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Apparatus and Method for Generating an Adaptive Spectral Shape of Comfort Noise 

Description 

5 
The present invention relates to audio signal encoding, processing and decoding, and, in 
particular, to an apparatus and method for improved signal fade out for switched audio 

coding systems during error concealment. 

10 In the following, the state of the art is described regarding speech and audio codecs fade 
out during packet loss concealment (PLC). The explanations regarding the state of the art 
start with the ITU-T codecs of the G-series (G.718, G.719, G.722, G.722.1, G.729. 
G.729.1), are followed by the 3GPP codecs (AMR, AMR-WB, AMR-WB+) and one IETF 
codec (OPUS), and conclude with two MPEG codecs (HE-AAC, HILN) (ITU = International 

15 Telecommunication Union; 3GPP = 3rd Generation Partnership Project; AMR = Adaptive 
Multi-Rate; WB = Wideband; IETF = Internet Engineering Task Force). Subsequently, the 

state-of-the art regarding tracing the background noise level is analysed, followed by a 
summary which provides an overview. 

20 At first, G.718 is considered. G.718 is a narrow-band and wideband speech codec, that 
supports DTX/CNG (DTX = Digital Theater Systems; CNG = Comfort Noise Generation). 
As embodiments particularly relate to low delay code, the low delay version mode will be 
described in more detail, here. 

25 Considering ACELP (Layer 1) (ACELP = Algebraic Code Excited Linear Prediction), the 

ITU-T recommends for G.718 [ITU08a, section 7.11] an adaptive fade out in the linear 
predictive domain to control the fading speed. Generally, the concealment follows this 
principle: 

30 According to G.718, in case of frame erasures, the concealment strategy can be 
summarized as a convergence of the signal energy and the spectral envelope to the 
estimated parameters of the background noise. The periodicity of the signal is converged 

to zero. The speed of the convergence is dependent on the parameters of the last 

correctly received frame and the number of consecutive erased frames, and is controlled 

35 by an attenuation factor, a. The attenuation factor a, is further dependent on the stability, 
6, of the LP filter (LP = Linear Prediction) for UNVOICED frames. In general, the 

convergence is slow if the last good received frame is in a stable segment and is rapid if 
the frame is in a transition segment. 
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The attenuation factor a depends on the speech signal class, which is derived by signal 
classification described in [ITU08a, section 6.8.1.3.1 and 7.11.1.1], The stability factor 6 is 

computed based on a distance measure between the adjacent ISF (Immittance Spectral 
5 Frequency) filters [ITU08a, section 7.1.2.4.2], 

Table 1 shows the calculation scheme of a: 

last good received frame Number of successive erased frames a 

ARTIFICIAL ONSET 0.6 

ONSET, VOICED <3 1.0 
>3 0.4 

VOICED TRANSITION 0.4 

UNVOICED TRANSITION 0.8 

UNVOICED = 1 0.2 • (9 + 0.8 
= 2 0.6 
>2 0.4 

10 Table 1: Values of the attenuation factor a, the value 8 is a stability factor computed from 

a distance measure between the adjacent LP filters. [ITU08a, section 7.1.2.4.2], 

Moreover, G.718 provides a fading method in order to modify the spectral envelope. The 
15 general idea is to converge the last ISF parameters towards an adaptive ISF mean vector. 

At first, an average ISF vector is calculated from the last 3 known ISF vectors. Then the 
average ISF vector is again averaged with an offline trained long term ISF vector (which is 

a constant vector) [ITU08a, section 7.11.1.2], 

20 Moreover, G.718 provides a fading method to control the long term behavior and thus the 
interaction with the background noise, where the pitch excitation energy (and thus the 

excitation periodicity) is converging to 0, while the random excitation energy is converging 
to the CNG excitation energy [ITU08a, section 7.11.1.6], The innovation gain attenuation 
is calculated as 

25 
pW = ag£] + (1 - a)gn (1) 



WO 2014/202786 
3 

PCT/EP2014/063173 

where g^15 is the innovative gain at the beginning of the next frame, g^01 is the innovative 

gain at the beginning of the current frame, gn is the gain of the excitation used during the 

comfort noise generation and the attenuation factor a. 

5 Similarly to the periodic excitation attenuation, the gain is attenuated linearly throughout 
the frame on a sample-by-sample basis starting with, gf1, and reaches gj1] at the 

beginning of the next frame. 

Fig. 2 outlines the decoder structure of G.718. In particular, Fig. 2 illustrates a high level 
10 G.718 decoder structure for PLC, featuring a high pass filter. 

By the above-described approach of G.718, the innovative gain gs converges to the gain 

used during comfort noise generation gn for long bursts of packet losses. As described in 

[ITU08a, section 6.12.3], the comfort noise gain gn is given as the square root of the 

15 energy E. The conditions of the update of E are not described in detail. Following the 
reference implementation (floating point C-code, stat_noise_uv_mod.c), E is 

derived as follows: 

if(unvoiced_vad == 0){ 

20 if ( unv_cnt >20 ) { 
ftmp = lp_gainc * lp_gainc; 

lp_ener = 0.7f * lp_ener + 0.3f * ftmp; 

} 

else { 

25 unv_cnt++; 

} 

} 

else { 

unv_cnt = 0 ; 

30 } 

wherein unvoiced_vad holds the voice activity detection, wherein unv_cnt holds the 

number of unvoiced frames in a row, wherein lp__gainc holds the low passed gains of 

the fixed codebook, and wherein lp_ener holds the low passed CNG energy estimate 

35 E, it is initialized with 0. 
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Furthermore, G.718 provides a high pass filter, introduced into the signal path of the 
unvoiced excitation, if the signal of the last good frame was classified different from 
UNVOICED, see Fig. 2, also see [ITU08a, section 7.11.1.6], This filter has a low shelf 
characteristic with a frequency response at DC being around 5 dB lower than at Nyquist 

5 frequency. 

Moreover, G.718 proposes a decoupled LTP feedback loop (LTP = Long-Term 
Prediction): While during normal operation the feedback loop for the adaptive 
codebook is updated subframe-wise ([ITU08a, section 7.1.2.1.4]) based on the full 
excitation. During concealment this feedback loop is updated frame-wise (see [ITU08a, 
sections 7.11.1.4, 7.11.2.4, 7.11.1.6, 7.11.2.6; dec_GV_exc0dec_gen_voic.c and 
syn_bf i_post6syn_bf i__pre_post. c]) based on the voiced excitation only. With this 

approach, the adaptive codebook is not "polluted" with noise having its origin in by the 
randomly chosen innovation excitation. 

Regarding the transform coded enhancement layers (3-5) of G.718, during concealment, 
the decoder behaves regarding the high layer decoding similar to the normal operation, 
just that the MDCT spectrum is set to zero. No special fade-out behavior is applied during 

concealment. 

With respect to CNG, in G.718, the CNG synthesis is done in the following order. At first, 
parameters of a comfort noise frame are decoded. Then, a comfort noise frame is 
synthesized. Afterwards the pitch buffer is reset. Then, the synthesis for the FER (Frame 
Error Recovery) classification is saved. Afterwards, spectrum deemphasis is conducted. 

Then low frequency post-filtering is conducted. Then, the CNG variables are updated. 

In the case of concealment, exactly the same is performed, except the CNG parameters 
are not decoded from the bitstream. This means that the parameters are not updated 
during the frame loss, but the decoded parameters from the last good SID (Silence 

30 Insertion Descriptor) frame are used. 

Now, G.719 is considered. G.719, which is based on Siren 22, is a transform based full-

band audio codec. The ITU-T recommends for G.719 a fade-out with frame repetition in 
the spectral domain [ITU08b, section 8.6], According to G.719, a frame erasure 

35 concealment mechanism is incorporated into the decoder. When a frame is correctly 

received, the reconstructed transform coefficients are stored in a buffer. If the decoder is 
informed that a frame has been lost or that a frame is corrupted, the transform coefficients 

reconstructed in the most recently received frame are decreasingly scaled with a factor 

10 

15 

20 

25 
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0.5 and then used as the reconstructed transform coefficients for the current frame. The 
decoder proceeds by transforming them to the time domain and performing the 
windowing-overlap-add operation. 

5 in the following, G.722 is described. G.722 is a 50 to 7000 Hz coding system which uses 
subband adaptive differential pulse code modulation (SB-ADPCM) within a bitrate up to 64 
kbit/s. The signal is split into a higher and a lower subband, using a QMF analysis (QMF = 
Quadrature Mirror Filter). The resulting two bands are ADPCM-coded (ADPCM = Adaptive 
Differential Pulse Code Modulation). 

10 
For G.722, a high-complexity algorithm for packet loss concealment is specified in 
Appendix III [ITU06a] and a low-complexity algorithm for packet loss concealment is 
specified in Appendix IV [ITU07]. G.722 - Appendix III ([ITU06a, section III.5]) proposes a 
gradually performed muting, starting after 20ms of frame-loss, being completed after 

15 60ms of frame-loss. Moreover, G.722 - Appendix IV proposes a fade-out technique which 
applies "to each sample a gain factor that is computed and adapted sample by sample" 
[ITU07, section IV.6.1.2.7], 

In G.722, the muting process takes place in the subband domain just before the QMF 
20 synthesis and as the last step of the PLC module. The calculation of the muting factor is 

performed using class information from the signal classifier which also is part of the PLC 
module. The distinction is made between classes TRANSIENT, UV_TRANSITION and 
others. Furthermore, distinction is made between single losses of 10-ms frames and other 
cases (multiple losses of 10-ms frames and single/multiple losses of 20-ms frames). 

25 
This is illustrated by Fig. 3. In particular, Fig. 3 depicts a scenario, where the fade-out 
factor of G.722, depends on class information and wherein 80 samples are equivalent to 
10 ms. 

30 According to G.722, the PLC module creates the signal for the missing frame and some 
additional signal (10ms) which is supposed to be cross-faded with the next good frame. 
The muting for this additional signal follows the same rules. In highband concealment of 
G.722, cross-fading does not take place. 

35 In the following, G.722.1 is considered. G.722.1, which is based on Siren 7, is a transform 

based wide band audio codec with a super wide band extension mode, referred to as 

G.722.1C. G. 722.1C itself is based on Siren 14. The ITU-T recommends for G.722.1 a 

frame-repetition with subsequent muting [ITU05, section 4.7]. If the decoder is informed, 
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by means of an external signaling mechanism not defined in this recommendation, that a 
frame has been lost or corrupted, it repeats the previous frame's decoded MLT 
(Modulated Lapped Transform) coefficients. It proceeds by transforming them to the time 
domain, and performing the overlap and add operation with the previous and next frame's 

5 decoded information. If the previous frame was also lost or corrupted, then the decoder 
sets all the current frames MLT coefficients to zero. 

Now, G.729 is considered. G.729 is an audio data compression algorithm for voice that 
compresses digital voice in packets of 10 milliseconds duration. It is officially described as 

10 Coding of speech at 8 kbit/s using code-excited linear prediction speech coding (CS-
ACELP) [ITU 12]. 

As outlined in [CPK08], G.729 recommends a fade-out in the LP domain. The PLC 
algorithm employed in the G.729 standard reconstructs the speech signal for the current 

15 frame based on previously-received speech information. In other words, the PLC 
algorithm replaces the missing excitation with an equivalent characteristic of a previously 
received frame, though the excitation energy gradually decays finally, the gains of the 
adaptive and fixed codebooks are attenuated by a constant factor. 

20 The attenuated fixed-codebook gain is given by: 

gim) = 0.98 • ^m"1) 

with m is the subframe index. 

25 
The adaptive-codebook gain is based on an attenuated version of the previous adaptive-
codebook gain: 

4TO) - 0.9 • 4m~1} , bounded by g^m) < 0.9 
30 

Nam in Park et al. suggest for G.729, a signal amplitude control using prediction by 

means of linear regression [CPK08, PKJ+11], It is addressed to burst packet loss and 

uses linear regression as a core technique. Linear regression is based on the linear model 
as 

35 

fJi = a hi (2) 
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10 

15 

25 

where g\ is the newly predicted current amplitude, a and b are coefficients for the first 
order linear function, and i is the index of the frame. In order to find the optimized 
coefficients a* and b*, the summation of the squared prediction error is minimized: 

€ = IZ fe - d'jf 
j=*-4 (3) 

s is the squared error, gj is the original past /-th amplitude. To minimize this error, simply 
the derivative regarding a and b is set to zero. By using the optimized parameters a* and 
b*, an estimate of each g* is denoted by 

* 5§£ j j sjc * fh = <> +b i (4) 

Fig. 4 shows the amplitude prediction, in particular, the prediction of the amplitude g*, by 
using linear regression. 

To obtain the amplitude A\ of the lost packet i, a ratio cr, 

__ 9i 
(ji — 

9i-1 (5) 

20 is multiplied with a scale factor St: 

-A-i = S{ * ai (6) 

wherein the scale factor S( depends on the number of consecutive concealed frames /(/): 

1 
' 1.0. if l(i) — 1,2 

0.9, If l(i) = 3,4 
0.8, if l(i) = 5,6 

0, otherwise (7) 

In [PKJ+11], a slightly different scaling is proposed. 
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According to G.729, afterwards, A[ will be smoothed to prevent discrete attenuation at 
frame borders. The final, smoothed amplitude A((n) is multiplied to the excitation, 

obtained from the previous PLC components. 

5 In the following, G.729.1 is considered. G.729.1 is a G.729-based embedded variable bit-
rate coder: An 8-32 kbit/s scalable wideband coder bitstream inter-operable with G.729 

According to G.729.1, as in G.718 (see above), an adaptive fade out is proposed, which 
10 depends on the stability of the signal characteristics ([ITU06b, section 7.6.1]). During 

concealment, the signal is usually attenuated based on an attenuation factor a which 
depends on the parameters of the last good received frame class and the number of 
consecutive erased frames. The attenuation factor a is further dependent on the stability 
of the LP filter for UNVOICED frames. In general, the attenuation is slow if the last good 

15 received frame is in a stable segment and is rapid if the frame is in a transition segment. 

Furthermore, the attenuation factor a depends on the average pitch gain per subframe gp 

([ITU06b, eq. 163, 164]): 

[ITU06b], 

20 

Table 2 shows the calculation scheme of a, where 
25 

B = •s/gp with 0.85 > 0 > 0.98 (9) 

During the concealment process, a is used in the following concealment tools: 

30 

last good received frame Number of successive erased frames a 
VOICED 1 

2,3 
> 3 

P 
SP 

0.4 

ONSET 1 

2,3 
> 3 

0.8/i 
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ARTIFICIAL ONSET 1 0.6 P 
9 ^ mmm j S p 

> 3 0.4 

VOICED TRANSITION < 2 0.8 
> 2 0.2 

UNVOICED TRANSITION 0.88 

UNVOICED 1 0.95 

2.3 0.6 0 + 0.4 
>3 0.4 

Table 2: Values of the attenuation factor a, the value 6 is a stability factor computed from 
a distance measure between the adjacent LP filters. [ITU06b, section 7.6.1]. 

5 According to G.729.1, regarding glottal pulse resynchronization, as the last pulse of the 
excitation of the previous frame is used for the construction of the periodic part, its gain is 
approximately correct at the beginning of the concealed frame and can be set to 1. The 
gain is then attenuated linearly throughout the frame on a sample-by-sample basis to 
achieve the value of a at the end of the frame. The energy evolution of voiced segments is 

10 extrapolated by using the pitch excitation gain values of each subframe of the last good 

frame, in general, if these gains are greater than 1, the signal energy is increasing, if they 
are lower than 1, the energy is decreasing, a is thus set to /? = as described above, 

see [ITU06b, eq. 163, 164], The value of (3 is clipped between 0.98 and 0.85 to avoid 

strong energy increases and decreases, see [ITU06b, section 7.6.4], 
15 

Regarding the construction of the random part of the excitation, according to G.729.1, at 
the beginning of an erased block, the innovation gain gs is initialized by using the 

innovation excitation gains of each subframe of the last good frame: 

gs = 0.1//o) + 0.21/(1 > + 0.3/2) + 0.4r/3) 

wherein g(0), g(1), g{2} and g(3) are the fixed codebook, or innovation, gains of the four 

subframes of the last correctly received frame. The innovation gain attenuation is done as: 

25 # = « ' dP 

wherein g® is the innovation gain at the beginning of the next frame, gf] is the 

innovation gain at the beginning of the current frame, and a is as defined in Table 2 

20 
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above. Similarly to the periodic excitation attenuation, the gain is thus linearly attenuated 
throughout the frame on a sample by sample basis starting with and going to the 

value of g® that would be achieved at the beginning of the next frame. 

