoder according to the invention; 

Fig. 4 illustrates a third example for low-frequency emphasis executed 

by an audio encoder according to the invention; 

Fig. 5a illustrates a first embodiment of an audio decoder according to 

the invention; 

Fig. 5b illustrates a second embodiment of an audio decoder according 

to the invention; 

Fig. 6 illustrates a first example for low-frequency de-emphasis exe-

cuted by an audio decoder according to the invention; 

Fig. 7 illustrates a second example for low-frequency de-emphasis 

executed by an audio decoder according to the invention; and 
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Fig. 8 	illustrates a third example for low-frequency de-emphasis exe-

cuted by an audio decoder according to the invention. 

5 Fig. 1a illustrates a first embodiment of an audio encoder 1 according to the 

invention. The audio encoder 1 for encoding a non-speech audio signal AS 

so as to produce therefrom a bitstream BS comprises 

a combination 2, 3 of a linear predictive coding filter 2 having a plurality of 

io linear predictive coding coefficients LC and a time-frequency converter 3, 

wherein the combination 2, 3 is configured to filter and to convert a frame Fl 

of the audio signal AS into a frequency domain in order to output a spectrum 

SP based on the frame Fl and on the linear predictive coding coefficients LC; 

15 a low frequency emphasizer 4 configured to calculate a processed spectrum 

PS based on the spectrum SP, wherein spectral lines SL (see Fig. 2) of the 

processed spectrum PS representing a lower frequency than a reference 

spectral line RSL (see Fig.2) are emphasized; and 

20 a control device 5 configured to control the calculation of the processed spec-

trum PS by the low frequency emphasizer 4 depending on the linear predic-

tive coding coefficients LC of the linear predictive coding filter 2. 

A linear predictive coding filter (LPC filter) 2 is a tool used in audio signal 

25 processing and speech processing for representing the spectral envelope of 

a framed digital signal of sound in compressed form, using the information of 

a linear predictive model. 

A time-frequency converter 3 is a tool for converting in particular a framed 

30 digital signal from time domain into a frequency domain so as to estimate a 

spectrum of the signal. The time-frequency converter 3 may use a modified 

discrete cosine transform (MDCT), which is a lapped transform based on the 
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type-IV discrete cosine transform (DCT-IV), with the additional property of 

being lapped: it is designed to be performed on consecutive frames of a larg-

er dataset, where subsequent frames are overlapped so that the last half of 

one frame coincides with the first half of the next frame. This overlapping, in 

5 addition to the energy-compaction qualities of the DCT, makes the MDCT 

especially attractive for signal compression applications, since it helps to 

avoid artifacts stemming from the frame boundaries. 

The low frequency emphasizer 4 is configured to calculate a processed spec- 

10 trum PS based on the spectrum SP of the filtered frame FF, wherein spectral 

lines SL of the processed spectrum PS representing a lower frequency than 

a reference spectral line RSL are emphasized so that only low frequencies 

contained in the processed spectrum PS are emphasized. The reference 

spectral line RSL may be predefined based on empirical experience. 

15 

The control device 5 is configured to control the calculation of the processed 

spectrum SP by the low frequency emphasizer 4 depending on the linear 

predictive coding coefficients LC of the linear predictive coding filter 2. There-

fore, the encoder 1 according to the invention does not need to analyze the 

20 spectrum SP of the audio signal AS for the purpose of low-frequency empha-

sis. Further, since identical linear predictive coding coefficients LC may be 

used in the encoder 1 and in a subsequent decoder 12 (see Fig. 5), the 

adaptive low-frequency emphasis is fully invertible regardless of spectrum 

quantization as long as the linear predictive coding coefficients LC are 

25 transmitted to the decoder 12 in the bitstream BS which is produced by the 

encoder 1 or by any other means. In general the linear predictive coding co-

efficients LC have to be transmitted in the bitstream BS anyway for the pur-

pose of reconstructing an audio output signal OS (see Fig. 5) from the bit-

stream BS by a respective decoder 12. Therefore, the bit rate of the bit- 

30 stream BS will not be increased by the low-frequency emphasis as described 

herein. 
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The adaptive low-frequency emphasis system described herein may be im-

plemented in the TCX core-coder of LD-USAC, a low-delay variant of xHE- 

AAC [4] which can switch between time-domain and MDCT-domain coding 

on a per-frame basis. 

5 

According to a preferred embodiment of the invention the frame Fl of the au-

dio signal AS is input to the linear predictive coding filter 2, wherein a filtered 

frame FF is output by the linear predictive coding filter 2 and wherein the 

time-frequency converter 3 is configured to estimate the spectrum SP based 

10 on the filtered frame FF. Accordingly, the linear predictive coding filter 2 may 

operate in the time domain, having the audio signal AS as its input. 

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

comprises a quantization device 6 configured to produce a quantized spec- 

15 trum QS based on the processed spectrum BS and a bitstream producer 7 

and configured to embed the quantized spectrum QS and the linear predic-

tive coding coefficients LC into the bitstream BS. Quantization, in digital sig-

nal processing, is the process of mapping a large set of input values to a 

(countable) smaller set — such as rounding values to some unit of precision. 

20 A device or algorithmic function that performs quantization is called a quanti-

zation device 6. The bitstream producer 7 may be any device which is capa-

ble of embedding digital data from different sources 2, 6 into a unitary bit-

stream BS. By these features a bitstream BS produced with an adaptive low-

frequency emphasis may be produced easily, wherein the adaptive low- 

25 frequency emphasis is fully invertible by a subsequent decoder 12 solely us-

ing information contained in the bitstream BS. 