5 According, to G.729.1, if the last good frame is UNVOICED, only the innovation excitation 
is used and it is further attenuated by a factor of 0.8. In this case, the past excitation buffer 
is updated with the innovation excitation as no periodic part of the excitation is available, 

see [ITU06b, section 7.6.6], 

10 In the following, AMR is considered. 3GPP AMR [3GP12b] is a speech codec utilizing the 
ACELP algorithm. AMR is able to code speech with a sampling rate of 8000 samples/s 
and a bitrate between 4.75 and 12.2 kbit/s and supports signaling silence descriptor 

frames (DTX/CNG). 

15 In AMR, during error concealment (see [3GP12a]), it is distinguished between frames 
which are error prone (bit errors) and frames, that are completely lost (no data at all). 

For ACELP concealment, AMR introduces a state machine which estimates the quality of 

the channel: The larger the value of the state counter, the worse the channel quality is. 
20 The system starts in state 0. Each time a bad frame is detected, the state counter is 

incremented by one and is saturated when it reaches 6. Each time a good speech frame 
is detected, the state counter is reset to zero, except when the state is 6, where the state 
counter is set to 5. The control flow of the state machine can be described by the following 
C code (BFI is a bad frame indicator, State is a state variable): 

25 
if(BFI != 0 ) { 

State = State + 1; 

} 
else if(State == 6) { 

30 State = 5; 

} 

else { 

State = 0; 

} 

35 if(State > 6 ) { 

State = 6; 

} 
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In addition to this state machine, in AMR, the bad frame flags from the current and the 
previous frames are checked (prevBFI). 

5 Three different combinations are possible: 

The first one of the three combinations is BFI = 0, prevBFI = 0, State = 0: No error is 
detected in the received or in the previous received speech frame. The received speech 
parameters are used in the normal way in the speech synthesis. The current frame of 

10 speech parameters is saved. 

The second one of the three combinations is BFI = 0, prevBFI = 1, State = 0 or 5: No error 
is detected in the received speech frame, but the previous received speech frame was 
bad. The LTP gain and fixed codebook gain are limited below the values used for the last 

15 received good subframe: 

where gp = current decoded LTP gain, gp{-1) = LTP gain used for the last good subframe 
20 (BFI = 0), and 

where gc = current decoded fixed codebook gain, and gc(~ 1) = fixed codebook gain used 
25 for the last good subframe (BFI = 0). 

The rest of the received speech parameters are used normally in the speech synthesis. 
The current frame of speech parameters is saved. 

30 The third one of the three combinations is BFI = 1, prevBFI = 0 or 1, State = 1...6: An 
error is detected in the received speech frame and the substitution and muting procedure 
is started. The LTP gain and fixed codebook gain are replaced by attenuated values from 
the previous subframes: 

9p- 9p — 9p ( 1) 
9p(~i)? 9p 9p(~ 1) (10) 

§c 5 9c ^ 9c ( 1) 
9c > 9c(-1) (11) 
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_ f P(state) - gp{-l), Pp(-l) < mediant)(gp(—1),.. • .gp{-5)) 
9p [ P (state} • medians (gp (-1),-.., gp{~ 5)) ^p(-l) > median5 (ffp(-l) 0p(-5)) 

(12) 

where gp indicates the current decoded LTP gain and gp(-1), . . . , gp{-n) indicate the LTP 
5 gains used for the last n subframes and median5() indicates a 5-point median operation 

and 

P(state) = attenuation factor, 

10 where (P(1) = 0.98, P(2) = 0.98, P(3) = 0.8, P(4) = 0.3, P(5) = 0.2, P(6) = 0.2) and 
state = state number, and 

_ j C{state) • gc{— 1), gc{—1) < median5{gc{—l),. .. ,gc{—5)) 
| C{state) • medianh(gc(—1),.... gc{~5)) gc{~ 1) > median5(gc{-l),.... ,gc(-5)) 

15 (13) 

where gc indicates the current decoded fixed codebook gain and gc{-1), ... , gc (-n) 
indicate the fixed codebook gains used for the last n subframes and median5() indicates a 
5-point median operation and C(state) = attenuation factor, where (C(1) = 0.98, C(2) = 

20 0.98, C(3) = 0.98, C(4) = 0.98, C(5) = 0.98, C(6) = 0.7) and state = state number. 

In AMR, the LTP-lag values (LTP = Long-Term Prediction) are replaced by the past value 
from the 4th subframe of the previous frame (12.2 mode) or slightly modified values based 

on the last correctly received value (all other modes). 
25 

According to AMR, the received fixed codebook innovation pulses from the erroneous 
frame are used in the state in which they were received when corrupted data are received. 
In the case when no data were received random fixed codebook indices should be 
employed. 

30 

Regarding CNG in AMR, according to [3GP12a, section 6.4], each first lost SID frame is 
substituted by using the SID information from earlier received valid SID frames and the 

procedure for valid SID frames is applied. For subsequent lost SID frames, an attenuation 
technique is applied to the comfort noise that will gradually decrease the output level. 

35 Therefore it is checked if the last SID update was more than 50 frames (=1 s) ago, if yes, 

the output will be muted (level attenuation by -6/8 dB per frame [3GP12d, 
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dtx_dec{} 6sp_dec. c] which yields 37.5 dB per second). Note that the fade-out applied 
to CNG is performed in the LP domain. 

In the following, AMR-WB is considered. Adaptive Multirate - WB [ITU03, 3GP09c] is a 
5 speech codec, ACELP, based on AMR (see section 1.8). It uses parametric bandwidth 

extension and also supports DTX/CNG. In the description of the standard [3GP12g] there 
are concealment example solutions given which are the same as for AMR [3GP12a] with 
minor deviations. Therefore, just the differences to AMR are described here. For the 

standard description, see the description above. 
0 

Regarding ACELP, in AMR-WB, the ACELP fade-out is performed based on the reference 
source code [3GP12c] by modifying the pitch gain gp (for AMR above referred to as LTP 
gain) and by modifying the code gain gc. 

15 In case of lost frame, the pitch gain gp for the first subframe is the same as in the last good 

frame, except that it is limited between 0.95 and 0.5. For the second, the third and the 
following subframes, the pitch gain gp is decreased by a factor of 0.95 and again limited. 

AMR-WB proposes that in a concealed frame, gc is based on the last gc 

20 
9c,current ~ 9c,past * (1-4 9p,past) 

9c — 9c,current * 9c.inoX) 

1.0 
9c.i, 

subframe_size-1 
enerinov = code\i\ 

i=0 

(14) 

(15) 

25 y suhframe_size 

(17) 

For concealing the LTP-lags, in AMR-WB, the history of the five last good LTP-lags and 

30 LTP-gains are used for finding the best method to update, in case of a frame loss. In case 

the frame is received with bit errors a prediction is performed, whether the received LTP 
lag is usable or not [3GPl2g], 
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Regarding CNG, in AMR-WB, if the last correctly received frame was a SID frame and a 
frame is classified as lost, it shall be substituted by the last valid SID frame information 
and the procedure for valid SID frames should be applied. 

5 For subsequent lost SID frames, AMR-WB proposes to apply an attenuation technique to 
the comfort noise that will gradually decrease the output level. Therefore it is checked if 
the last SID update was more than 50 frames (=1 s) ago, if yes, the output will be muted 
(level attenuation by -3/8 dB per frame [3GP12f, dtx_dec{} 0dtx. c] which yields 
18.75 dB per second). Note that the fade-out applied to CNG is performed in the LP 

10 domain. 

Now, AMR-WB+ is considered. Adaptive Multirate - WB+ [3GP09a] is a switched codec 
using ACELP and TCX (TCX = Transform Coded Excitation) as core codecs. It uses 

parametric bandwidth extension and also supports DTX/CNG. 
15 

In AMR-WB+, a mode extrapolation logic is applied to extrapolate the modes of the lost 
frames within a distorted superframe. This mode extrapolation is based on the fact that 
there exists redundancy in the definition of mode indicators. The decision logic (given in 
[3GP09a, figure 18]) proposed by AMR-WB+ is as follows: 

20 
A vector mode, (m-,, m0, nrh, m2, m3), is defined, where m.-, indicates the mode of 
the last frame of the previous superframe and m0, m-i, m2, m3 indicate the modes 
of the frames in the current superframe (decoded from the bitstream), where mK = 
-1, 0, 1, 2 or 3 (-1: lost, 0: ACELP, 1: TCX20, 2: TCX40, 3: TCX80), and where the 

25 number of lost frames nloss may be between 0 and 4. 

If m^ = 3 and two of the mode indicators of the frames 0-3 are equal to three, all 
indicators will be set to three because then it is for sure that one TCX80 frame was 
indicated within the superframe. 

30 
If only one indicator of the frames 0 - 3 is three (and the number of lost frames 
nloss is three), the mode will be set to (1, 1, 1, 1), because then 3/4 of the TCX80 

target spectrum is lost and it is very likely that the global TCX gain is lost. 

35 - If the mode is indicating (x, 2,-1, x, x) or (x,-1, 2, x, x), it will be extrapolated to 

(x, 2, 2, x, x), indicating a TCX40 frame. If the mode indicates (x, x, x, 2,-1) or 

(x, x,-1, 2) it will be extrapolated to (x, x, x, 2, 2), also indicating a TCX40 frame, it 
should be noted that (x, [0, 1], 2, 2, [0, 1]) are invalid configurations. 
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After that, for each frame that is lost (mode = -1), the mode is set to ACELP 

(mode = 0) if the preceding frame was ACELP and the mode is set to TCX20 
(mode = 1) for all other cases. 

Regarding ACELP, according to AMR-WB+, if a lost frames mode results in mk = 0 after 
the mode extrapolation, the same approach as in [3GP12g] is applied for this frame (see 
above). 

10 In AMR-WB+, depending on the number of lost frames and the extrapolated mode, the 
following TCX related concealment approaches are distinguished (TCX = Transform 
Coded Excitation): 

If a full frame is lost, then an ACELP like concealment is applied: The last 
15 excitation is repeated and concealed ISF coefficients (slightly shifted towards their 

adaptive mean) are used to synthesize the time domain signal. Additionally, a 
fade-out factor of 0.7 per frame (20ms) [3GP09b, dec_tcx. c] is multiplied in the 
linear predictive domain, right before the LPC (Linear Predictive Coding) synthesis. 

20 - If the last mode was TCX80 as well as the extrapolated mode of the (partially lost) 
superframe is TCX80 (nloss = [1, 2], mode = (3, 3, 3, 3, 3)), concealment is 

performed in the FFT domain, utilizing phase and amplitude extrapolation, taking 
the last correctly received frame into account. The extrapolation approach of the 
phase information is not of any interest here (no relation to fading strategy) and 

25 therefore not described. For further details, see [3GP09a, section 6.5.1.2.4], With 
respect to the amplitude modification of AMR-WB+, the approach performed for 
TCX concealment consists of the following steps [3GP09a, section 6.5.1.2.3]: 

30 
The previous frame magnitude spectrum is computed: 

oldA{k] = oldX[k] 

The current frame magnitude spectrum is computed: 

,4[fc] = j X[k] 
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The gain difference of energy of non-lost spectral coefficients between the 
previous and the current frame is computed: 

In every other case of a lost frame with mk = [2, 3], the TCX target (inverse FFT of 
decoded spectrum plus noise fill-in (using a noise level decoded from the 
bitstream)) is synthesized using all available info (including global TCX gain). No 
fade-out is applied in this case. 

Regarding CNG in AMR-WB+, the same approach as in AMR-WB is used (see above). 

In the following, OPUS is considered. OPUS [IET12] incorporates technology from two 

codecs: the speech-oriented SILK (known as the Skype codec) and the low-latency CELT 
(CELT = Constrained-Energy Lapped Transform). Opus can be adjusted seamlessly 
between high and low bitrates, and internally, it switches between a linear prediction 
codec at lower bitrates (SILK) and a transform codec at higher bitrates (CELT) as well as 
a hybrid for a short overlap. 

Regarding SILK audio data compression and decompression, in OPUS, there are several 
parameters which are attenuated during concealment in the SILK decoder routine. The 
LTP gain parameter is attenuated by multiplying all LPC coefficients with either 0.99, 0.95 
or 0.90 per frame, depending on the number of consecutive lost frames, where the 
excitation is built up using the last pitch cycle from the excitation of the previous frame. 
The pitch lag parameter is very slowly increased during consecutive losses. For single 
losses it is kept constant compared to the last frame. Moreover, the excitation gain 
parameter is exponentially attenuated with 0.99''°"'""' per frame, so that the excitation gain 

parameter is 0.99 for the first excitation gain parameter, so that the excitation gain 

parameter is 0.992 for the second excitation gain parameter, and so on. The excitation is 

generated using a random number generator which is generating white noise by variable 

overflow. Furthermore, the LPC coefficients are extrapolated/averaged based on the last 

correctly received set of coefficients. After generating the attenuated excitation vector, the 

The amplitude of the missing spectral coefficients is extrapolated using: 

if(lost[k]) A\k] = gain • oldA[k] 
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concealed LPC coefficients are used in OPUS to synthesize the time domain output 
signal. 

Now, in the context of OPUS, CELT is considered. CELT is a transform based codec. The 

5 concealment of CELT features a pitch based PLC approach, which is applied for up to five 
consecutively lost frames. Starting with frame 6, a noise like concealment approach is 
applied, which generating background noise, which characteristic is supposed to sound 
like preceding background noise. 

10 Fig. 5 illustrates the burst loss behavior of CELT. In particular, Fig. 5 depicts a 
spectrogram (x-axis: time; y-axis: frequency) of a CELT concealed speech segment. The 
light grey box indicates the first 5 consecutively lost frames, where the pitch based PLC 
approach is applied. Beyond that, the noise like concealment is shown. It should be noted 
that the switching is performed instantly, it does not transit smoothly. 

15 
Regarding pitch based concealment, in OPUS, the pitch based concealment consists of 
finding the periodicity in the decoded signal by autocorrelation and repeating the 
windowed waveform (in the excitation domain using LPC analysis and synthesis) using 
the pitch offset (pitch lag). The windowed waveform is overlapped in such a way as to 

20 preserve the time-domain aliasing cancellation with the previous frame and the next frame 
[IET12], Additionally a fade-out factor is derived and applied by the following code: 

opus_val32 El=l, E2=l; 

int period; 

25 if (pitch_index <= MAX_PERIOD/2) { 

period = pitch_index; 

} 

else { 

period = MAX_PERIOD/2 ; 

30 } 

for (i=0;i<period;i++) 

{ 

El += exc[MAX_PERIOD- period+i] * exc[MAX_PERIOD~ period+i] ; 

E2 += exc[MAX_PERIOD-2*period+i] * exc[MAX_PERIOD-2*period+i] ; 

35 } 

if (El > E2) { 

El = E2; 

} 
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decay = sqrt(E1/E2)); 

attenuation = decay; 

In this code, exc contains the excitation signal up to MAX_PERIOD samples before the 
5 loss. 

The excitation signal is later multiplied with attenuation, then synthesized and output via 

LPC synthesis. 

10 The fading algorithm for the time domain approach can be summarized like this: 

Find the pitch synchronous energy of the last pitch cycle before the loss. 

Find the pitch synchronous energy of the second last pitch cycle before the loss. 
15 

If the energy is increasing, limit it to stay constant: attenuation = 1 

If the energy is decreasing, continue with the same attenuation during 

concealment. 
20 

Regarding noise like concealment, according to OPUS, for the 6th and following 
consecutive lost frames a noise substitution approach in the MDCT domain is performed, 
in order to simulate comfort background noise. 

25 Regarding tracing of the background noise level and shape, in OPUS, the background 
noise estimate is performed as follows: After the MDCT analysis, the square root of the 
MDCT band energies is calculated per frequency band, where the grouping of the MDCT 
bins follows the bark scale according to [IET12, Table 55]. Then the square root of the 
energies is transformed into the log2 domain by: 

30 
bandLogE[i) = lo<?2(e) * loge(band.E[i] — eMeans[i\) for i — 0 ... 21 

wherein e is the Euler's number, bandE is the square root of the MDCT band and eMeans 

is a vector of constants (necessary to get the result zero mean, which results in an 
35 enhanced coding gain). 
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In OPUS, the background noise is logged on the decoder side like this [IET12, amp2Log2 
and log2Amp @ quant bands.c]: 

hackground,LogE[i\ = min(backgroundLogE[i] + 8 • 0.001, handLogE\i\) 
5 for i' = 0...21 (19) 

The traced minimum energy is basically determined by the square root of the energy of 
the band of the current frame, but the increase from one frame to the next is limited by 
0.05 dB. 

10 
Regarding the application of the background noise level and shape, according to OPUS, if 
the noise like PLC is applied, backgroundLogE as derived in the last good frame is used 

and converted back to the linear domain: 

15 bandE[i] — cXlo9c{2)-(backgroundLogE{i}+eMeans[i})) ^ • _ g 21 

(20) 

where e is the Euler's number and eMeans is the same vector of constants as for the 

"linear to log" transform. 
20 

The current concealment procedure is to fill the MDCT frame with white noise produced 

by a random number generator, and scale this white noise in a way that it matches band 
wise to the energy of bandE. Subsequently, the inverse MDCT is applied which results in 

a time domain signal. After the overlap add and deemphasis (like in regular decoding) it is 
25 put out. 

In the following, MPEG-4 HE-AAC is considered (MPEG = Moving Picture Experts Group; 
HE-AAC = High Efficiency Advanced Audio Coding). High Efficiency Advanced Audio 
Coding consists of a transform based audio codec (AAC), supplemented by a parametric 

30 bandwidth extension (SBR). 

Regarding AAC (AAC = Advanced Audio Coding), the DAB consortium specifies for AAC 

in DAB+, a fade-out to zero in the frequency domain [EBU10, section A1.2] (DAB = Digital 

Audio Broadcasting). Fade-out behavior, e.g.. the attenuation ramp, might be fixed or 

35 adjustable by the user. The spectral coefficients from the last AU (AU = Access Unit) are 

attenuated by a factor corresponding to the fade-out characteristics and then passed to 

the frequency-to-time mapping. Depending on the attenuation ramp, the concealment 
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switches to muting after a number of consecutive invalid AUs, which means the complete 
spectrum will be set to 0. 

The DRM (DRM = Digital Rights Management) consortium specifies for AAC in DRM a 

5 fade-out in the frequency domain [EBU12, section 5.3.3], Concealment works on the 
spectral data just before the final frequency to time conversion. If multiple frames are 
corrupted, concealment implements first a fadeout based on slightly modified spectral 
values from the last valid frame. Moreover, similar to DAB+, fade-out behavior, e.g., the 
attenuation ramp, might be fixed or adjustable by the user. The spectral coefficients from 

10 the last frame are attenuated by a factor corresponding to the fade-out characteristics and 
then passed to the frequency to-time mapping. Depending on the attenuation ramp, the 
concealment switches to muting after a number of consecutive invalid frames, which 
means the complete spectrum will be set to 0. 

15 3GPP introduces for AAC in Enhanced aacPlus the fade-out in the frequency domain 
similar to DRM [3GP12e, section 5.1], Concealment works on the spectral data just before 
the final frequency to time conversion. If multiple frames are corrupted, concealment 
implements first a fadeout based on slightly modified spectral values from the last good 
frame. A complete fading out takes 5 frames. The spectral coefficients from the last good 

20 frame are copied and attenuated by a factor of: 

fadeOut Fac = 2-^nFade0utFrame^ 

with nFadeOutFrame as frame counter since the last good frame. After five frames of 

25 fading out the concealment switches to muting, that means the complete spectrum will be 
set to 0. 

Lauber and Sperschneider introduce for AAC a frame-wise fade-out of the MDCT 
spectrum, based on energy extrapolation [LS01, section 4.4], Energy shapes of a 

30 preceding spectrum might be used to extrapolate the shape of an estimated spectrum. 

Energy extrapolation can be performed independent of the concealment techniques as a 
kind of post concealment. 

Regarding AAC, the energy calculation is performed on a scale factor band basis in order 

35 to be close to the critical bands of the human auditory system. The individual energy 

values are decreased on a frame by frame basis in order to reduce the volume smoothly, 
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e.g., to fade out the signal. This becomes necessary since the probability, that the 
estimated values represent the current signal, decreases rapidly over time. 

For the generation of the spectrum to be fed out they suggest frame repetition or noise 
5 substitution [LS01, sections 3.2 and 3.3]. 

Quackenbusch and Driesen suggest for AAC an exponential frame-wise fade-out to zero 

[QD03]. A repetition of adjacent set of time/frequency coefficients is proposed, wherein 
each repetition has exponentially increasing attenuation, thus fading gradually to mute in 

10 the case of extended outages. 

Regarding SBR (SBR = Spectral Band Replication) in MPEG-4 HE-AAC, 3GPP suggests 
for SBR in Enhanced aacPlus to buffer the decoded envelope data and, in case of a frame 
loss, to reuse the buffered energies of the transmitted envelope data and to decrease 

15 them by a constant ratio of 3 dB for every concealed frame. The result is fed into the 
normal decoding process where the envelope adjuster uses it to calculate the gains, used 
for adjusting the patched highbands created by the HF generator. SBR decoding then 
takes place as usual. Moreover, the delta coded noise floor and sine level values are 
being deleted. As no difference to the previous information remains available, the 

20 decoded noise floor and sine levels remain proportional to the energy of the HF generated 
signal [3GP12e, section 5.2], 

The DRM consortium specified for SBR in conjunction with AAC the same technique as 
3GPP [EBU12, section 5.6.3.1]. Moreover, The DAB consortium specifies for SBR in 

25 DAB+ the same technique as 3GPP [EBU10, section A2], 

In the following, MPEG-4 CELP and MPEG-4 HVXC (HVXC = Harmonic Vector Excitation 
Coding) are considered. The DRM consortium specifies for SBR in conjunction with CELP 
and HVXC [EBU12, section 5.6.3.2] that the minimum requirement concealment for SBR 

30 for the speech codecs is to apply a predetermined set of data values, whenever a 
corrupted SBR frame has been detected. Those values yield a static highband spectral 
envelope at a low relative playback level, exhibiting a roll-off towards the higher 
frequencies. The objective is simply to ensure that no ill-behaved, potentially loud, audio 
bursts reach the listner's ears, by means of inserting "comfort noise" (as opposed to strict 

35 muting). This is in fact no real fade-out but rather a jump to a certain energy level in order 

to insert some kind of comfort noise. 
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Subsequently, an alternative is mentioned [EBU12, section 5.6.3.2] which reuses the last 
correctly decoded data and slowly fading the levels (L) towards 0, analogously to the 
AAC + SBR case. 

5 Now, MPEG-4 HILN is considered (HILN = Harmonic and Individual Lines plus Noise). 
Meine et al. introduce a fade-out for the parametric MPEG-4 HILN codec [IS009] in a 
parametric domain [MEP01]. For continued harmonic components a good default behavior 

for replacing corrupted differentially encoded parameters is to keep the frequency 
constant, to reduce the amplitude by an attenuation factor (e.g., -6 dB), and to let the 

10 spectral envelope converge towards that of the averaged low-pass characteristic. An 
alternative for the spectral envelope would be to keep it unchanged. With respect to 
amplitudes and spectral envelopes, noise components can be treated the same way as 
harmonic components. 

15 In the following, tracing of the background noise level in the prior art is considered. 
Rangachari and Loizou [RL06] provide a good overview of several methods and discuss 
some of their limitations. Methods for tracing the background noise level are, e.g., 
minimum tracking procedure [RL06] [Coh03] [SFB00] [Dob95], VAD based (VAD = voice 
activity detection); Kalman filtering [Gan05] [BJH06], subspace decompositions [BP06] 

20 [HJH08]; Soft Decision [SS98] [MPC89] [HE95], and minimum statistics. 

The minimum statistics approach was chosen to be used within the scope for USAC-2, 
(USAC = Unified Speech and Audio Coding) and is subsequently outlined in more detail. 

25 Noise power spectral density estimation based on optimal smoothing and minimum 
statistics [Mar01] introduces a noise estimator, which is capable of working independently 
of the signal being active speech or background noise. In contrast to other methods, the 
minimum statistics algorithm does not use any explicit threshold to distinguish between 
speech activity and speech pause and is therefore more closely related to soft-decision 

30 methods than to the traditional voice activity detection methods. Similar to soft-decision 
methods, it can also update the estimated noise PSD (Power Spectral Density) during 

speech activity. 

The minimum statistics method rests on two observations namely that the speech and the 

35 noise are usually statistically independent and that the power of a noisy speech signal 

frequently decays to the power level of the noise. It is therefore possible to derive an 

accurate noise PSD (PSD = power spectral density) estimate by tracking the minimum of 
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the noisy signal PSD. Since the minimum is smaller than (or in other cases equal to) the 
average value, the minimum tracking method requires a bias compensation. 

The bias is a function of the variance of the smoothed signal PSD and as such depends 
5 on the smoothing parameter of the PSD estimator. In contrast to earlier work on minimum 

tracking, which utilizes a constant smoothing parameter and a constant minimum bias 
correction, a time and frequency dependent PSD smoothing is used, which also requires a 
time and frequency dependent bias compensation. 

10 Using minimum tracking provides a rough estimate of the noise power. However, there 
are some shortcomings. The smoothing with a fixed smoothing parameter widens the 
peaks of speech activity of the smoothed PSD estimate. This will lead to inaccurate noise 
estimates as the sliding window for the minimum search might slip into broad peaks. 
Thus, smoothing parameters close to one cannot be used, and, as a consequence, the 

15 noise estimate will have a relatively large variance. Moreover, the noise estimate is biased 
toward lower values. Furthermore, in case of increasing noise power, the minimum 
tracking lags behind. 

MMSE based noise PSD tracking with low complexity [HHJ10] introduces a background 

20 noise PSD approach utilizing an MMSE search used on a DFT (Discrete Fourier 
Transform) spectrum. The algorithm consists of these processing steps: 

The maximum likelihood estimator is computed based on the noise PSD of the 

previous frame. 
25 

The minimum mean square estimator is computed. 

The maximum likelihood estimator is estimated using the decision-directed 
approach [EM84], 

30 
The inverse bias factor is computed assuming that speech and noise DFT 
coefficients are Gaussian distributed. 

The estimated noise power spectral density is smoothed. 
35 

There is also a safety-net approach applied in order to avoid a complete dead lock of the 
algorithm. 
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Tracking of non-stationary noise based on data-driven recursive noise power estimation 
[EH08] introduces a method for the estimation of the noise spectral variance from speech 
signals contaminated by highly non-stationary noise sources. This method is also using 
smoothing in time/frequency direction. 

5 

A low-complexity noise estimation algorithm based on smoothing of noise power 
estimation and estimation bias correction [Yu09] enhances the approach introduced in 

[EH08J. The main difference is, that the spectral gain function for noise power estimation 
is found by an iterative data-driven method. 

10 
Statistical methods for the enhancement of noisy speech [Mar03] combine the minimum 
statistics approach given in [Mar01] by soft-decision gain modification [MCA99], by an 
estimation of the a-priori SNR [MCA99], by an adaptive gain limiting [MC99] and by a 
MMSE log spectral amplitude estimator [EM85], 

15 
Fade out is of particular interest for a plurality of speech and audio codecs, in particular, 
AMR (see [3GP12bJ) (including ACELP and CNG), AMR-WB (see [3GP09c]) (including 
ACELP and CNG), AMR-WB+ (see [3GP09a]) (including ACELP, TCX and CNG), G.718 
(see [ITU08a]), G.719 (see [ITU08b]), G.722 (see [ITU07]), G.722.1 (see [ITU05]), G.729 

20 (see [ITU12, CPK08, PKJ+11]), MPEG-4 HE-AAC / Enhanced aacPlus (see [EBU10, 
EBU12, 3GP12e, LS01, QD03]) (including AAC and SBR), MPEG-4 HILN (see [IS009, 
MEP01]) and OPUS (see [IET12]) (including SILK and CELT). 

Depending on the codec, fade-out is performed in different domains: 

25 
For codecs that utilize LPC, the fade-out is performed in the linear predictive domain (also 
known as the excitation domain). This holds true for codecs which are based on ACELP, 
e.g., AMR, AMR-WB, the ACELP core of AMR-WB+, G.718, G.729, G.729.1, the SILK 
core in OPUS; codecs which further process the excitation signal using a time-frequency 

30 transformation, e.g., the TCX core of AMR-WB+, the CELT core in OPUS; and for comfort 
noise generation (CNG) schemes, that operate in the linear predictive domain, e.g., CNG 
in AMR, CNG in AMR-WB, CNG in AMR-WB+. 

For codecs that directly transform the time signal into the frequency domain, the fade-out 

35 is performed in the spectral / subband domain. This holds true for codecs which are based 

on MDCT or a similar transformation, such as AAC in MPEG-4 HE-AAC, G.719, G.722 

(subband domain) and G.722.1. 
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For parametric codecs, fade-out is applied in the parametric domain. This holds true for 
MPEG-4 HILN. 

Regarding fade-out speed and fade-out curve, a fade-out is commonly realized by the 

5 application of an attenuation factor, which is applied to the signal representation in the 
appropriate domain. The size of the attenuation factor controls the fade-out speed and the 
fade-out curve. In most cases the attenuation factor is applied frame wise, but also a 
sample wise application is utilized see, e.g., G.718 and G.722. 

10 The attenuation factor for a certain signal segment might be provided in two manners, 

absolute and relative. 

In the case where an attenuation factor is provided absolutely, the reference level is 
always the one of the last received frame. Absolute attenuation factors usually start with a 

15 value close to 1 for the signal segment immediately after the last good frame and then 

degrade faster or slower towards 0. The fade-out curve directly depends on these factors. 
This is, e.g., the case for the concealment described in Appendix IV of G.722 (see, in 
particular, [ITU07, figure IV.7]), where the possible fade-out curves are linear or gradually 
linear. Considering a gain factor g(n), whereas g(0) represents the gain factor of the last 

20 good frame, an absolute attenuation factor aa6s(n), the gain factor of any subsequent lost 

frame can be derived as 

g(n) = aabs(7i) • g(0) (21) 

25 In the case where an attenuation factor is provided relatively, the reference level is the 
one from the previous frame. This has advantages in the case of a recursive concealment 
procedure, e.g., if the already attenuated signal is further processed and attenuated again. 