In a preferred embodiment of the invention the control device 5 comprises a 

spectral analyzer 8 configured to estimate a spectral representation SR of the 

30 linear predictive coding coefficients LC, a minimum-maximum analyzer 9 

configured to estimate a minimum MI of the spectral representation SR and a 

maximum MA of the spectral representation SR below a further reference 
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s 

spectral line and an emphasis factor calculator 10, 11 configured to calculate 

spectral line emphasis factors SEF for calculating the spectral lines SL of the 

processed spectrum PS representing a lower frequency than the reference 

spectral line RSL based on the minimum MI and on the maximum MA, 

wherein the spectral lines SL of the processed spectrum PS are emphasized 

by applying the spectral line emphasis factors SL to spectral lines of the 

spectrum SP of the filtered frame FF. The spectral analyzer may be a time-

frequency converter as described above The spectral representation SR is 

the transfer function of the linear predictive coding filter 2. The spectral rep- 

1t) resentation SR may be computed from an odd discrete Fourier transform 

(ODFT) of the linear predictive coding coefficients. In xHE-AAC and LD- 

USAC, the transfer function may be approximated by 32 or 64 MDCT-domain 

gains that cover the entire spectral representation SR. 

is In a preferred embodiment of the invention the emphasis factor calculator 10, 

11 is configured in such way that the spectral line emphasis factors SEF in- 

crease in a direction from the reference spectral line RSL to the spectral line 

SL0  representing the lowest frequency of the processed spectrum PS. That 

means that the spectral line SL0  representing the lowest frequency is ampli- 

20 Pied the most whereas the spectral line Sl_r_l  adjacent to the reference spec-

tral line is amplified the least. The reference spectral line RSL and spectral 

lines SL +i  representing higher frequencies than the reference spectral line 

RSL are not emphasized at all. This reduces the computational complexity 

without any audible disadvantages. 

25 

In a preferred embodiment of the invention the emphasis factor calculator 10, 

11 comprises a first stage 10 configured to calculate a basis emphasis factor 

BEF according to a first formula y = (a • min / max)R, wherein a is a first pre-

set value, with a > 1, 3 is a second preset value, with 0 < 13 5 1, min is the 

30 minimum MI of the of the spectral representation SR, max is the maximum 

MA of the spectral representation SR and y is the basis emphasis factor BEF, 

and wherein the emphasis factor calculator 10, 11 comprises a second stage 
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11 configured to calculate spectral line emphasis factors SEF according to a 

second formula si = y'-', wherein i' is a number of the spectral lines SL to be 

emphasized, i is an index of the respective spectral line SL, the index in-

creases with the frequencies of the spectral lines SL, with i = 0 to i'-1, y is the 

5 basis emphasis factor BEF and El  is the spectral line emphasis factor SEF 

with index i. The basis emphasis factor is calculated from a ratio in the mini-

mum and the maximum by the first formula in an easy way. The basis em-

phasis factor BEF serves as a basis for the calculation of all spectral line em-

phasis factors SEF, wherein the second formula ensures that the spectral 

to line emphasis factors SEF increase in a direction from the reference spectral 

line RSL to the spectral line SL0  representing the lowest frequency of the 

spectrum PS. In contrast to prior art solutions the proposed solution does not 

require a per-spectral-band square-root or similar complex operation. Only 2 

division and 2 power operators are needed, one of each on encoder and de- 

15 coder side. 

In a preferred embodiment of the invention the first preset value is smaller 

than 42 and larger than 22, in particular smaller than 38 and larger than 26, 

more particular smaller 34 and larger than 30. The aforementioned intervals 

20 are based on empirical experiments. Best results may be achieved when the 

first preset value is set to 32. 

In a preferred embodiment of the invention the second preset value is deter-

mined according to the formula p = 1 / (8 • i'), wherein i' is a number of the 

25 spectral lines SL being emphasized, 0 is a factor between 3 and 5, in particu-

lar between 3,4 and 4,6, more particular between 3,8 and 4,2. Also these 

intervals are based on empirical experiments. It has been found the best re-

sults may be achieved than the second preset value is set to 4. 

3o In a preferred embodiment of the invention the reference spectral line RSL 

represents a frequency between 600 Hz and 1000Hz, in particular between 

700 Hz and 900 Hz, more particular between 750 Hz and 850 Hz. These em- 
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pirically found intervals ensure sufficient low-frequency emphasis as well as a 

low computational complexity of the system. These intervals ensure in partic-

ular that in densely populated spectra, the lower-frequency lines are coded 

with sufficient accuracy. In a preferred embodiment the reference spectral 

5 line represents 800 Hz, wherein 32 spectral lines are emphasized. 

The calculation of the spectral line emphasis factors SEF may be done by the 

following income of the program code: 

max = top = I.pcGains[01; 

/* firi 	miniflum 	(tsr,p) 	and maximum 	(max) 	of' 222 gains in :log frequencies 	n/ 
for 	(1 	- 	1; 	i 	< 	9; 	i3-1-) 

SH"'"' 
if 	(tmp > 	1pcGains[il) 

top = LpeGdinsiii; 

if 	(max 	< ipcGaitls(11) 
max - IpeaLlins[ii; 

) 
top 	'..-- 	32.01; 
if 	;(max 	< tap) 	ma 	(max 	> 	FLO_MTN)) 	I 

	

far = trap - 	(float)pow(trap, 	/ 	max, 	0.00791251); 

P" gradual boosting of lo eat 	22 4,1J1.5; 	DC' is bosgSed by 	(Unp/maa)^2/4 
for 	(i 	= 	31; 	i 	,,--- 	0; 	1--) 	( 

xfil 	w,- 	Sac; 
fat 	*= top; 

) 
) 

10 

In a preferred embodiment of the invention the further reference spectral line 

represents a higher frequency than the reference spectral line RSL. These 

features ensure that the estimation of the minimum MI and the maximum MA 

15 is done in the relevant frequency range. 

Fig. 1 b illustrates a second embodiment of an audio encoder 1 according to 

the invention. The second embodiment is based on the first embodiment. In 

the following only the differences between the two embodiments will be ex- 

zo plained. 
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According to a preferred embodiment of the invention the frame Fl of the au-

dio signal AS is input to the time-frequency converter 3, wherein a converted 

frame FC is output by the time-frequency converter 3 and wherein the linear 

predictive coding filter 2 is configured to estimate the spectrum SP based on 

5 the converted frame FC. Alternatively but equivalently to the first embodiment 

of the inventive encoder 1 having a low-frequency emphasizer, the encoder 1 

may calculate a processed spectrum PS based on the spectrum SP of a 

frame Fl produced by means of frequency-domain noise shaping (FDNS), as 

disclosed for example in [5]. More specifically, the tool ordering here is modi- 

10 fled: the time-frequency converter 3 such as the above-mentioned one may 

be configured to estimate a converted frame FC based on the frame Fl of the 

audio signal AS and the linear predictive coding filter 2 is configured to esti-

mate the audio spectrum SP based on the converted frame FC, which is out-

put by the time-frequency converter 3. Accordingly, the linear predictive cod- 

15 ing filter 2 may operate in the frequency domain (instead of the time domain), 

having the converted frame FC as its input, with the linear predictive coding 

filter 2 applied via multiplication by a spectral representation of the linear pre-

dictive coding coefficients LC. 