If an attenuation factor is recursively applied, then this might be a fixed value independent 
30 of the number of consecutively lost frames, e.g., 0.5 for G.719 (see above); a fixed value 

relative to the number of consecutively lost frames, e.g., as proposed for G.729 in 
[CPK08]: 1.0 for the first two frames, 0.9 for the next two frames, 0.8 for the frames 5 and 

6, and 0 for all subsequent frames (see above); or a value which is relative to the number 

of consecutively lost frames and which depends on signal characteristics, e.g., a faster 

35 fade-out for an instable signal and a slower fade-out for a stable signal, e.g., G.718 (see 

section above and [ITU08a, table 44]); 
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Assuming a relative fade-out factor 0 s arei(n) £ 1, whereas n is the number of the lost 
frame (n > 1); the gain factor of any subsequent frame can be derived as 

g(n) = otrei(n) • g(n - !) (22) 
5 

= (n a(TO)) • 5(0) 
\m=l / (23) 

g(n) = o%ei • g(0) (24) 

10 resulting in an exponential fading. 

Regarding the fade-out procedure, usually, the attenuation factor is specified, but in some 
application standards (DRM, DAB+) the latter is left to the manufacturer. 

15 If different signal parts are faded separately, different attenuation factors might be applied, 
e.g., to fade tonal components with a certain speed and noise-like components with 

another speed (e.g., AMR, SILK). 

Usually, a certain gain is applied to the whole frame. When the fading is performed in the 
20 spectral domain, this is the only way possible. However, if the fading is done in the time 

domain or the linear predictive domain, a more granular fading is possible. Such more 
granular fading is applied in G.718, where individual gain factors are derived for each 
sample by linear interpolation between the gain factor of the last frame and the gain factor 
of the current frame. 

25 
For codecs with a variable frame duration, a constant, relative attenuation factor leads to a 
different fade-out speed depending on the frame duration. This is, e.g., the case for AAC, 
where the frame duration depends on the sampling rate. 

30 To adopt the applied fading curve to the temporal shape of the last received signal, the 

(static) fade-out factors might be further adjusted. Such further dynamic adjustment is, 

e.g., applied for AMR where the median of the previous five gain factors is taken into 
account (see [3GP12b] and section 1.8.1). Before any attenuation is performed, the 

current gain is set to the median, if the median is smaller than the last gain, otherwise the 

35 last gain is used. Moreover, such further dynamic adjustment is, e.g., applied for G729, 

where the amplitude is predicted using linear regression of the previous gain factors (see 
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[CPK08, PKJ+11] and section 1.6). In this case, the resulting gain factor for the first 
concealed frames might exceed the gain factor of the last received frame. 

Regarding the target level of the fade-out, with the exception of G.718 and CELT, the 
5 target level is 0 for all analyzed codecs, including those codecs' comfort noise generation 

(CNG). 

In G.718, fading of the pitch excitation (representing tonal components) and fading of the 
random excitation (representing noise-like components) is performed separately. While 

10 the pitch gain factor is faded to zero, the innovation gain factor is faded to the CNG 
excitation energy. 

Assuming that relative attenuation factors are given, this leads - based on formula (23) - to 
the following absolute attenuation factor: 

15 
g{n) = (*rei (n) • g(n - 1) + (1 - arei(n)) • gn (25) 

with gn being the gain of the excitation used during the comfort noise generation. This 
formula corresponds to formula (23), when g„ = 0. 

20 
G.718 performs no fade-out in the case of DTX/CNG. 

In CELT there is no fading towards the target level, but after 5 frames of tonal 
concealment (including a fade-out) the level is instantly switched to the target level at the 

25 6th consecutively lost frame. The level is derived band wise using formula (19). 

Regarding the target spectral shape of the fade-out, all analyzed pure transform based 
codecs (AAC, G.719, G.722, G.722.1) as well as SBR simply prolong the spectral shape 

of the last good frame during the fade-out. 
30 

Various speech codecs fade the spectral shape to a mean using the LPC synthesis. The 

mean might be static (AMR) or adaptive (AMR-WB, AMR-WB+, G.718), whereas the latter 

is derived from a static mean and a short term mean (derived by averaging the last n LP 

coefficient sets) (LP = Linear Prediction). 

35 

All CNG modules in the discussed codecs AMR, AMR-WB, AMR-WB+, G.718 prolong the 

spectral shape of the last good frame during the fade-out. 
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Regarding background noise level tracing, there are five different approaches known from 
the literature: 

5 - Voice Activity Detector based: based on SNR/VAD, but very difficult to tune and 
hard to use for low SNR speech. 

Soft-decision scheme: The soft-decision approach takes the probability of speech 
presence into account [SS98] [MPC89] [HE95]. 

Minimum statistics: The minimum of the PSD is tracked holding a certain amount 
of values over time in a buffer, thus enabling to find the minimal noise from the 
past samples [Mar01] [HHJ10] [EH08] [Yu09], 

Kalman Filtering: The algorithm uses a series of measurements observed over 
time, containing noise (random variations), and produces estimates of the noise 
PSD that tend to be more precise than those based on a single measurement 
alone. The Kalman filter operates recursively on streams of noisy input data to 
produce a statistically optimal estimate of the system state [Gan05] [BJH06], 

Subspace Decomposition: This approach tries to decompose a noise like signal 
into a clean speech signal and a noise part, utilizing for example the KLT 
(Karhunen-Loeve transform, also known as principal component analysis) and/or 
the DFT (Discrete Time Fourier Transform). Then the eigenvectors/eigenvalues 
can be traced using an arbitrary smoothing algorithm [BP06] [HJH08], 

The object of the present invention is to provide improved concepts for audio coding 
systems. The object of the present invention is solved by an apparatus according to claim 
1, by a method according to claim 12 and by a computer program according to claim 13. 

30 
An apparatus for decoding an encoded audio signal to obtain a reconstructed audio signal 
is provided. The apparatus comprises a receiving interface for receiving one or more 

frames, a coefficient generator, and a signal reconstructor. The coefficient generator is 

configured to determine, if a current frame of the one or more frames is received by the 
35 receiving interface and if the current frame being received by the receiving interface is not 

corrupted, one or more first audio signal coefficients, being comprised by the current 
frame, wherein said one or more first audio signal coefficients indicate a characteristic of 
the encoded audio signal, and one or more noise coefficients indicating a background 

15 

20 

25 
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noise of the encoded audio signal. Moreover, the coefficient generator is configured to 
generate one or more second audio signai coefficients, depending on the one or more first 
audio signal coefficients and depending on the one or more noise coefficients, if the 
current frame is not received by the receiving interface or if the current frame being 

5 received by the receiving interface is corrupted. The audio signal reconstructor is 
configured to reconstruct a first portion of the reconstructed audio signai depending on the 
one or more first audio signai coefficients, if the current frame is received by the receiving 
interface and if the current frame being received by the receiving interface is not 
corrupted. Moreover, the audio signal reconstructor is configured to reconstruct a second 

10 portion of the reconstructed audio signal depending on the one or more second audio 
signal coefficients, if the current frame is not received by the receiving interface or if the 
current frame being received by the receiving interface is corrupted. 

In some embodiments, the one or more first audio signal coefficients may, e.g., be one or 
15 more linear predictive filter coefficients of the encoded audio signal. In some 

embodiments, the one or more first audio signal coefficients may, e.g., be one or more 
linear predictive filter coefficients of the encoded audio signal. 

According to an embodiment, the one or more noise coefficients may, e.g., be one or 
20 more linear predictive filter coefficients indicating the background noise of the encoded 

audio signal. In an embodiment, the one or more linear predictive filter coefficients may, 
e.g., represent a spectral shape of the background noise. 

In an embodiment, the coefficient generator may, e.g., be configured to determine the one 
25 or more second audio signal portions such that the one or more second audio signal 

portions are one or more linear predictive filter coefficients of the reconstructed audio 
signal, or such that the one or more first audio signal coefficients are one or more 
immittance spectral pairs of the reconstructed audio signal. 

30 According to an embodiment, the coefficient generator may, e.g., be configured to 
generate the one or more second audio signal coefficients by applying the formula: 

/current [2] — Gk • flast + (1 Oc) * pt-raecm [?*] 

35 wherein fcumnh0 indicates one of the one or more second audio signal coefficients, 
wherein fia$tli] indicates one of the one or more first audio signal coefficients, wherein 
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pimean[i\ is one of the one or more noise coefficients, wherein a is a real number with 0 £ a 
£ 1, and wherein i is an index. In an embodiment, 0 < a < 1. 

According to an embodiment, fiast[i\ indicates a linear predictive filter coefficient of the 
5 encoded audio signal, and wherein fCUrrent[i] indicates a linear predictive filter coefficient of 

the reconstructed audio signal. 

In an embodiment, pimea„\i} may, e.g., indicate the background noise of the encoded audio 

signal. 
10 

In an embodiment, the coefficient generator may, e.g., be configured to determine, if the 
current frame of the one or more frames is received by the receiving interface and if the 
current frame being received by the receiving interface is not corrupted, the one or more 
noise coefficients by determining a noise spectrum of the encoded audio signal. 

15 
According to an embodiment, the coefficient generator may, e.g., be configured to 
determine LPC coefficients representing background noise by using a minimum statistics 
approach on the signal spectrum to determine a background noise spectrum and by 
calculating the LPC coefficients representing the background noise shape from the 

20 background noise spectrum. 

Moreover, a method for decoding an encoded audio signal to obtain a reconstructed audio 

signal is provided. The method comprises: 

25 - Receiving one or more frames. 

Determining, if a current frame of the one or more frames is received and if the 
current frame being received is not corrupted, one or more first audio signal 
coefficients, being comprised by the current frame, wherein said one or more first 

30 audio signal coefficients indicate a characteristic of the encoded audio signal, and 
one or more noise coefficients indicating a background noise of the encoded audio 
signal. 

Generating one or more second audio signal coefficients, depending on the one or 

35 more first audio signal coefficients and depending on the one or more noise 

coefficients, if the current frame is not received or if the current frame being 
received is corrupted. 
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Reconstructing a first portion of the reconstructed audio signal depending on the 
one or more first audio signal coefficients, if the current frame is received and if the 
current frame being received is not corrupted. And: 

5 - Reconstructing a second portion of the reconstructed audio signal depending on 
the one or more second audio signal coefficients, if the current frame is not 
received or if the current frame being received is corrupted. 

Moreover, a computer program for implementing the above-described method when being 
10 executed on a computer or signal processor is provided. 

Having common means to trace and apply the spectral shape of comfort noise during fade 
out has several advantages. By tracing and applying the spectral shape such that it can 
be done similarly for both core codecs allows for a simple common approach. CELT 

15 teaches only the band wise tracing of energies in the spectral domain and the band wise 
forming of the spectral shape in the spectral domain, which is not possible for the CELP 
core. 

In contrast, in the prior art, the spectral shape of the comfort noise introduced during burst 
20 losses is either fully static, or partly static and partly adaptive to the short term mean of the 

spectral shape (as realized in G.718 [ITU08a]), and will usually not match the background 
noise in the signal before the packet loss. This mismatch of the comfort noise 
characteristics might be disturbing. According to the prior art, an offline trained (static) 
background noise shape may be employed that may be sound pleasant for particular 

25 signals, but less pleasant for others, e.g., car noise sounds totally different to office noise. 

Moreover, in the prior art, an adaptation to the short term mean of the spectral shape of 
the previously received frames may be employed which might bring the signal 
characteristics closer to the signal received before, but not necessarily to the background 

30 noise characteristics. In the prior art, tracing the spectral shape band wise in the spectral 
domain (as realized in CELT [SET 12]) is not applicable for a switched codec using not only 
an MDCT domain based core (TCX) but also an ACELP based core. The above-

mentioned embodiments are thus advantageous over the prior art. 

35 Moreover, an apparatus for decoding an audio signal is provided. 

The apparatus comprises a receiving interface. The receiving interface is configured to 

receive a plurality of frames, wherein the receiving interface is configured to receive a first 
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frame of the plurality of frames, said first frame comprising a first audio signal portion of 
the audio signal, said first audio signal portion being represented in a first domain, and 
wherein the receiving interface is configured to receive a second frame of the plurality of 

frames, said second frame comprising a second audio signal portion of the audio signal. 
5 

Moreover, the apparatus comprises a transform unit for transforming the second audio 
signal portion or a value or signal derived from the second audio signal portion from a 
second domain to a tracing domain to obtain a second signal portion information, wherein 
the second domain is different from the first domain, wherein the tracing domain is 

10 different from the second domain, and wherein the tracing domain is equal to or different 
from the first domain. 

Furthermore, the apparatus comprises a noise level tracing unit, wherein the noise level 
tracing unit is configured to receive a first signal portion information being represented in 

15 the tracing domain, wherein the first signal portion information depends on the first audio 
signal portion. The noise level tracing unit is configured to receive the second signal 
portion being represented in the tracing domain, and wherein the noise level tracing unit is 
configured to determine noise level information depending on the first signal portion 
information being represented in the tracing domain and depending on the second signal 

20 portion information being represented in the tracing domain. 

Moreover, the apparatus comprises a reconstruction unit for reconstructing a third audio 
signal portion of the audio signal depending on the noise level information, if a third frame 
of the plurality of frames is not received by the receiving interface but is corrupted. 

25 
An audio signal may, for example, be a speech signal, or a music signal, or signal that 

comprises speech and music, etc. 

The statement that the first signal portion information depends on the first audio signal 

30 portion means that the first signal portion information either is the first audio signal portion, 
or that the first signal portion information has been obtained/generated depending on the 
first audio signal portion or in some other way depends on the first audio signal portion. 
For example, the first audio signal portion may have been transformed from one domain 

to another domain to obtain the first signal portion information. 
35 

Likewise, a statement that the second signal portion information depends on a second 

audio signal portion means that the second signal portion information either is the second 

audio signal portion, or that the second signal portion information has been 
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obtained/generated depending on the second audio signal portion or in some other way 
depends on the second audio signal portion. For example, the second audio signal portion 
may have been transformed from one domain to another domain to obtain second signal 

portion information. 
5 

In an embodiment, the first audio signal portion may, e.g., be represented in a time 
domain as the first domain. Moreover, transform unit may, e.g., be configured to transform 
the second audio signal portion or the value derived from the second audio signal portion 
from an excitation domain being the second domain to the time domain being the tracing 

10 domain. Furthermore, the noise level tracing unit may, e.g., be configured to receive the 
first signal portion information being represented in the time domain as the tracing 
domain. Moreover, the noise level tracing unit may, e.g., be configured to receive the 
second signal portion being represented in the time domain as the tracing domain. 

15 According to an embodiment, the first audio signal portion may, e.g., be represented in an 
excitation domain as the first domain. Moreover, the transform unit may, e.g., be 
configured to transform the second audio signal portion or the value derived from the 
second audio signal portion from a time domain being the second domain to the excitation 
domain being the tracing domain. Furthermore, the noise level tracing unit may, e.g., be 

20 configured to receive the first signal portion information being represented in the excitation 
domain as the tracing domain. Moreover, the noise level tracing unit may, e.g., be 
configured to receive the second signal portion being represented in the excitation domain 

as the tracing domain. 

25 In an embodiment, the first audio signal portion may, e.g., be represented in an excitation 
domain as the first domain, wherein the noise level tracing unit may, e.g., be configured to 
receive the first signal portion information, wherein said first signal portion information is 
represented in the FFT domain, being the tracing domain, and wherein said first signal 
portion information depends on said first audio signal portion being represented in the 

30 excitation domain, wherein the transform unit may, e.g., be configured to transform the 
second audio signal portion or the value derived from the second audio signal portion from 
a time domain being the second domain to an FFT domain being the tracing domain, and 

wherein the noise level tracing unit may, e.g., be configured to receive the second audio 

signal portion being represented in the FFT domain. 
35 

In an embodiment, the apparatus may, e.g., further comprise a first aggregation unit for 

determining a first aggregated value depending on the first audio signal portion. Moreover, 

the apparatus may, e.g., further comprise a second aggregation unit for determining, 
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depending on the second audio signal portion, a second aggregated value as the value 
derived from the second audio signal portion. Furthermore, the noise level tracing unit 
may, e.g., be configured to receive the first aggregated value as the first signal portion 

information being represented in the tracing domain, wherein the noise level tracing unit 
5 may, e.g., be configured to receive the second aggregated value as the second signal 

portion information being represented in the tracing domain, and wherein the noise level 
tracing unit may, e.g., be configured to determine noise level information depending on 

the first aggregated value being represented in the tracing domain and depending on the 
second aggregated value being represented in the tracing domain. 