20 It should be evident to those skilled in the art that the first and the second 

embodiment— a linear filtering in the time domain followed by time-frequency 

conversion vs. time-frequency conversion followed by linear filtering via spec-

tral weighting in the frequency domain — can be implemented such that they 

are equivalent. 

25 

Fig. 2 illustrates a first example for low-frequency emphasis executed by an 

encoder according to the invention. Fig. 2 shows an exemplary spectrum SP, 

exemplary spectral line emphasis factors SEF and an exemplary processed 

spectrum SP in a common coordinate system, wherein the frequency is plot- 

30 ted against the x-axis and amplitude depending on the frequency is plotted 

against the y-axis. The spectral lines SL0  to SLe.i, which represents frequen-

cies lower than the reference spectrum line RSL, are amplified, whereas the 
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reference spectral line RSL and the spectral line SL,,,i, which represents a 

frequency higher than the reference spectrum RSL, are not amplified. Fig. 2 

depicts a situation in which the ratio of the minimum MI and the maximum 

MA of the spectral representation SR of the linear predictive coding coeffi- 

5 cients LC is close to 1. Therefore, a maximum spectral line emphasis factor 

SEF for the spectral line SLo is about 2.5. 

Fig. 3illustrates a second example for low-frequency emphasis executed by 

an encoder according to the invention. The difference to the low-frequency 

io emphasis as is stated in Fig. 2 is that the ratio of the minimum MI and the 

maximum MA of the spectral representation SR of the linear predictive cod-

ing coefficients LC is smaller. Therefore, a maximum spectral line emphasis 

factor SEF for the spectral line SLo is smaller, e.g. below 2.0. 

15 Fig. 4 illustrates a third example for low-frequency emphasis executed by an 

encoder according to the invention. In the preferred embodiment of the inven-

tion the control device 5 is configured in such way that the spectral lines SL 

of the processed spectrum SP representing a lower frequency than the refer-

ence spectral RSL are emphasized only if the maximum is less than the min- 

20 imum multiplied with the first preset value. These features ensure that low-

frequency emphasis is only executed when needed so that the work load of 

the encoder may be minimized. In Fig. 4 these conditions are met so that no 

low-frequency emphasis executed. 

25 Fig. 5 illustrates an embodiment of a decoder according to the invention. The 

audio decoder 12 is configured for decoding a bitstream BS based on a non-

speech audio signal so as to produce from the bitstream BS a non-speech 

audio output signal OS, in particular for decoding a bitstream BS produced by 

an audio encoder 1 according to the invention, wherein the bitstream BS con- 

30 tains quantized spectrums QS and a plurality of linear predictive coding coef-

ficient LC. The audio decoder 12 comprises: 
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a bitstream receiver 13 configured to extract the quantized spectrum QS and 

the linear predictive coding coefficients LC from the bitstream BS; 

a de-quantization device 14 configured to produce a de-quantized spectrum 

5 DQ based on the quantized spectrum QS; 

a low frequency de-emphasizer 15 configured to calculate a reverse pro-

cessed spectrum RS based on the de-quantized spectrum DQ, wherein 

spectral lines SLD of the reverse processed spectrum RS representing a 

in lower frequency than a reference spectral line RSLD are deemphasized; and 

a control device 16 configured to control the calculation of the reverse pro-

cessed spectrum RS by the low frequency de-emphasizer 15 depending on 

the linear predictive coding coefficients LC contained in the bitstream BS. 

15 

The bitstream receiver 13 may be any device which is capable of classifying 

digital data from a unitary bitstream BS so as to send the classified data to 

the appropriate subsequent processing stage. In particular the bitstream re-

ceiver 13 is configured to extract the quantized spectrum QS, which then is 

20 forwarded to the de-quantization device 14, and the linear predictive coding 

coefficients LC, which then are forwarded to the control device 16, from the 

bitstream BS. 

The de-quantization device 16 is configured to produce a de-quantized spec- 

25 trum DQ based on the quantized spectrum QS, wherein de-quantization is an 

inverse process with respect to quantization as explained above. 

The low frequency de-emphasizer 15 is configured to calculate a reverse 

processed spectrum RS based on the de-quantized spectrum QS, wherein 

30 spectral lines SLD of the reverse processed spectrum RS representing a 

lower frequency than a reference spectral line RSLD are deemphasized so 

that only low frequencies contained in the reverse processed spectrum RS 
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5 

are de-emphasized. The reference spectral line RSLD may be predefined 

based on empirical experience. It has to be noted that the reference spectral 

line RSLD of the decoder 12 should represent the same frequency as the 

reference spectral line RSL of the encoder 1 as explained above. However, 

the frequency to which the reference spectral line RSLD refers may be stored 

on the decoder side so that it is not necessary to transmit this frequency in 

the bitstream BS. 

The control device 16 is configured to control the calculation of the reverse 

to processed spectrum RS by the low frequency de-emphasizer 15 depending 

on the linear predictive coding coefficients LS of the linear predictive coding 

filter 2. Since identical linear predictive coding coefficients LC may be used in 

the encoder 1 producing the bitstream BS and in the decoder 12, the adap-

tive low-frequency emphasis is fully invertible regardless of spectrum quanti- 

15 zation as long as the linear predictive coding coefficients are transmitted to 

the decoder 12 in the bitstream BS. In general the linear predictive coding 

coefficients LC have to be transmitted in the bitstream BS anyway for the 

purpose of reconstructing the audio output signal OS from the bitstream BS 

by the decoder 12. Therefore, the bit rate of the bitstream BS will not be in- 

20 creased by the low-frequency emphasis and the low-frequency de-emphasis 

as described herein. 

The adaptive low-frequency de-emphasis system described herein may be 

implemented in the TCX core-coder of LD-USAC, a low-delay variant of xHE- 

25 AAC [4] which can switch between time-domain and MDCT-domain coding 

on a per-frame basis. 

By these features a bitstream BS produced with an adaptive low-frequency 

emphasis may be decoded easily, wherein the adaptive low-frequency de- 

30 emphasis may be done by the decoder 12 solely using information contained 

in the bitstream BS. 
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According to a preferred embodiment of the invention the audio decoder 12 

comprises combination 17, 18 of a frequency-time converter 17 and an in-

verse linear predictive coding filter 18 receiving the plurality of linear predic-

tive coding coefficients LC contained in the bitstream BS, wherein the combi- 

5 nation 17, 18 is configured to inverse-filter and to convert the reverse pro- 

cessed spectrum RS into a time domain in order to output the output signal 

OS based on the reverse processed spectrum RS and on the linear predic-

tive coding coefficients LC. 

10 A frequency-time converter 17 is a tool for executing an inverse operation of 

the operation of a time-frequency converter 3 as explained above. It is a tool 

for converting in particular a spectrum of a signal in a frequency domain into 

a framed digital signal in her time domain so as to estimate the original sig-

nal. The frequency-time converter may use an inverse modified discrete co- 

15 sine transform (inverse MDCT), wherein the modified discrete cosine trans- 

form is a lapped transform based on the type-IV discrete cosine transform 

(DCT-IV), with the additional property of being lapped: it is designed to be 

performed on consecutive frames of a larger dataset, where subsequent 

frames are overlapped so that the last half of one frame coincides with the 

zo first half of the next frame. This overlapping, in addition to the energy-

compaction qualities of the DCT, makes the MDCT especially attractive for 

signal compression applications, since it helps to avoid artifacts stemming 

from the frame boundaries. Those skilled in the art will understand that other 

transforms are possible. However, the transform in the decoder 12 should be 

25 an inverse transform of the transform in the encoder 1. 

An inverse linear predictive coding filter 18 is a tool for executing an inverse 

operation to the operation done by the linear predictive coding filter (LPC fil-

ter) 2 as explained above. It is a tool used in audio signal and speech signal 

30 processing for decoding of the spectral envelope of a framed digital signal in 

order to reconstruct the digital signal, using the information of a linear predic- 

tive model. Linear predictive coding and decoding is fully invertible as known 
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as the same linear predictive coding coefficients used, which may be ensured 

by transmitting the linear predictive coding coefficients LC from the encoder 1 

to the decoder 12 embedded in the bitstream BS as described herein. 

s By these features the output signal OS may be processed in an easy way. 

According to a preferred embodiment of the invention the frequency-time 

converter 17 is configured to estimate a time signal TS based on the reverse 

processed spectrum RS, wherein the inverse linear predictive coding filter 18 

10 is configured to output the output signal OS based on the time signal TS. Ac-

cordingly, the inverse linear predictive coding filter 18 may operate in the time 

domain, having the time signal TS as its input. 

In a preferred embodiment of the invention the control device 16 comprises a 

15 spectral analyzer 19 configured to estimate a spectral representation SR of 

the linear predictive coding coefficients LC, a minimum-maximum analyzer 

20 configured to estimate a minimum MI of the spectral representation SR 

and a maximum MA of the spectral representation SR below a further refer-

ence spectral line and a de-emphasis factor calculator 21, 22 configured to 

20 calculate spectral line de-emphasis factors SDF for calculating the spectral 

lines SLD of the reverse processed spectrum RS representing a lower fre-

quency than the reference spectral line RSLD based on the minimum MI and 

on the maximum MA, wherein the spectral lines SLD of the reverse pro- 

cessed spectrum RS are de-emphasized by applying the spectral line de- 

25 factors SDF to 	lines 	the de DO. emphasis 	 spectral 	of 	-quantized spectrum 

The spectral analyzer may be a time-frequency converter as described above 

The spectral representation is the transfer function of the linear predictive 

coding filter. The spectral representation may be computed from an odd dis-

crete Fourier transform (ODFT) of the linear predictive coding coefficients. In 

30 xHE-AAC and LD-USAC, the transfer function may be approximated by 32 or 

64 MDCT-domain gains that cover the entire spectral representation. 
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In a preferred embodiment of the invention the de-emphasis factor calculator 

is configured in such way that the spectral line de-emphasis factors decrease 

in a direction from the reference spectral line to the spectral line representing 

the lowest frequency of the reverse process spectrum. This means that the 

5 spectral line representing the lowest frequency is attenuated the most where-

as the spectral line adjacent to the reference spectral line is attenuated the 

least. The reference spectral line and spectral lines representing higher fre-

quencies than the reference spectral line are not de-emphasized at all. This 

reduces the computational complexity without any audible disadvantages. 

10 

In a preferred embodiment of the invention the de-emphasis factor calculator 

21, 22 comprises a first stage 21 configured to calculate a basis de-emphasis 

factor BDF according to a first formula 6 = (a • min / max)"P, wherein a is a 

first preset value, with a > 1, p is a second preset value, with 0 < p 5 1, min is 

15 the minimum MI of the of the spectral representation SR, max is the maxi-

mum MA of the spectral representation SR and 6 is the basis de-emphasis 

factor BDF, and wherein the de-emphasis factor calculator 21, 22 comprises 

a second stage 22 configured to calculate spectral line de-emphasis factors 

SDF according to a second formula (i = 6i-i, wherein i' is a number of the 

20 spectral lines SLD to be de-emphasized, i is an index of the respective spec-

tral line SLD, the index increases with the frequencies of the spectral lines 

SLD, with i = 0 to i'-1, 6 is the basis de-emphasis factor and 	is the spectral 

line de-emphasis factor SDF with index i. The operation of the de-emphasis 

factor calculator 21, 22 is inverse to the operation of the emphasis factor cal- 

25 culator 10, 11 as described above. The basis de-emphasis factor BDF is cal-

culated from a ratio in the minimum MI and the maximum MA by the first for-

mula in an easy way. The basis de-emphasis factor BDF serves as a basis 

for the calculation of all spectral line de-emphasis factors SDF, wherein the 

second formula ensures that the spectral line de-emphasis factors SDF de- 

30 crease in a direction from the reference spectral line RSLD to the spectral 

line SLo representing the lowest frequency of the reverse processed spec-

trum RS. In contrast to prior art solutions the proposed solution does not re- 
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quire a per-spectral-band square-root or similar complex operation. Only 2 

division and 2 power operators are needed, one of each on encoder and de-

coder side. 