10 
According to an embodiment, the first aggregation unit may, e.g., be configured to 
determine the first aggregated value such that the first aggregated value indicates a root 
mean square of the first audio signal portion or of a signal derived from the first audio 
signal portion. Moreover, the second aggregation unit may, e.g., be configured to 

15 determine the second aggregated value such that the second aggregated value indicates 
a root mean square of the second audio signal portion or of a signal derived from the 
second audio signal portion. 

In an embodiment, the transform unit may, e.g., be configured to transform the value 

20 derived from the second audio signal portion from the second domain to the tracing 
domain by applying a gain value on the value derived from the second audio signal 
portion. 

According to embodiments, the gain value may, e.g., indicate a gain introduced by Linear 
25 predictive coding synthesis, or the gain value may, e.g., indicate a gain introduced by 

Linear predictive coding synthesis and deemphasis. 

In an embodiment, the noise level tracing unit may, e.g., be configured to determine noise 
level information by applying a minimum statistics approach. 

30 
According to an embodiment, the noise level tracing unit may, e.g., be configured to 

determine a comfort noise level as the noise level information. The reconstruction unit 

may, e.g., be configured to reconstruct the third audio signal portion depending on the 

noise level information, if said third frame of the plurality of frames is not received by the 
35 receiving interface or if said third frame is received by the receiving interface but is 

corrupted. 
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In an embodiment, the noise level tracing unit may, e.g., be configured to determine a 
comfort noise level as the noise level information derived from a noise level spectrum, 
wherein said noise level spectrum is obtained by applying the minimum statistics 
approach. The reconstruction unit may, e.g., be configured to reconstruct the third audio 

5 signal portion depending on a plurality of Linear Predictive coefficients, if said third frame 
of the plurality of frames is not received by the receiving interface or if said third frame is 
received by the receiving interface but is corrupted. 

According to another embodiment, the noise level tracing unit may, e.g., be configured to 
10 determine a plurality of Linear Predictive coefficients indicating a comfort noise level as 

the noise level information, and the reconstruction unit may, e.g., be configured to 
reconstruct the third audio signal portion depending on the plurality of Linear Predictive 
coefficients. 

15 In an embodiment, the noise level tracing unit is configured to determine a plurality of FFT 
coefficients indicating a comfort noise level as the noise level information, and the first 
reconstruction unit is configured to reconstruct the third audio signal portion depending on 
a comfort noise level derived from said FFT coefficients, if said third frame of the plurality 
of frames is not received by the receiving interface or if said third frame is received by the 

20 receiving interface but is corrupted. 

In an embodiment, the reconstruction unit may, e.g., be configured to reconstruct the third 
audio signal portion depending on the noise level information and depending on the first 
audio signal portion, if said third frame of the plurality of frames is not received by the 

25 receiving interface or if said third frame is received by the receiving interface but is 
corrupted. 

According to an embodiment, the reconstruction unit may, e.g., be configured to 
reconstruct the third audio signal portion by attenuating or amplifying a signal derived from 

30 the first or the second audio signal portion. 

In an embodiment, the apparatus may, e.g., further comprise a long-term prediction unit 

comprising a delay buffer. Moreover, the long-term prediction unit may, e.g., be configured 

to generate a processed signal depending on the first or the second audio signal portion, 

35 depending on a delay buffer input being stored in the delay buffer and depending on a 

long-term prediction gain. Furthermore, the long-term prediction unit may, e.g., be 

configured to fade the long-term prediction gain towards zero , if said third frame of the 
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plurality of frames is not received by the receiving interface or if said third frame is 
received by the receiving interface but is corrupted. 

According to an embodiment, the long-term prediction unit may, e.g., be configured to 
5 fade the long-term prediction gain towards zero, wherein a speed with which the long-term 

prediction gain is faded to zero depends on a fade-out factor. 

In an embodiment, the long-term prediction unit may, e.g., be configured to update the 

delay buffer input by storing the generated processed signal in the delay buffer, if said 
10 third frame of the plurality of frames is not received by the receiving interface or if said 

third frame is received by the receiving interface but is corrupted. 

According to an embodiment, the transform unit may, e.g., be a first transform unit, and 
the reconstruction unit is a first reconstruction unit. The apparatus further comprises a 

15 second transform unit and a second reconstruction unit. The second transform unit may, 
e.g., be configured to transform the noise level information from the tracing domain to the 
second domain, if a fourth frame of the plurality of frames is not received by the receiving 
interface or if said fourth frame is received by the receiving interface but is corrupted. 
Moreover, the second reconstruction unit may, e.g., be configured to reconstruct a fourth 

20 audio signal portion of the audio signal depending on the noise level information being 
represented in the second domain if said fourth frame of the plurality of frames is not 
received by the receiving interface or if said fourth frame is received by the receiving 
interface but is corrupted. 

25 In an embodiment, the second reconstruction unit may, e.g., be configured to reconstruct 
the fourth audio signal portion depending on the noise level information and depending on 
the second audio signal portion. 

According to an embodiment, the second reconstruction unit may, e.g., be configured to 
30 reconstruct the fourth audio signal portion by attenuating or amplifying a signal derived 

from the first or the second audio signal portion. 

Moreover, a method for decoding an audio signal is provided. 

35 The method comprises: 
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Receiving a first frame of a plurality of frames, said first frame comprising a first 
audio signal portion of the audio signal, said first audio signal portion being 
represented in a first domain. 

5 - Receiving a second frame of the plurality of frames, said second frame comprising 
a second audio signal portion of the audio signal. 

Transforming the second audio signal portion or a value or signal derived from the 
second audio signal portion from a second domain to a tracing domain to obtain a 

10 second signal portion information, wherein the second domain is different from the 
first domain, wherein the tracing domain is different from the second domain, and 
wherein the tracing domain is equal to or different from the first domain. 

Determining noise level information depending on first signal portion information, 
15 being represented in the tracing domain, and depending on the second signal 

portion information being represented in the tracing domain, wherein the first signal 
portion information depends on the first audio signal portion. And: 

Reconstructing a third audio signal portion of the audio signal depending on the 
20 noise level information being represented in the tracing domain, if a third frame of 

the plurality of frames is not received of if said third frame is received but is 
corrupted. 

Furthermore, a computer program for implementing the above-described method when 
25 being executed on a computer or signal processor is provided. 

Some of embodiments of the present invention provide a time varying smoothing 
parameter such that the tracking capabilities of the smoothed periodogram and its 
variance are better balanced, to develop an algorithm for bias compensation, and to 

30 speed up the noise tracking in general. 

Embodiments of the present invention are based on the finding that with regard to the 

fade-out, the following parameters are of interest: The fade-out domain; the fade-out 

speed, or, more general, fade-out curve; the target level of the fade-out; the target 

35 spectral shape of the fade-out; and/or the background noise level tracing. In this context, 

embodiments are based on the finding that the prior art has significant drawbacks. 
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An apparatus and method for improved signal fade out for switched audio coding systems 
during error concealment is provided. 

Moreover, a computer program for implementing the above-described method when being 
5 executed on a computer or signal processor is provided. 

Embodiments realize a fade-out to comfort noise level. According to embodiments, a 
common comfort noise level tracing in the excitation domain is realized. The comfort noise 
level being targeted during burst packet loss will be the same, regardless of the core 

10 coder (ACELP/TCX) in use, and it will always be up to date. There is no prior art known, 
where a common noise level tracing is necessary. Embodiments provide the fading of a 
switched codec to a comfort noise like signal during burst packet losses. 

Moreover, embodiments realize that the overall complexity will be lower compared to 
15 having two independent noise level tracing modules, since functions (PROM) and memory 

can be shared. 

In embodiments, the level derivation in the excitation domain (compared to the level 
derivation in the time domain) provides more minima during active speech, since part of 

20 the speech information is covered by the LP coefficients. 

In the case of ACELP, according to embodiments, the level derivation takes place in the 
excitation domain. In the case of TCX, in embodiments, the level is derived in the time 
domain, and the gain of the LPC synthesis and de-emphasis is applied as a correction 

25 factor in order to model the energy level in the excitation domain. Tracing the level in the 
excitation domain, e.g., before the FDNS, would theoretically also be possible, but the 
level compensation between the TCX excitation domain and the ACELP excitation domain 
is deemed to be rather complex. 

30 No prior art incorporates such a common background level tracing in different domains. 
The prior art techniques do not have such a common comfort noise level tracing, e.g., in 
the excitation domain, in a switched codec system. Thus, embodiments are advantageous 
over the prior art, as for the prior art techniques, the comfort noise level that is targeted 
during burst packet losses may be different, depending on the preceding coding mode 

35 (ACELP/TCX), where the level was traced; as in the prior art, tracing which is separate for 
each coding mode will cause unnecessary overhead and additional computational 
complexity; and as in the prior art, no up-to-date comfort noise level might be available in 
either core due to recent switching to this core. 
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According to some embodiments, level tracing is conducted in the excitation domain, but 
TCX fade-out is conducted in the time domain. By fading in the time domain, failures of 
the TDAC are avoided, which would cause aliasing. This becomes of particular interest 

5 when tonal signal components are concealed. Moreover, level conversion between the 

ACELP excitation domain and the MDCT spectral domain is avoided and thus, e.g., 
computation resources are saved. Because of switching between the excitation domain 
and the time domain, a level adjustment is required between the excitation domain and 

the time domain. This is resolved by the derivation of the gain that would be introduced by 
10 the LPC synthesis and the preemphasis and to use this gain as a correction factor to 

convert the level between the two domains. 

In contrast, prior art techniques do not conduct level tracing in the excitation domain and 
TCX Fade-Out in the Time Domain. Regarding state of the art transform based codecs, 

15 the attenuation factor is applied either in the excitation domain (for time-domain/ACELP 
like concealment approaches, see [3GP09a]) or in the frequency domain (for frequency 
domain approaches like frame repetition or noise substitution, see [LS01]). A drawback of 
the approach of the prior art to apply the attenuation factor in the frequency domain is that 
aliasing will be caused in the overlap-add region in the time domain. This will be the case 

20 for adjacent frames to which different attenuation factors are applied, because the fading 
procedure causes the TDAC (time domain alias cancellation) to fail. This is particularly 
relevant when tonal signal components are concealed. The above-mentioned 
embodiments are thus advantageous over the prior art. 

25 Embodiments compensate the influence of the high pass filter on the LPC synthesis gain. 
According to embodiments, to compensate for the unwanted gain change of the LPC 
analysis and emphasis caused by the high pass filtered unvoiced excitation, a correction 
factor is derived. This correction factor takes this unwanted gain change into account and 
modifies the target comfort noise level in the excitation domain such that the correct target 

30 level is reached in the time domain. 

In contrast, the prior art, for example, G.718 [ITU08a], introduces a high pass filter into the 

signal path of the unvoiced excitation, as depicted in Fig. 2, if the signal of the last good 

frame was not classified as UNVOICED. By this, the prior art techniques cause unwanted 

35 side effects, since the gain of the subsequent LPC synthesis depends on the signal 

characteristics, which are altered by this high pass filter. Since the background level is 

traced and applied in the excitation domain, the algorithm relies on the LPC synthesis 
gain, which in return again depends on the characteristics of the excitation signal. In other 
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words: The modification of the signal characteristics of the excitation due to the high pass 
filtering, as conducted by the prior art, might lead to a modified (usually reduced) gain of 
the LPC synthesis. This leads to a wrong output level even though the excitation level is 
correct. 

5 
Embodiments overcome these disadvantages of the prior art. 

In particular, embodiments realize an adaptive spectral shape of comfort noise. In contrast 
to G.718, by tracing the spectral shape of the background noise, and by applying (fading 

10 to) this shape during burst packet losses, the noise characteristic of preceding 
background noise will be matched, leading to a pleasant noise characteristic of the 
comfort noise. This avoids obtrusive mismatches of the spectral shape that may be 
introduced by using a spectral envelope which was derived by offline training and/or the 
spectral shape of the last received frames. 

15 
Moreover, an apparatus for decoding an audio signal is provided. The apparatus 
comprises a receiving interface , wherein the receiving interface is configured to receive a 
first frame comprising a first audio signal portion of the audio signal, and wherein the 
receiving interface is configured to receive a second frame comprising a second audio 

20 signal portion of the audio signal. 

Moreover, the apparatus comprises a noise level tracing unit, wherein the noise level 
tracing unit is configured to determine noise level information depending on at least one of 
the first audio signai portion and the second audio signal portion (this means: depending 

25 on the first audio signal portion and/or the second audio signal portion), wherein the noise 
level information is represented in a tracing domain. 

Furthermore, the apparatus comprises a first reconstruction unit for reconstructing, in a 
first reconstruction domain, a third audio signal portion of the audio signal depending on 

30 the noise level information, if a third frame of the plurality of frames is not received by the 
receiving interface or if said third frame is received by the receiving interface but is 
corrupted, wherein the first reconstruction domain is different from or equal to the tracing 

domain. 

35 Moreover, the apparatus comprises a transform unit for transforming the noise level 

information from the tracing domain to a second reconstruction domain, if a fourth frame 

of the plurality of frames is not received by the receiving interface or if said fourth frame is 

received by the receiving interface but is corrupted, wherein the second reconstruction 
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domain is different from the tracing domain, and wherein the second reconstruction 
domain is different from the first reconstruction domain, and 

Furthermore, the apparatus comprises a second reconstruction unit for reconstructing, in 
5 the second reconstruction domain, a fourth audio signal portion of the audio signai 

depending on the noise level information being represented in the second reconstruction 
domain, if said fourth frame of the plurality of frames is not received by the receiving 
interface or if said fourth frame is received by the receiving interface but is corrupted. 

10 According to some embodiments, the tracing domain may, e.g., be wherein the tracing 
domain is a time domain, a spectral domain, an FFT domain, an MDCT domain, or an 
excitation domain. The first reconstruction domain may, e.g., be the time domain, the 
spectral domain, the FFT domain, the MDCT domain, or the excitation domain. The 
second reconstruction domain may ,e.g., be the time domain, the spectral domain, the 

15 FFT domain, the MDCT domain, or the excitation domain. 

In an embodiment, the tracing domain may, e.g., be the FFT domain, the first 
reconstruction domain may, e.g., be the time domain, and the second reconstruction 
domain may, e.g., be the excitation domain. 

20 
In another embodiment, the tracing domain may, e.g., be the time domain, the first 
reconstruction domain may, e.g., be the time domain, and the second reconstruction 
domain may, e.g., be the excitation domain. 

25 According to an embodiment, said first audio signal portion may, e.g., be represented in a 
first input domain, and said second audio signal portion may, e.g., be represented in a 
second input domain. The transform unit may, e.g., be a second transform unit. The 
apparatus may, e.g., further comprise a first transform unit for transforming the second 

audio signal portion or a value or signal derived from the second audio signal portion from 
30 the second input domain to the tracing domain to obtain a second signal portion 

information. The noise level tracing unit may, e.g., be configured to receive a first signal 
portion information being represented in the tracing domain, wherein the first signal 

portion information depends on the first audio signal portion, wherein the noise level 
tracing unit is configured to receive the second signal portion being represented in the 

35 tracing domain, and wherein the noise ievel tracing unit is configured to the determine the 

noise level information depending on the first signal portion information being represented 

in the tracing domain and depending on the second signal portion information being 

represented in the tracing domain. 
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According to an embodiment, the first input domain may, e.g., be the excitation domain, 
and the second input domain may, e.g., be the MDCT domain. 

5 In another embodiment, the first input domain may, e.g., be the MDCT domain, and 
wherein the second input domain may, e.g., be the MDCT domain. 