5 In a preferred embodiment of the invention the first preset value is smaller 

than 42 and larger than 22, in particular smaller than 38 and larger than 26, 

more particular smaller 34 and larger than 30. The aforementioned intervals 

are based on empirical experiments. Best results may be achieved when the 

first preset value is set to 32. Note, that the first preset value of the decoder 

10 12 should be the same as the first preset value of the encoder 1. 

Inca preferred embodiment of the invention the second preset value is deter-

mined according to the formula p = 1 1 (9 - i'), wherein i' is the number of the 

spectral lines being de-emphasized, 8 is a factor between 3 and 5, in particu- 

15 lar between 3,4 and 4,6, more particular between 3,8 and 4,2. Best results 

may be achieved when the second preset value is set to 4. Note, that the 

second preset value of the decoder 12 should be the same as the second 

preset value of the encoder 1. 

20 In a preferred embodiment of the invention the reference spectral line repre-

sents RSLD a frequency between 600 Hz and 1000Hz, in particular between 

700 Hz and 900 Hz, more particular between 750 Hz and 850 Hz. These em-

pirically found intervals ensure sufficient low-frequency emphasis as well as a 

low computational complexity of the system. These intervals ensure in partic- 

25 ular that in densely populated spectra, the lower-frequency lines are coded 

with sufficient accuracy. In a preferred embodiment the reference spectral 

line RSLD represents 800 Hz, wherein 32 spectral lines SL are de-

emphasized. It is obvious that the reference spectral line RSLD of decoder 

12 should represent the same frequency than the reference spectral line RSL 

30 of the encoder. 
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The calculation of the spectral line emphasis factors SEF may be done by the 

following income of the program code: 

n 	CI; 

(La•V 	and ) 	R, 	 i, 

if. 	(tmp a 	IpcGainslii 
tmp 	,,, 	1pcG3insf 	]; 

if 	(mix 	a 	ipcGa- ins[i]) 	{ 
max - 	1poGainsii]; 

tmp 	'- 32.0f; 
if 	((max 	a 	unp) 	&& 	(trip : 	,_ 	i 
fac 	.a. 	trip = 	(float)pow 	x 	/ 	trip, 	0.007E1253); 

hi 	( 	i, tmp) 'I/4' 	*/ 
for 	( 	;-. 	6; -1..--1 	v 

ao; 

fan 

5 

In a preferred embodiment of the invention the further reference spectral line 

represents the same or a higher frequency than the reference spectral line 

RSLD. These features ensure that the estimation of the minimum MI and the 

maximum MA is done in the relevant frequency range. 

lo 

Fig. 5b illustrates a second embodiment of an audio decoder 12 according to 

the invention. The second embodiment is based on the first embodiment. In 

the following only the differences between the two embodiments will be ex- 

is plained. 

According to a preferred embodiment of the invention the inverse linear pre-

dictive coding filter 18 is configured to estimate an inverse filtered signal IFS 

based on the reverse processed spectrum RS, wherein the frequency-time 
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converter 17 is configured to output the output signal OS based on the in-

verse filtered signal IFS. 

Alternatively and equivalently, and analogous to the above-described FDNS 

5 procedure performed on the encoder side, the order of the frequency-time 17 

converter and the inverse linear predictive coding filter 18 may be reversed 

such that the latter is operated first and in the frequency domain (instead of 

the time domain). More specifically, the inverse linear predictive coding filter 

18 may output an inverse filtered signal IFS based on the reverse processed 

io spectrum RS, with the inverse linear predictive coding filter 2 applied via mul-

tiplication (or division) by a spectral representation of the linear predictive 

coding coefficients LC, as in [5]. Accordingly, a frequency-time converter 17 

such as the above-mentioned one may be configured to estimate a frame of 

the output signal OS based on the inverse filtered signal IFS, which is input 

15 to the time-frequency converter 17. 

It should be evident to those skilled in the art that these two approaches — a 

linear inverse filtering in the frequency domain followed by frequency-time 

conversion vs. frequency-time conversion followed by linear filtering via spec- 

20 tral weighting in the time domain — can be implemented such that they are 

equivalent. 

Fig. 6 illustrates a first example for low-frequency de-emphasis executed by a 

decoder according to the invention. Fig. 2 shows a de-quantized spectrum 

25 

30 

DQ, exemplary spectral line de-emphasis factors SDF and an exemplary of 

reverse processed spectrum RS in a common coordinate system, wherein 

the frequency is plotted against the x-axis and amplitude depending on the 

frequency is plotted against the y-axis. The spectral lines SLR)  to SLDr-i, 

which represents frequencies lower than the reference spectrum line RSLD, 

are deemphasized, whereas the reference spectral line RSLD and the spec-

tral line SLDril , which represents a frequency higher than the reference 

spectrum RSLD, are not deemphasize. Fig. 6 depicts a situation in which the 
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ratio of the minimum MI and the maximum MA of the spectral representation 

SR of the linear predictive coding coefficients LC is close to 1. Therefore, a 

maximum spectral line emphasis factor SEF for the spectral line SLo is about 

0.4. Additionally Fig. 6 shows the quantization error QE, depending on the 

5 frequency. Due to the strong low-frequency de-emphasis the quantization 

error QE is very low at lower frequencies. 