According to an embodiment, the first reconstruction unit may, e.g., be configured to 
reconstruct the third audio signai portion by conducting a first fading to a noise like 

10 spectrum. The second reconstruction unit may, e.g., be configured to reconstruct the 
fourth audio signal portion by conducting a second fading to a noise like spectrum and/or 
a second fading of an LTP gain. Moreover, the first reconstruction unit and the second 
reconstruction unit may, e.g., be configured to conduct the first fading and the second 
fading to a noise like spectrum and/or a second fading of an LTP gain with the same 

15 fading speed. 

In an embodiment, the apparatus may, e.g., further comprise a first aggregation unit for 
determining a first aggregated value depending on the first audio signal portion. Moreover, 
the apparatus further may, e.g., comprise a second aggregation unit for determining, 

20 depending on the second audio signal portion, a second aggregated value as the value 
derived from the second audio signal portion. The noise level tracing unit may, e.g., be 
configured to receive the first aggregated value as the first signal portion information being 
represented in the tracing domain, wherein the noise level tracing unit may, e.g., be 
configured to receive the second aggregated value as the second signal portion 

25 information being represented in the tracing domain, and wherein the noise level tracing 
unit is configured to determine the noise level information depending on the first 
aggregated value being represented in the tracing domain and depending on the second 
aggregated value being represented in the tracing domain. 

30 According to an embodiment, the first aggregation unit may, e.g., be configured to 
determine the first aggregated value such that the first aggregated value indicates a root 
mean square of the first audio signal portion or of a signal derived from the first audio 

signal portion. The second aggregation unit is configured to determine the second 

aggregated value such that the second aggregated value indicates a root mean square of 

35 the second audio signal portion or of a signal derived from the second audio signal 

portion. 
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In an embodiment, the first transform unit may, e.g., be configured to transform the value 
derived from the second audio signal portion from the second input domain to the tracing 
domain by applying a gain vaiue on the value derived from the second audio signal 

portion. 
5 

According to an embodiment, the gain value may, e.g, indicate a gain introduced by 
Linear predictive coding synthesis, or wherein the gain value indicates a gain introduced 
by Linear predictive coding synthesis and deemphasis. 

10 In an embodiment, the noise level tracing unit may, e.g., be configured to determine the 
noise level information by applying a minimum statistics approach. 

According to an embodiment, the noise level tracing unit may, e.g., be configured to 
determine a comfort noise level as the noise level information. The reconstruction unit 

15 may, e.g., be configured to reconstruct the third audio signal portion depending on the 
noise level information, if said third frame of the plurality of frames is not received by the 
receiving interface or if said third frame is received by the receiving interface but is 
corrupted. 

20 In an embodiment, the noise level tracing unit may, e.g., be configured to determine a 

comfort noise level as the noise level information derived from a noise level spectrum, 
wherein said noise level spectrum is obtained by applying the minimum statistics 
approach. The reconstruction unit may, e.g., be configured to reconstruct the third audio 
signal portion depending on a plurality of Linear Predictive coefficients, if said third frame 

25 of the plurality of frames is not received by the receiving interface or if said third frame is 
received by the receiving interface but is corrupted. 

According to an embodiment, the first reconstruction unit may, e.g., be configured to 
reconstruct the third audio signal portion depending on the noise level information and 

30 depending on the first audio signal portion, if said third frame of the plurality of frames is 
not received by the receiving interface or if said third frame is received by the receiving 
interface but is corrupted. 

In an embodiment, the first reconstruction unit may, e.g., be configured to reconstruct the 

35 third audio signal portion by attenuating or amplifying the first audio signal portion. 
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According to an embodiment, the second reconstruction unit may, e.g., be configured to 
reconstruct the fourth audio signal portion depending on the noise level information and 
depending on the second audio signal portion. 

5 In an embodiment, the second reconstruction unit may, e.g., be configured to reconstruct 
the fourth audio signal portion by attenuating or amplifying the second audio signal 
portion. 

According to an embodiment, the apparatus may, e.g., further comprise a long-term 
10 prediction unit comprising a delay buffer, wherein the long-term prediction unit may, e.g, 

be configured to generate a processed signal depending on the first or the second audio 
signal portion, depending on a delay buffer input being stored in the delay buffer and 
depending on a long-term prediction gain, and wherein the long-term prediction unit is 
configured to fade the long-term prediction gain towards zero, if said third frame of the 

15 plurality of frames is not received by the receiving interface or if said third frame is 
received by the receiving interface but is corrupted. 

In an embodiment, the long-term prediction unit may, e.g., be configured to fade the long-
term prediction gain towards zero, wherein a speed with which the long-term prediction 

20 gain is faded to zero depends on a fade-out factor. 

In an embodiment, the long-term prediction unit may, e.g., be configured to update the 
delay buffer input by storing the generated processed signal in the delay buffer, if said 
third frame of the plurality of frames is not received by the receiving interface or if said 

25 third frame is received by the receiving interface but is corrupted. 

Moreover, a method for decoding an audio signal is provided. The method comprises: 

Receiving a first frame comprising a first audio signal portion of the audio signal, 
30 and receiving a second frame comprising a second audio signal portion of the 

audio signal. 

Determining noise level information depending on at least one of the first audio 
signal portion and the second audio signal portion, wherein the noise level 

35 information is represented in a tracing domain. 

Reconstructing, in a first reconstruction domain, a third audio signal portion of the 

audio signal depending on the noise level information, if a third frame of the 
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plurality of frames is not received or if said third frame is received but is corrupted, 
wherein the first reconstruction domain is different from or equal to the tracing 
domain. 

5 - Transforming the noise level information from the tracing domain to a second 
reconstruction domain, if a fourth frame of the plurality of frames is not received or 
if said fourth frame is received but is corrupted, wherein the second reconstruction 

domain is different from the tracing domain, and wherein the second reconstruction 

domain is different from the first reconstruction domain. And: 
10 

Reconstructing, in the second reconstruction domain, a fourth audio signal portion 
of the audio signal depending on the noise level information being represented in 
the second reconstruction domain, if said fourth frame of the plurality of frames is 

not received or if said fourth frame is received but is corrupted. 
15 

Moreover, a computer program for implementing the above-described method when being 
executed on a computer or signal processor is provided. 

Moreover, an apparatus for decoding an encoded audio signal to obtain a reconstructed 
20 audio signal is provided. The apparatus comprises a receiving interface for receiving one 

or more frames comprising information on a plurality of audio signal samples of an audio 

signal spectrum of the encoded audio signal, and a processor for generating the 
reconstructed audio signal. The processor is configured to generate the reconstructed 
audio signal by fading a modified spectrum to a target spectrum, if a current frame is not 

25 received by the receiving interface or if the current frame is received by the receiving 
interface but is corrupted, wherein the modified spectrum comprises a plurality of modified 
signal samples, wherein, for each of the modified signal samples of the modified 
spectrum, an absolute value of said modified signal sample is equal to an absolute value 
of one of the audio signal samples of the audio signal spectrum. Moreover, the processor 

30 is configured to not fade the modified spectrum to the target spectrum, if the current frame 
of the one or more frames is received by the receiving interface and if the current frame 

being received by the receiving interface is not corrupted. 

According to an embodiment, the target spectrum may, e.g., be a noise like spectrum. 

35 

In an embodiment, the noise like spectrum may, e.g., represent white noise. 

According to an embodiment, the noise like spectrum may, e.g., be shaped. 
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In an embodiment, the shape of the noise like spectrum may, e.g., depend on an audio 
signal spectrum of a previously received signal. 

5 According to an embodiment, the noise like spectrum may, e.g., be shaped depending on 
the shape of the audio signal spectrum. 

In an embodiment, the processor may, e.g., employ a tilt factor to shape the noise like 
spectrum. 

10 
According to an embodiment, the processor may, e.g., employ the formula 

shaped_noisefi] = noise * power(tilt_factor,i/N) 

15 wherein N indicates the number of samples, wherein i is an index, wherein 0<= i < N, 
with tilt_f actor > 0, and wherein power is a power function. 

power (x, y) indicates xy 

i 

20 power (tilt_factor, i/N) indicates tilt_factorN 

If the tilt_factor is smaller 1 this means attenuation with increasing i. If the 
tilt_f actor is larger 1 means amplification with increasing i. 

25 According to another embodiment, the processor may, e.g., employ the formula 

shaped_noise[i] = noise * (1 + i / (N-l) * (tilt_factor-1) ) 

wherein N indicates the number of samples, wherein i is an index, wherein 0<= i < N, 
30 with tilt__f actor > 0. 

If the tilt _f actor is smaller 1 this means attenuation with increasing i. If the 
tilt_factor is larger 1 means amplification with increasing i. 

35 According to an embodiment, the processor may, e.g., be configured to generate the 
modified spectrum, by changing a sign of one or more of the audio signal samples of the 
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audio signal spectrum, if the current frame is not received by the receiving interface or if 
the current frame being received by the receiving interface is corrupted. 

In an embodiment, each of the audio signal samples of the audio signal spectrum may, 

5 e.g., be represented by a real number but not by an imaginary number. 

According to an embodiment, the audio signal samples of the audio signal spectrum may, 

e.g., be represented in a Modified Discrete Cosine Transform domain. 

10 In another embodiment, the audio signal samples of the audio signal spectrum may, e.g., 
be represented in a Modified Discrete Sine Transform domain. 

According to an embodiment, the processor may, e.g., be configured to generate the 
modified spectrum by employing a random sign function which randomly or pseudo-

15 randomly outputs either a first or a second value. 

In an embodiment, the processor may, e.g., be configured to fade the modified spectrum 
to the target spectrum by subsequently decreasing an attenuation factor. 

20 According to an embodiment, the processor may, e.g., be configured to fade the modified 
spectrum to the target spectrum by subsequently increasing an attenuation factor. 

In an embodiment, if the current frame is not received by the receiving interface or if the 
current frame being received by the receiving interface is corrupted, the processor may, 

25 e.g., be configured to generate the reconstructed audio signal by employing the formula: 

x [i] = (l-cum_damping) * noise[i] + cum_damping * 

random_sign() * x_old[i] 

30 wherein i is an index, wherein x[i] indicates a sample of the reconstructed audio 
signal, wherein cum_damping is an attenuation factor, wherein x_old[i] indicates 

one of the audio signal samples of the audio signal spectrum of the encoded audio signal, 
wherein random_sign () returns 1 or -1, and wherein noise is a random vector 

indicating the target spectrum. 

35 

in an embodiment, said random vector noise may, e.g., be scaled such that its quadratic 

mean is similar to the quadratic mean of the spectrum of the encoded audio signai being 

comprised by one of the frames being last received by the receiving interface. 
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According to a general embodiment, the processor may, e.g., be configured to generate 
the reconstructed audio signal, by employing a random vector which is scaled such that its 
quadratic mean is similar to the quadratic mean of the spectrum of the encoded audio 

5 signal being comprised by one of the frames being last received by the receiving interface. 

Moreover, a method for decoding an encoded audio signal to obtain a reconstructed audio 
signal is provided. The method comprises: 

10 - Receiving one or more frames comprising information on a plurality of audio signal 
samples of an audio signal spectrum of the encoded audio signal. And: 

Generating the reconstructed audio signal. 

15 Generating the reconstructed audio signal is conducted by fading a modified spectrum to 
a target spectrum, if a current frame is not received or if the current frame is received but 
is corrupted, wherein the modified spectrum comprises a plurality of modified signal 
samples, wherein, for each of the modified signal samples of the modified spectrum, an 
absolute value of said modified signal sample is equal to an absolute value of one of the 

20 audio signal samples of the audio signal spectrum. The modified spectrum is not faded to 
a white noise spectrum, if the current frame of the one or more frames is received and if 
the current frame being received is not corrupted. 

Moreover, a computer program for implementing the above-described method when being 
25 executed on a computer or signal processor is provided. 

Embodiments realize a fade MDCT spectrum to white noise prior to FDNS Application 
(FDNS = Frequency Domain Noise Substitution). 

30 According to the prior art, in ACELP based codecs, the innovative codebook is replaced 
with a random vector (e.g., with noise). In embodiments, the ACELP approach, which 
consists of replacing the innovative codebook with a random vector (e.g., with noise) is 
adopted to the TCX decoder structure. Here, the equivalent of the innovative codebook is 
the MDCT spectrum usually received within the bitstream and fed into the FDNS. 

35 
The classical MDCT concealment approach would be to simply repeat this spectrum as is 
or to apply a certain randomization process, which basically prolongs the spectra! shape 
of the last received frame [LS01]. This has the drawback that the short-term spectral 
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shape is prolonged, leading frequently to a repetitive, metallic sound which is not 
background noise like, and thus cannot be used as comfort noise. 

Using the proposed method the short term spectral shaping is performed by the FDNS 
5 and the TCX LTP, the spectral shaping on the long run is performed by the FDNS only. 

The shaping by the FDNS is faded from the short-term spectral shape to the traced long-
term spectral shape of the background noise, and the TCX LTP is faded to zero. 

Fading the FDNS coefficients to traced background noise coefficients leads to having a 
10 smooth transition between the last good spectral envelope and the spectral background 

envelope which should be targeted in the long run, in order to achieve a pleasant 
background noise in case of long burst frame losses. 

In contrast, according to the state of the art, for transform based codecs, noise like 
15 concealment is conducted by frame repetition or noise substitution in the frequency 

domain [LS01], In the prior art, the noise substitution is usually performed by sign 

scrambling of the spectral bins. If in the prior art TCX (frequency domain) sign scrambling 
is used during concealment, the last received MDCT coefficients are re-used and each 
sign is randomized before the spectrum is inversely transformed to the time domain. The 

20 drawback of this procedure of the prior art is, that for consecutively lost frames the same 
spectrum is used again and again, just with different sign randomizations and global 
attenuation. When looking to the spectral envelope over time on a coarse time grid, it can 
be seen that the envelope is approximately constant during consecutive frame loss, 
because the band energies are kept constant relatively to each other within a frame and 

25 are just globally attenuated. In the used coding system, according to the prior art, the 
spectral values are processed using FDNS, in order to restore the original spectrum. This 
means, that if one wants to fade the MDCT spectrum to a certain spectral envelope (using 
FDNS coefficients, e.g., describing the current background noise), the result is not just 
dependent on the FDNS coefficients, but also dependent on the previously decoded 

30 spectrum which was sign scrambled. The above-mentioned embodiments overcome 
these disadvantages of the prior art. 

Embodiments are based on the finding that it is necessary to fade the spectrum used for 
the sign scrambling to white noise, before feeding it into the FDNS processing. Otherwise 

35 the outputted spectrum will never match the targeted envelope used for FDNS processing. 

In embodiments, the same fading speed is used for LTP gain fading as for the white noise 
fading. 
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Moreover, an apparatus for decoding an encoded audio signal to obtain a reconstructed 
audio signal is provided. The apparatus comprises a receiving interface for receiving a 
plurality of frames, a delay buffer for storing audio signal samples of the decoded audio 

5 signal, a sample selector for selecting a plurality of selected audio signal samples from the 
audio signal samples being stored in the delay buffer, and a sample processor for 
processing the selected audio signal samples to obtain reconstructed audio signal 
samples of the reconstructed audio signal. The sample selector is configured to select, if a 
current frame is received by the receiving interface and if the current frame being received 

10 by the receiving interface is not corrupted, the plurality of selected audio signal samples 
from the audio signal samples being stored in the delay buffer depending on a pitch lag 
information being comprised by the current frame. Moreover, the sample selector is 
configured to select, if the current frame is not received by the receiving interface or if the 
current frame being received by the receiving interface is corrupted, the plurality of 

15 selected audio signal samples from the audio signal samples being stored in the delay 
buffer depending on a pitch lag information being comprised by another frame being 
received previously by the receiving interface. 