Fig. 7 illustrates a second example for low-frequency de-emphasis executed 

by a decoder according to the invention. The difference to the low-frequency 

io emphasis as is stated in Fig. 6 is that the ratio of the minimum MI and the 

maximum MA of the spectral representation SR of the linear predictive cod-

ing coefficients LC is smaller. Therefore, a maximum spectral line de-

emphasis factor SDF for the spectral line SL0  is launcher, e.g. above 0.5. The 

quantization error QE is higher in this case but that is not critical as it is well 

15 below the amplitude of the reverse processed spectrum RS. 

Fig. 8 illustrates a third example for low-frequency de-emphasis executed by 

a decoder according to the invention. In a preferred embodiment of the inven-

tion the control device 16 is configured in such way that the spectral lines 

20 SLD of the reverse processed spectrum RS representing a lower frequency 

than the reference spectral line RSLD are de-emphasized only if the maxi-

mum MA is less than the minimum MI multiplied with the first preset value. 

These features ensure that low-frequency de-emphasis is only executed 

when needed so that the work load of the decoder 12 may be minimized. 

25 These features ensure that low-frequency de-emphasis is only executed 

when needed so that the work load of the encoder may be minimized. In Fig. 

8 these conditions are met so that no low-frequency emphasis executed. 

As a solution to the above mentioned problem of relatively high complexity 

30 (possibly causing implementation issues on low-power mobile devices) and 

lack of perfect invertibility (risking sufficient fidelity) of the prior-ad ALFE ap- 
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proach, a modified adaptive low-frequency emphasis (ALFE) design is pro-

posed which 

• does not require a per-spectral-band square-root or similar complex 

5 operation. Only 2 division and 2 power operators are needed, one of each on 

encoder and decoder side. 

• utilizes a spectral representation of the LPC filter coefficients as con-

trol information for the (de)emphasis, not the spectrum itself. Since identical 

LPC coefficients are used in encoder and decoder, the ALFE is fully invertible 

to regardless of spectrum quantization. 

The ALFE system described herein was implemented in the TCX core-coder 

of LD-USAC, a low-delay variant of xHE-AAC [4] which can switch between 

time-domain and MDCT-domain coding on a per-frame basis. The process in 

15 encoder and decoder is summarized as follows: 

1. In the encoder, the minimum and maximum of the spectral representa- 

tion of the LPC coefficients is found below a certain frequency. The 

spectral representation of a filter generally adopted in signal pro- 

20 cessing is the filter's transfer function. In xHE-AAC and LD-USAC, the 

transfer function is approximated by 32 or 64 MDCT-domain gains that 

cover the entire spectrum, computed from an odd DFT (ODFT) of the 

filter coefficients. 

25 2. If the maximum is greater than a certain global minimum (e.g. 0) and 

less than a times larger than the minimum, with a > 1 (e.g. 32), the fol-

lowing 2 ALFE steps are executed. 

3. A low-frequency emphasis factor y is computed from the ratio between 

30 minimum and maximum as y = (a • minimum / maximum)p, where 0 < 

[3 5 1 and 13 is dependent on a. 
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4. 

5 

The MDCT lines with indices i lower than an index i' representing a 

certain frequency (i.e. all lines below that frequency, preferably the 

same frequency used in step 1) are now multiplied by yi'—i. This im-

plies that the line closest to i' is amplified the least, while the first line, 

the one closest to direct current, is amplified the most. Preferably, i' = 

32. 

5. 	In the decoder, steps 1 and 2 are carried out like in the encoder 

(same frequency limit). 

lo 

6. Analogous to step 3, a low-frequency de-emphasis factor, the inverse 

of the emphasis factory, is computed as 6 = (a • minimum °/ maxi-

mum)—p = (maximum / (a • minimum))p. 

15 	7. The MDCT lines with indices i lower than index i', with i' chosen as in 

the encoder, are finally multiplied by Or—i. The result is that the line 

closest to i' is attenuated the least, the first line is attenuated the most, 

and overall the encoder-side ALFE is fully inverted. 

zo 	Essentially, the proposed ALFE system ensures that in densely populated 

spectra, the lower-frequency lines are coded with sufficient accuracy. Three 

cases can serve to illustrate this, as depicted in Fig. 8. When the maximum is 

more than a times larger than the minimum, no ALFE is performed. This oc- 

curs when the low-frequency LPC shape contains a strong peak, probably 

25 	originating from a strong isolated low-pitch tone in the input signal. LPC cod- 

ers are typically able to reproduce such a signal relatively well, so an ALFE is 

not necessary. 

In case the LPC shape is flat, i.e. the maximum approaches the minimum, 

30 	the ALFE is the strongest as depicted in Fig. 6 and can avoid coding artifacts 

like musical noise. 
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When the LPC shape is neither fully flat nor peaky, e.g. on harmonic signals 

with closely spaced tones, only gentle ALFE is performed as depicted in Fig. 

7. It must be noted that the application of the exponential factors y in step 4 

and 6 in step 7 does not require power instructions but can be incrementally 

5 performed using only multiplications. Hence, the per-spectral-line complexity 

called for by the inventive ALFE scheme is very low. 

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

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

10 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 

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

is 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. 

Depending on certain implementation requirements, embodiments of the in- 

20 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-

cally readable control signals stored thereon, which cooperate (or are capa- 

25 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. 

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

30 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. 
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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 

5 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 

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

10 

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. 

15 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 

medium are typically tangible and/or non-transitionary. 

20 

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 

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

25 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 

one of the methods described herein. 

30 

A further embodiment comprises a computer having installed thereon the 

computer program for performing one of the methods described herein. 
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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- 

5 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 . 

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

io 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 

preferably performed by any hardware apparatus. 

15 , 

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 

skilled in the art. It is the intent, therefore, to be limited only by the scope of 

20 the impending patent claims and not by the specific details presented by way 

of description and explanation of the embodiments herein. 

Reference signs: 

25 1 	audio encoder 

2 	linear predictive coding filter 

3 	time-frequency converter 

4 	low frequency emphasizer 

5 	control device 

30 6 	quantization device 

7 	bitstream producer 

8 	spectral analyzer 
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9 minimum-maximum analyzer 

10 first stage of the emphasis factor calculator 

11 second stage of the emphasis factor calculator 

12 audio decoder 

5 13 bitstream receiver 

14 de-quantization device 

15 low frequency de emphasizer 

16 control device is 

17 frequency-time converter 

10 18 inverse linear predictive coding filter 

19 spectral analyzer 

20 minimum-maximum analyzer 

21 first stage of the de-emphasis factor calculator 

22 second stage of the de-emphasis factor calculator 

15 

AS audio signal 

LC linear predictive coding coefficients 

FF filtered frame 

Fl frame 

20 SP spectrum 

PS processed spectrum 

QS quantized spectrum 

SR spectral representation 

MI minimum of the spectral representation 

25 MA maximum of the spectral representation 

SEF spectral line emphasis factors 

BEF phases emphasis factor 

FC frame converted to time domain 

30 RSL reference spectral line 

SL spectral line 
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DQ de-quantized spectrum 

RS reverse processed spectrum 

TS time signal 

SDF spectral line de-emphasis factors 

BDF basis de-emphasis factor 

IFS inverse filtered signal 

SLD spectral line 

RSLD reference spectral line 

-ki QE quantization error 
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Claims 

1.  Audio encoder for encoding a non-speech audio signal so as to produce 

therefrom a bitstream, the audio encoder comprising: 

5 

a combination of a linear predictive coding filter having a plurality of linear 

predictive coding coefficients and a time-frequency converter, wherein the 

combination is configured to filter and to convert a frame of the audio sig-

nal into a frequency domain in order to output a spectrum based on the 

io frame and on the linear predictive coding coefficients ; 

a low frequency emphasizer configured to calculate a processed spec-

trum based on the spectrum, wherein spectral lines of the processed 

spectrum representing a lower frequency than a reference spectral line 

is are emphasized; 

a control device configured to control the calculation of the processed 

spectrum by the low frequency emphasizer depending on the linear pre-

dictive coding coefficients of the linear predictive coding filter; 

20 

a quantization device configured to produce a quantized spectrum based 

on the processed spectrum; 

and a bitstream producer configured to embed the quantized spectrum 

25 and the linear predictive coding coefficients into the bitstream. 

2.  Audio encoder according to the preceding claim, wherein the frame of the 

audio signal is input to the linear predictive coding filter, wherein a filtered 

frame is output by the linear predictive coding filter 

30 
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and wherein the time-frequency converter is configured to estimate the 

spectrum based on the filtered frame. 

3.  Audio encoder according to claim 1, wherein the frame of the audio signal 

is input to the time-frequency converter, wherein a converted frame is 

output by the time-frequency converter and wherein the linear predictive 

coding filter is configured to estimate the spectrum based on the convert-

ed frame. 

10 4.  Audio encoder according to one of the preceding claims, wherein the con-

trol device comprises a spectral analyzer configured to estimate a spec-

tral representation of the linear predictive coding coefficients, a minimum-

maximum analyzer configured to estimate a minimum of the spectral rep-

resentation and a maximum of the spectral representation below a further 

15 reference spectral line and an emphasis factor calculator configured to 

calculate spectral line emphasis factors for calculating the spectral lines of 

the processed spectrum representing a lower frequency than the refer-

ence spectral line based on the minimum and on the maximum, wherein 

the spectral lines of the processed spectrum are emphasized by applying 

20 the spectral line emphasis factors to spectral lines of the spectrum of the 

filtered frame. 

5.  Audio encoder according to the preceding claim, wherein the emphasis 

factor calculator is configured in such way that the spectral line emphasis 

25 factors increase in a direction from the reference 
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spectral line to the spectral line representing the lowest frequency of the 

spectrum. 

6.  Audio encoder according to claim 4 or 5, wherein the emphasis factor cal- 

5 culator comprises a first stage configured to calculate a basis emphasis 

factor according to a first formula y = (a • min / max)P, wherein a is a first 

preset value, with a > 1,13 is a second preset value, with 0 < 8 5_ 1, min is 

the minimum of the of the spectral representation, max is the maximum of 

the spectral representation and y is the basis emphasis factor, and where- 

io in the emphasis factor calculator comprises a second stage configured to 

calculate spectral line emphasis factors according to a second formu- 

la E = yr-', wherein i' is a number of the spectral lines to be emphasized, i 

is an index of the respective spectral line, the index increases with the 

frequencies of the spectral lines, with i = 0 to i'-1, y is the basis emphasis 

15 factor and Ei is the spectral line emphasis factor with index i. 

7.  Audio encoder according to the preceding claim, wherein the first preset 

value is smaller than 42 and larger than 22, in particular smaller than 38 

and larger than 26, more particular smaller 34 and larger than 30. 

20 

8.  Audio encoder according to claim 6 or 7, wherein the second preset value 

is determined according to the formula p = 1 I (e - i'), wherein i' is the 

number of the spectral lines being emphasized, 8 is a factor between 3 

and 5, in particular between 3,4 and 4,6, more particular between 3,8 and 

25 4,2. 

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

erence spectral line represents a frequency between 600 Hz and 1000Hz, 

in particular between 700 Hz and 900 Hz, more particular between 750 

30 Hz and 850 Hz. 
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10.Audio encoder according to one of the claims 4 to 9, wherein the further 

reference spectral line represents the same or a higher frequency than 

the reference spectral line. 

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

trol device is configured in such way that the spectral lines of the pro-

cessed spectrum representing a lower frequency than the reference spec-

tral line are emphasized only if the maximum is less than the minimum 

multiplied with the first preset value. 

10 

12.Audio decoder for decoding a bitstream based on a non-speech audio 

signal so as to produce from the bitstream a non-speech audio output 

signal, in particular for decoding a bitstream produced by an audio en-

coder according to claims 1 to 12, the bitstream containing quantized 

15 spectrums and a plurality of linear predictive coding coefficients, the audio 

decoder comprising: 

a bitstream receiver configured to extract the quantized spectrum and the 

linear predictive coding coefficients from the bitstream; 

20 

a de-quantization device configured to produce a de-quantized spectrum 

based on the quantized spectrum; 

a low frequency de-emphasizer configured to calculate a reverse pro- 

25 cessed spectrum based on the de-quantized spectrum, wherein spectral 

lines of the reverse processed spectrum representing a lower frequency 

than a reference spectral line are deemphasized; and 

a control device configured to control the calculation of the reverse 

30 
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processed spectrum by the low frequency de-emphasizer depending on 

the linear predictive coding coefficients contained in the bitstream. 