According to an embodiment, the sample processor may, e.g., be configured to obtain the 
20 reconstructed audio signal samples, if the current frame is received by the receiving 

interface and if the current frame being received by the receiving interface is not 
corrupted, by rescaling the selected audio signal samples depending on the gain 
information being comprised by the current frame. Moreover, the sample selector may, 
e.g., be configured to obtain the reconstructed audio signal samples, if the current frame 

25 is not received by the receiving interface or if the current frame being received by the 

receiving interface is corrupted, by rescaling the selected audio signal samples depending 
on the gain information being comprised by said another frame being received previously 
by the receiving interface. 

30 In an embodiment, the sample processor may, e.g., be configured to obtain the 
reconstructed audio signal samples, if the current frame is received by the receiving 

interface and if the current frame being received by the receiving interface is not 
corrupted, by multiplying the selected audio signal samples and a value depending on the 

gain information being comprised by the current frame. Moreover, the sample selector is 

35 configured to obtain the reconstructed audio signal samples, if the current frame is not 

received by the receiving interface or if the current frame being received by the receiving 

interface is corrupted, by multiplying the selected audio signai samples and a value 
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depending on the gain information being comprised by said another frame being received 
previously by the receiving interface. 

According to an embodiment, the sample processor may, e.g., be configured to store the 
5 reconstructed audio signal samples into the delay buffer. 

In an embodiment, the sample processor may, e.g., be configured to store the 
reconstructed audio signal samples into the delay buffer before a further frame is received 
by the receiving interface. 

10 
According to an embodiment, the sample processor may, e.g., be configured to store the 
reconstructed audio signal samples into the delay buffer after a further frame is received 
by the receiving interface. 

15 In an embodiment, the sample processor may, e.g., be configured to rescale the selected 
audio signal samples depending on the gain information to obtain rescaled audio signal 
samples and by combining the rescaled audio signal samples with input audio signal 
samples to obtain the processed audio signal samples. 

20 According to an embodiment, the sample processor may, e.g., be configured to store the 
processed audio signal samples, indicating the combination of the rescaled audio signal 
samples and the input audio signal samples, into the delay buffer, and to not store the 
rescaled audio signal samples into the delay buffer, if the current frame is received by the 
receiving interface and if the current frame being received by the receiving interface is not 

25 corrupted. Moreover, the sample processor is configured to store the rescaled audio 
signal samples into the delay buffer and to not store the processed audio signal samples 
into the delay buffer, if the current frame is not received by the receiving interface or if the 
current frame being received by the receiving interface is corrupted. 

30 According to another embodiment, the sample processor may, e.g., be configured to store 
the processed audio signal samples into the delay buffer, if the current frame is not 
received by the receiving interface or if the current frame being received by the receiving 

interface is corrupted. 

35 In an embodiment, the sample selector may, e.g., be configured to obtain the 

reconstructed audio signal samples by rescaling the selected audio signal samples 

depending on a modified gain, wherein the modified gain is defined according to the 
formula: 
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gain = gain_past * damping; 

wherein gain is the modified gain, wherein the sample selector may, e.g., be configured 
5 to set gain_past to gain after gain and has been calculated, and wherein damping 

is a real value. 

According to an embodiment, the sample selector may, e.g., be configured to calculate 

the modified gain. 
10 

In an embodiment, damping may, e.g., be defined according to: 0 ^ damping ^ 1. 

According to an embodiment, the modified gain gain may, e.g., be set to zero, if at least 

a predefined number of frames have not been received by the receiving interface since a 
15 frame last has been received by the receiving interface. 

Moreover, a method for decoding an encoded audio signal to obtain a reconstructed audio 

signal is provided. The method comprises: 

20 - Receiving a plurality of frames. 

Storing audio signal samples of the decoded audio signal. 

Selecting a plurality of selected audio signal samples from the audio signal 
25 samples being stored in the delay buffer. And: 

Processing the selected audio signal samples to obtain reconstructed audio signal 
samples of the reconstructed audio signal. 

30 If a current frame is received and if the current frame being received is not corrupted, the 
step of selecting the plurality of selected audio signal samples from the audio signal 
samples being stored in the delay buffer is conducted depending on a pitch lag 

information being comprised by the current frame. Moreover, if the current frame is not 

received or if the current frame being received is corrupted, the step of selecting the 

35 plurality of selected audio signal samples from the audio signal samples being stored in 

the delay buffer is conducted depending on a pitch lag information being comprised by 

another frame being received previously by the receiving interface. 
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Moreover, a computer program for implementing the above-described method when being 
executed on a computer or signal processor is provided. 

Embodiments employ TCX LTP (TXC LTP = Transform Coded Excitation Long-Term 
5 Prediction). During normal operation, the TCX LTP memory is updated with the 

synthesized signal, containing noise and reconstructed tonal components. 

Instead of disabling the TCX LTP during concealment, its normal operation may be 
continued during concealment with the parameters received in the last good frame. This 

10 preserves the spectral shape of the signal, particularly those tonal components which are 
modelled by the LTP filter. 

Moreover, embodiments decouple the TCX LTP feedback loop. A simple continuation of 
the normal TCX LTP operation introduces additional noise, since with each update step 

15 further randomly generated noise from the LTP excitation is introduced. The tonal 
components are hence getting distorted more and more over time by the added noise. 

To overcome this, only the updated TCX LTP buffer may be fed back (without adding 
noise), in order to not pollute the tonal information with undesired random noise. 

20 
Furthermore, according to embodiments, the TCX LTP gain is faded to zero. 

These embodiments are based on the finding that continuing the TCX LTP helps to 
preserve the signal characteristics on the short term, but has drawbacks on the long term: 

25 The signal played out during concealment will include the voicing/tonal information which 
was present preceding to the loss. Especially for clean speech or speech over 
background noise, it is extremely unlikely that a tone or harmonic will decay very slowly 
over a very long time. By continuing the TCX LTP operation during concealment, 
particularly if the LTP memory update is decoupled (just tonal components are fed back 

30 and not the sign scrambled part), the voicing/tonal information will stay present in the 
concealed signal for the whole loss, being attenuated just by the overall fade-out to the 
comfort noise level. Moreover, it is impossible to reach the comfort noise envelope during 

burst packet losses, if the TCX LTP is applied during the burst loss without being 

attenuated over time, because the signal will then always incorporate the voicing 

35 information of the LTP. 

Therefore, the TCX LTP gain is faded towards zero, such that tonal components 

represented by the LTP will be faded to zero, at the same time the signal is faded to the 
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background signal level and shape, and such that the fade-out reaches the desired 
spectral background envelope (comfort noise) without incorporating undesired tonal 
components. 

5 In embodiments, the same fading speed is used for LTP gain fading as for the white noise 
fading. 

In contrast, in the prior art, there is no transform codec known that uses LTP during 
concealment. For the MPEG-4 LTP [IS009] no concealment approaches exist in the prior 

10 art. Another MDCT based codec of the prior art which makes use of an LTP is CELT, but 
this codec uses an ACELP-like concealment for the first five frames, and for all 
subsequent frames background noise is generated, which does not make use of the LTP. 
A drawback of the prior art of not using the TCX LTP is, that all tonal components being 
modelled with the LTP disappear abruptly. Moreover, in ACELP based codecs of the prior 

15 art, the LTP operation is prolonged during concealment, and the gain of the adaptive 
codebook is faded towards zero. With regard to the feedback loop operation, the prior art 
employs two approaches, either the whole excitation, e.g., the sum of the innovative and 
the adaptive excitation, is fed back (AMR-WB); or only the updated adaptive excitation, 
e.g., the tonal signal parts, is fed back (G.718). The above-mentioned embodiments 

20 overcome the disadvantages of the prior art. 

In the following, embodiments of the present invention are described in more detail with 

reference to the figures, in which: 

25 Fig. 1a illustrates an apparatus for decoding an audio signal according to an 
embodiment, 

Fig. 1b illustrates an apparatus for decoding an audio signal according to another 

embodiment, 
30 

Fig. 1c illustrates an apparatus for decoding an audio signal according to another 
embodiment, wherein the apparatus further comprises a first and a second 

aggregation unit, 

35 Fig. 1d illustrates an apparatus for decoding an audio signal according to a further 

embodiment, wherein the apparatus moreover comprises a long-term 
prediction unit comprising a delay buffer, 
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5 

10 

Fig, 2 illustrates the decoder structure of G.718, 

Fig. 3 depicts a scenario, where the fade-out factor of G.722 depends on class 
information, 

Fig. 4 shows an approach for amplitude prediction using linear regression, 

Fig. 5 illustrates the burst loss behavior of Constrained-Energy Lapped Transform 
(CELT), 

Fig. 6 shows a background noise level tracing according to an embodiment in the 
decoder during an error-free operation mode, 

Fig. 7 illustrates gain derivation of LPC synthesis and deemphasis according to 
15 an embodiment, 

Fig. 8 depicts comfort noise level application during packet loss according to an 

embodiment, 

20 Fig. 9 illustrates advanced high pass gain compensation during ACELP 

concealment according to an embodiment, 

Fig. 10 depicts the decoupling of the LTP feedback loop during concealment 
according to an embodiment, 

25 
Fig. 11 illustrates an apparatus for decoding an encoded audio signal to obtain a 

reconstructed audio signal according to an embodiment, 

Fig. 12 shows an apparatus for decoding an encoded audio signal to obtain a 
30 reconstructed audio signal according to another embodiment, and 

Fig. 13 illustrates an apparatus for decoding an encoded audio signal to obtain a 
reconstructed audio signal a further embodiment, and 

35 Fig. 14 illustrates an apparatus for decoding an encoded audio signal to obtain a 

reconstructed audio signal another embodiment. 
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Fig. 1a illustrates an apparatus for decoding an audio signal according to an embodiment. 

The apparatus comprises a receiving interface 110. The receiving interface is configured 
to receive a plurality of frames, wherein the receiving interface 110 is configured to 

5 receive a first frame of the plurality of frames, said first frame comprising a first audio 

signal portion of the audio signal, said first audio signal portion being represented in a first 

domain. Moreover, the receiving interface 110 is configured to receive a second frame of 
the plurality of frames, said second frame comprising a second audio signal portion of the 
audio signal. 

10 
Moreover, the apparatus comprises a transform unit 120 for transforming the second 
audio signal portion or a value or signal derived from the second audio signal portion from 
a second domain to a tracing domain to obtain a second signal portion information, 

wherein the second domain is different from the first domain, wherein the tracing domain 
15 is different from the second domain, and wherein the tracing domain is equal to or 

different from the first domain. 

Furthermore, the apparatus comprises a noise level tracing unit 130, wherein the noise 
level tracing unit is configured to receive a first signal portion information being 

20 represented in the tracing domain, wherein the first signal portion information depends on 
the first audio signal portion, wherein the noise level tracing unit is configured to receive 
the second signal portion being represented in the tracing domain, and wherein the noise 
level tracing unit is configured to determine noise level information depending on the first 
signal portion information being represented in the tracing domain and depending on the 

25 second signal portion information being represented in the tracing domain. 

Moreover, the apparatus comprises a reconstruction unit for reconstructing a third audio 
signal portion of the audio signal depending on the noise level information, if a third frame 
of the plurality of frames is not received by the receiving interface but is corrupted. 

30 
Regarding the first and/or the second audio signal portion, for example, the first and/or the 
second audio signal portion may, e.g., be fed into one or more processing units (not 

shown) for generating one or more loudspeaker signals for one or more loudspeakers, so 

that the received sound information comprised by the first and/or the second audio signal 
35 portion can be replayed. 
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Moreover, however, the first and second audio signal portion are also used for 
concealment, e.g., in case subsequent frames do not arrive at the receiver or in case that 
subsequent frames are erroneous. 

5 Inter alia, the present invention is based on the finding that noise level tracing should be 
conducted in a common domain, herein referred to as "tracing domain". The tracing 
domain, may, e.g., be an excitation domain, for example, the domain in which the signal is 
represented by LPCs (LPC = Linear Predictive Coefficient) or by ISPs (ISP = Immittance 
Spectral Pair) as described in AMR-WB and AMR-WB+ (see [3GP12a], [3GP12b], 

10 [3GP09a], [3GP09b], [3GP09c]). Tracing the noise level in a single domain has inter alia 
the advantage that aliasing effects are avoided when the signal switches between a first 
representation in a first domain and a second representation in a second domain (for 
example, when the signal representation switches from ACELP to TCX or vice versa). 

15 Regarding the transform unit 120, what is transformed is either the second audio signal 
portion itself, or a signal derived from the second audio signal portion (e.g., the second 
audio signal portion has been processed to obtain the derived signal), or a value derived 
from the second audio signal portion (e.g., the second audio signal portion has been 
processed to obtain the derived value). 

20 
Regarding the first audio signal portion, in some embodiments, the first audio signal 
portion may be processed and/or transformed to the tracing domain. 

In other embodiments, however, the first audio signal portion may be already represented 

25 in the tracing domain. 

In some embodiments, the first signal portion information is identical to the first audio 
signal portion. In other embodiments, the first signal portion information is, e.g., an 

aggregated value depending on the first audio signal portion. 
30 

Now, at first, fade-out to a comfort noise level is considered in more detail. 

The fade-out approach described may, e.g., be implemented in a low-delay version of 
xHE-AAC [NMR+12] (xHE-AAC = Extended High Efficiency AAC), which is able to switch 

35 seamlessly between ACELP (speech) and MDCT (music / noise) coding on a per-frame 

basis. 



WO 2014/202786 
58 

PCT/EP2014/063173 

Regarding common level tracing in a tracing domain, for example, an excitation domain, 
as to apply a smooth fade-out to an appropriate comfort noise level during packet loss, 
such comfort noise level needs to be identified during the normal decoding process. It 
may, e.g., be assumed, that a noise level similar to the background noise is most 

5 comfortable. Thus, the background noise level may be derived and constantly updated 
during normal decoding. 

The present invention is based on the finding that when having a switched core codec 
(e.g., ACELP and TCX), considering a common background noise level independent from 

10 the chosen core coder is particularly suitable. 

Fig. 6 depicts a background noise level tracing according to a preferred embodiment in 
the decoder during the error-free operation mode, e.g., during normal decoding. 

15 The tracing itself may, e.g., be performed using the minimum statistics approach (see 
[Mar01]). 

This traced background noise level may, e.g, be considered as the noise level information 
mentioned above. 

20 
For example, the minimum statistics noise estimation presented in the document: "Rainer 
Martin, Noise power spectral density estimation based on optimal smoothing and 
minimum statistics, IEEE Transactions on Speech and Audio Processing 9 (2001), no. 5, 
504 -512" [Mar01] may be employed for background noise level tracing. 

25 
Correspondingly, in some embodiments, the noise level tracing unit 130 is configured to 
determine noise level information by applying a minimum statistics approach, e.g., by 
employing the minimum statistics noise estimation of [Mar01], 

30 Subsequently, some considerations and details of this tracing approach are described. 

Regarding level tracing, the background is supposed to be noise-like. Hence it is 

preferable to perform the level tracing in the excitation domain to avoid tracing foreground 

tonal components which are taken out by the LPC. For example, ACELP noise filling may 

35 also employ the background noise level in the excitation domain. With tracing in the 

excitation domain, only one single tracing of the background noise level can serve two 

purposes, which saves computational complexity. In a preferred embodiment, the tracing 
is performed in the ACELP excitation domain. 
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Fig. 7 illustrates gain derivation of LPC synthesis and deemphasts according to an 
embodiment. 

5 Regarding level derivation, the level derivation may, for example, be conducted either in 
time domain or in excitation domain, or in any other suitable domain. If the domains for the 
level derivation and the level tracing differ, a gain compensation may, e.g., be needed. 

In the preferred embodiment, the level derivation for ACELP is performed in the excitation 
10 domain. Hence, no gain compensation is required. 

For TCX, a gain compensation may, e.g., be needed to adjust the derived level to the 

ACELP excitation domain. 