13. Audio decoder according to the preceding claim, wherein the audio de- 

s coder comprises combination of a frequency-time converter and an in-

verse linear predictive coding filter receiving the plurality of linear predic-

tive coding coefficients contained in the bitstream, wherein the combina-

tion is configured to inverse-filter and to convert the reverse processed 

spectrum into a time domain in order to output the output signal based on 

io the reverse processed spectrum and on the linear predictive coding coef-

ficients. 

14.Audio decoder according to the preceding claim, wherein the frequency-

time converter is configured to estimate a time signal based on the re- 

15 verse processed spectrum and wherein the inverse linear predictive cod-

ing filter is configured to output the output signal based on the time signal. 

15.Audio decoder according to claim 13, wherein the inverse linear predictive 

coding filter is configured to estimate an inverse filtered signal based on 

20 the reverse processed spectrum and wherein the frequency-time convert-

er is configured to output the output signal based on the inverse filtered 

signal. 

16.Audio decoder according to one of the claims 12 to 15, wherein the con- 

25 trot device comprises a spectral analyzer configured to estimate a spec-

tral representation of the linear predictive coding coefficients, a minimum-

maximum analyzer configured to estimate a minimum of the spectral rep-

resentation and a maximum of the spectral representation below a further 

reference spectral line 

30 
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and a de-emphasis factor calculator configured to calculate spectral line 

de-emphasis factors for calculating the spectral lines of the reverse pro-

cessed spectrum representing a lower frequency than the reference spec-

tral line based on the minimum and on the maximum, wherein the spectral 

5 lines of the reverse processed spectrum are de-emphasized by applying 

the spectral line de-emphasis factors to spectral lines of the spectrum of 

the de-quantized spectrum. 

17.Audio decoder according to the preceding claim, wherein the de- 

w emphasis factor calculator is configured in such way that the spectral line 

de-emphasis factors decrease in a direction from the reference spectral 

line to the spectral line representing the lowest frequency of the reverse 

process spectrum. 

is 18.Audio decoder according to claim 16 or 17, wherein the de-emphasis fac-

tor calculator comprises a first stage configured to calculate a basis de-

emphasis factor according to a first formula 15 = (a • min / max)-13, wherein 

a is a first preset value, with a > 1, is is a second preset value, with 0 < is 

s 1, min is the minimum of the of the spectral representation, max is the 

20 maximum of the spectral representation and 5 is the basis de-emphasis 

factor , and wherein the de-emphasis factor calculator comprises a sec-

ond stage configured to calculate spectral line de-emphasis factors ac-

cording to a second formula (i = O'', wherein i' is a number of the spectral 

lines to be de-emphasized, i is an index of the respective spectral line, the 

25 index increases with the frequencies of the spectral lines, with i = 0 to i'-1, 

5 is the basis de-emphasis factor and 	is the spectral line de-emphasis 

factor with index i. 
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19.Audio decoder according to the preceding claim, wherein the first preset 

value is smaller than 42 and larger than 22, in particular smaller than 38 

and larger than 26, more particular smaller 34 and larger than 30. 

5 20.Audio decoder according to claim 18 or 19, wherein the second preset 

value is determined according to the formula 13 = 1 /(0 • i'), wherein i' is 

the 	the 	lines being de-emphasized, 0 is 	factor be- number of 	spectral 	 a 

tween 3 and 5, in particular between 3,4 and 4,6, more particular between 

3,8 and 4,2. 

10 

21.Audio decoder according to one of the claims 12 to 20, wherein the refer-

ence spectral line represents a frequency between 600 Hz and 1000Hz, 

in particular between 700 Hz and 900 Hz, more particular between 750 

Hz and 850 Hz. 

15 

22. Audio decoder according to one of the claims 16 to 21, wherein the fur-

ther reference spectral line represents the same or a higher frequency 

than the reference spectral line. 

20 23.Audio decoder according to one of the claims 12 to 22, wherein the con-

trol device is configured in such way that the spectral lines of the reverse 

processed spectrum representing a lower frequency than the reference 

line 	de 	 if the 	is less than the spectral 	are 	emphasized only 	maximum 	 min- 

imum multiplied with the first preset value. 

25 

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

designed according to one of the claims 1 to 11 and/or the decoder is de-

signed according to one of the claims 12 to 23. 

30 25. Method for encoding a non-speech audio signal so as to produce there-

from a bitstream, the method comprising the steps: 
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filtering with a linear predictive coding filter having a plurality of linear predic-

tive coding coefficients and converting a frame of the audio signal into a fre-

quency domain in order to output a spectrum based on the frame and on the 

linear predictive coding coefficients; 

5 

calculating a processed spectrum based on the spectrum, wherein spectral 

lines of the processed spectrum representing a lower frequency than a refer-

ence spectral line are emphasized; and 

io controlling the calculation of the processed spectrum depending on the linear 

predictive coding coefficients of the linear predictive coding filter; 

producing a quantized spectrum based on the processed spectrum; and 

15 embedding the quantized spectrum and the linear predictive coding coeffi-

cients into the bitstream. 

26. Method for decoding a bitstream based on a non-speech audio signal so 

as to produce from the bitstream a non-speech audio output signal, in 

20 particular for decoding a bitstream produced by the method according to 

the preceding claim, the bitstream containing quantized spectrums and a 

plurality of linear predictive coding coefficients, the method comprising the 

steps: 

25 extracting the quantized spectrum and the linear predictive coding coeffi-

cients from the bitstream; 
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producing a de-quantized spectrum based on the quantized spectrum; 

calculating a reverse processed spectrum based on the de-quantized 

spectrum, wherein spectral lines of the reverse processed spectrum rep- 

s resenting a lower frequency than a reference spectral line are deempha-

sized; and 

controlling the calculation of the reverse processed spectrum depending 

on the linear predictive coding coefficients contained in the bitstream. 

10 

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

cessor, the method of claim 25 or 26. 