15 In the preferred embodiment, the level derivation for TCX takes place in the time domain. 
A manageable gain compensation was found for this approach: The gain introduced by 
LPC synthesis and deemphasis is derived as shown in Fig. 7 and the derived level is 
divided by this gain. 

20 Alternatively, the level derivation for TCX could be performed in the TCX excitation 
domain. However, the gain compensation between the TCX excitation domain and the 

ACELP excitation domain was deemed too complicated. 

Thus, returning to Fig. 1a, in some embodiments, the first audio signal portion is 
25 represented in a time domain as the first domain. The transform unit 120 is configured to 

transform the second audio signal portion or the value derived from the second audio 
signal portion from an excitation domain being the second domain to the time domain 
being the tracing domain. In such embodiments, the noise level tracing unit 130 is 
configured to receive the first signal portion information being represented in the time 

30 domain as the tracing domain. Moreover, the noise level tracing unit 130 is configured to 
receive the second signal portion being represented in the time domain as the tracing 

domain. 

In other embodiments, the first audio signal portion is represented in an excitation domain 

35 as the first domain. The transform unit 120 is configured to transform the second audio 

signal portion or the value derived from the second audio signal portion from a time 
domain being the second domain to the excitation domain being the tracing domain. In 
such embodiments, the noise level tracing unit 130 is configured to receive the first signal 
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portion information being represented in the excitation domain as the tracing domain. 
Moreover, the noise level tracing unit 130 is configured to receive the second signal 
portion being represented in the excitation domain as the tracing domain. 

5 In an embodiment, the first audio signal portion may, e.g., be represented in an excitation 
domain as the first domain, wherein the noise level tracing unit 130 may, e.g., be 
configured to receive the first signal portion information, wherein said first signal portion 
information is represented in the FFT domain, being the tracing domain, and wherein said 
first signal portion information depends on said first audio signal portion being represented 

10 in the excitation domain, wherein the transform unit 120 may, e.g., be configured to 
transform the second audio signal portion or the value derived from the second audio 
signal portion from a time domain being the second domain to an FFT domain being the 
tracing domain, and wherein the noise level tracing unit 130 may, e.g., be configured to 
receive the second audio signal portion being represented in the FFT domain. 

15 
Fig. 1b illustrates an apparatus according to another embodiment. In Fig. 1b, the 
transform unit 120 of Fig. 1a is a first transform unit 120, and the reconstruction unit 140 
of Fig. 1a is a first reconstruction unit 140. The apparatus further comprises a second 
transform unit 121 and a second reconstruction unit 141. 

20 
The second transform unit 121 is configured to transform the noise level information from 
the tracing domain to the second domain, if a fourth frame of the plurality of frames is not 
received by the receiving interface or if said fourth frame is received by the receiving 
interface but is corrupted. 

25 
Moreover, the second reconstruction unit 141 is configured to reconstruct a fourth audio 
signal portion of the audio signal depending on the noise level information being 
represented in the second domain if said fourth frame of the plurality of frames is not 
received by the receiving interface or if said fourth frame is received by the receiving 

30 interface but is corrupted. 

Fig. 1c illustrates an apparatus for decoding an audio signal according to another 
embodiment. The apparatus further comprises a first aggregation unit 150 for determining 
a first aggregated value depending on the first audio signal portion. Moreover, the 

35 apparatus of Fig. 1c further comprises a second aggregation unit 160 for determining a 
second aggregated value as the value derived from the second audio signal portion 
depending on the second audio signal portion. In the embodiment of Fig. 1c, the noise 
level tracing unit 130 is configured to receive first aggregated value as the first signal 
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portion information being represented in the tracing domain, wherein the noise level 
tracing unit 130 is configured to receive the second aggregated value as the second 
signal portion information being represented in the tracing domain. The noise level tracing 
unit 130 is configured to determine noise level information depending on the first 

5 aggregated value being represented in the tracing domain and depending on the second 

aggregated value being represented in the tracing domain. 

In an embodiment, the first aggregation unit 150 is configured to determine the first 
aggregated value such that the first aggregated value indicates a root mean square of the 

10 first audio signal portion or of a signal derived from the first audio signal portion. 
Moreover, the second aggregation unit 160 is configured to determine the second 
aggregated value such that the second aggregated value indicates a root mean square of 
the second audio signal portion or of a signal derived from the second audio signal 
portion. 

15 
Fig. 6 illustrates an apparatus for decoding an audio signal according to a further 
embodiment. 

In Fig. 6, background level tracing unit 630 implements a noise level tracing unit 130 

20 according to Fig. 1a. 

Moreover, in Fig. 6, RMS unit 650 (RMS = root mean square) is a first aggregation unit 
and RMS unit 660 is a second aggregation unit. 

25 According to some embodiments, the (first) transform unit 120 of Fig. 1a, Fig. 1b and Fig. 
1c is configured to transform the value derived from the second audio signal portion from 
the second domain to the tracing domain by applying a gain value (x) on the value derived 
from the second audio signal portion, e.g., by dividing the value derived from the second 
audio signal portion by a gain value (x). In other embodiments, a gain value may, e.g., be 

30 multiplied. 

In some embodiments, the gain value (x) may, e.g., indicate a gain introduced by Linear 

predictive coding synthesis, or the gain value (x) may, e.g., indicate a gain introduced by 

Linear predictive coding synthesis and deemphasis. 

35 

in Fig. 6, unit 622 provides the value (x) which indicates the gain introduced by Linear 

predictive coding synthesis and deemphasis. Unit 622 then divides the value, provided by 

the second aggregation unit 660, which is a value derived from the second audio signal 



WO 2014/202786 
62 

PCT/EP2014/063173 

portion, by the provided gain value (x) (e.g., either by dividing by x, or by multiplying the 
value 1/x). Thus, unit 620 of Fig. 6 which comprises units 621 and 622 implements the 
first transform unit of Fig. 1a, Fig. 1b or Fig. 1c. 

5 The apparatus of Fig. 6 receives a first frame with a first audio signal portion being a 

voiced excitation and/or an unvoiced excitation and being represented in the tracing 
domain, in Fig. 6 an (ACELP) LPC domain. The first audio signal portion is fed into an 

LPC Synthesis and De-Emphasis unit 671 for processing to obtain a time-domain first 
audio signal portion output. Moreover, the first audio signal portion is fed into RMS module 

10 650 to obtain a first value indicating a root mean square of the first audio signal portion. 
This first value (first RMS value) is represented in the tracing domain. The first RMS 
value, being represented in the tracing domain, is then fed into the noise level tracing unit 
630. 

15 Moreover, the apparatus of Fig. 6 receives a second frame with a second audio signal 
portion comprising an MDCT spectrum and being represented in an MDCT domain. Noise 
filling is conducted by a noise filling module 681, frequency-domain noise shaping is 
conducted by a frequency-domain noise shaping module 682, transformation to the time 
domain is conducted by an iMDCT/OLA module 683 (OLA = overlap-add) and long-term 

20 prediction is conducted by a long-term prediction unit 684. The long-term prediction unit 
may, e.g., comprise a delay buffer (not shown in Fig. 6). 

The signal derived from the second audio signal portion is then fed into RMS module 660 
to obtain a second value indicating a root mean square of that signal derived from the 

25 second audio signal portion is obtained. This second value (second RMS value) is still 
represented in the time domain. Unit 620 then transforms the second RMS value from the 
time domain to the tracing domain, here, the (ACELP) LPC domain. The second RMS 
value, being represented in the tracing domain, is then fed into the noise level tracing unit 
630. 

30 
In embodiments, level tracing is conducted in the excitation domain, but TCX fade-out is 

conducted in the time domain. 

35 
Whereas during normal decoding the background noise level is traced, it may, e.g., be 
used during packet loss as an indicator of an appropriate comfort noise level, to which the 

last received signal is smoothly faded level-wise. 
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Deriving the level for tracing and applying the level fade-out are in general independent 
from each other and could be performed in different domains. In the preferred 
embodiment, the level application is performed in the same domains as the level 
derivation, leading to the same benefits that for ACELP, no gain compensation is needed, 

5 and that for TCX, the inverse gain compensation as for the level derivation (see Fig. 6) is 
needed and hence the same gain derivation can be used, as illustrated by Fig. 7. 

In the following, compensation of an influence of the high pass filter on the LPC synthesis 
gain according to embodiments is described. 

10 
Fig. 8 outlines this approach. In particular, Fig. 8 illustrates comfort noise level application 
during packet loss. 

In Fig. 8, high pass gain filter unit 643, multiplication unit 644, fading unit 645, high pass 
15 filter unit 646, fading unit 647 and combination unit 648 together form a first reconstruction 

unit. 

Moreover, in Fig. 8, background level provision unit 631 provides the noise level 
information. For example, background level provision unit 631 may be equally 

20 implemented as background level tracing unit 630 of Fig. 6. 

Furthermore, in Fig. 8, LPC Synthesis & De-Emphasis Gain Unit 649 and multiplication 

unit 641 together for a second transform unit 640. 

25 Moreover, in Fig. 8, fading unit 642 represents a second reconstruction unit. 

In the embodiment of Fig. 8, voiced and unvoiced excitation are faded separately: The 

voiced excitation is faded to zero, but the unvoiced excitation is faded towards the comfort 

noise level. Fig. 8 furthermore depicts a high pass filter, which is introduced into the signal 
30 chain of the unvoiced excitation to suppress low frequency components for all cases 

except when the signal was classified as unvoiced. 

As to mode! the influence of the high pass filter, the level after LPC synthesis and de­

emphasis is computed once with and once without the high pass filter. Subsequently the 

35 ratio of those two levels is derived and used to alter the applied background level. 

This is illustrated by Fig. 9. in particular, Fig. 9 depicts advanced high pass gain 

compensation during ACELP concealment according to an embodiment. 
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Instead of the current excitation signal just a simple impulse is used as input for this 
computation. This allows for a reduced complexity, since the impulse response decays 
quickly and so the RMS derivation can be performed on a shorter time frame. In practice, 

5 just one subframe is used instead of the whole frame. 

According to an embodiment, the noise level tracing unit 130 is configured to determine a 
comfort noise level as the noise level information. The reconstruction unit 140 is 
configured to reconstruct the third audio signal portion depending on the noise level 

10 information, if said third frame of the plurality of frames is not received by the receiving 
interface 110 or if said third frame is received by the receiving interface 110 but is 
corrupted. 

According to an embodiment, the noise level tracing unit 130 is configured to determine a 
15 comfort noise level as the noise level information. The reconstruction unit 140 is 

configured to reconstruct the third audio signal portion depending on the noise level 
information, if said third frame of the plurality of frames is not received by the receiving 
interface 110 or if said third frame is received by the receiving interface 110 but is 
corrupted. 

20 
In an embodiment, the noise level tracing unit 130 is configured to determine a comfort 
noise level as the noise level information derived from a noise level spectrum, wherein 
said noise level spectrum is obtained by applying the minimum statistics approach. The 
reconstruction unit 140 is configured to reconstruct the third audio signal portion 

25 depending on a plurality of Linear Predictive coefficients, if said third frame of the plurality 
of frames is not received by the receiving interface 110 or if said third frame is received by 
the receiving interface 110 but is corrupted. 

In an embodiment, the (first and/or second) reconstruction unit 140, 141 may, e.g., be 
30 configured to reconstruct the third audio signal portion depending on the noise level 

information and depending on the first audio signal portion, if said third (fourth) frame of 
the plurality of frames is not received by the receiving interface 110 or if said third (fourth) 
frame is received by the receiving interface 110 but is corrupted. 

35 According to an embodiment, the (first and/or second) reconstruction unit 140, 141 may, 
e.g., be configured to reconstruct the third (or fourth) audio signal portion by attenuating or 
amplifying the first audio signal portion. 
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Fig. 14 illustrates an apparatus for decoding an audio signal. The apparatus comprises a 
receiving interface 110, wherein the receiving interface 110 is configured to receive a first 
frame comprising a first audio signal portion of the audio signai, and wherein the receiving 
interface 110 is configured to receive a second frame comprising a second audio signal 

5 portion of the audio signal. 

Moreover, the apparatus comprises a noise level tracing unit 130, wherein the noise level 
tracing unit 130 is configured to determine noise level information depending on at least 
one of the first audio signal portion and the second audio signal portion (this means: 

10 depending on the first audio signal portion and/or the second audio signal portion), 

wherein the noise level information is represented in a tracing domain. 

Furthermore, the apparatus comprises a first reconstruction unit 140 for reconstructing, in 
a first reconstruction domain, a third audio signal portion of the audio signal depending on 

15 the noise level information, if a third frame of the plurality of frames is not received by the 
receiving interface 110 or if said third frame is received by the receiving interface 110 but 
is corrupted, wherein the first reconstruction domain is different from or equal to the 

tracing domain. 

20 Moreover, the apparatus comprises a transform unit 121 for transforming the noise level 
information from the tracing domain to a second reconstruction domain, if a fourth frame 

of the plurality of frames is not received by the receiving interface 110 or if said fourth 
frame is received by the receiving interface 110 but is corrupted, wherein the second 
reconstruction domain is different from the tracing domain, and wherein the second 

25 reconstruction domain is different from the first reconstruction domain, and 

Furthermore, the apparatus comprises a second reconstruction unit 141 for 
reconstructing, in the second reconstruction domain, a fourth audio signal portion of the 
audio signal depending on the noise level information being represented in the second 

30 reconstruction domain, if said fourth frame of the plurality of frames is not received by the 
receiving interface 110 or if said fourth frame is received by the receiving interface 110 but 
is corrupted. 

According to some embodiments, the tracing domain may, e.g., be wherein the tracing 

35 domain is a time domain, a spectral domain, an FFT domain, an MDCT domain, or an 

excitation domain. The first reconstruction domain may, e.g., be the time domain, the 
spectral domain, the FFT domain, the MDCT domain, or the excitation domain. The 
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second reconstruction domain may .e.g., be the time domain, the spectral domain, the 
FFT domain, the MDCT domain, or the excitation domain. 

In an embodiment, the tracing domain may, e.g., be the FFT domain, the first 
5 reconstruction domain may, e.g., be the time domain, and the second reconstruction 

domain may, e.g., be the excitation domain. 

In another embodiment, the tracing domain may, e.g., be the time domain, the first 
reconstruction domain may, e.g., be the time domain, and the second reconstruction 

10 domain may, e.g., be the excitation domain. 

According to an embodiment, said first audio signal portion may, e.g., be represented in a 
first input domain, and said second audio signal portion may, e.g., be represented in a 
second input domain. The transform unit may, e.g., be a second transform unit. The 

15 apparatus may, e.g., further comprise a first transform unit for transforming the second 
audio signal portion or a value or signal derived from the second audio signal portion from 
the second input domain to the tracing domain to obtain a second signal portion 
information. The noise level tracing unit may, e.g., be configured to receive a first signal 
portion information being represented in the tracing domain, wherein the first signal 

20 portion information depends on the first audio signal portion, wherein the noise level 
tracing unit is configured to receive the second signal portion being represented in the 
tracing domain, and wherein the noise level tracing unit is configured to the determine the 
noise level information depending on the first signal portion information being represented 
in the tracing domain and depending on the second signal portion information being 

25 represented in the tracing domain. 

According to an embodiment, the first input domain may, e.g., be the excitation domain, 
and the second input domain may, e.g., be the MDCT domain. 

30 In another embodiment, the first input domain may, e.g., be the MDCT domain, and 
wherein the second input domain may, e.g., be the MDCT domain. 

If, for example, a signal is represented in a time domain, it may, e.g., be represented by 
time domain samples of the signal. Or, for example, if a signal is represented in a spectral 

35 domain, it may, e.g., be represented by spectral samples of a spectrum of the signal. 
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In an embodiment, the tracing domain may, e.g., be the FFT domain, the first 
reconstruction domain may, e.g., be the time domain, and the second reconstruction 
domain may, e.g., be the excitation domain. 

5 In another embodiment, the tracing domain may, e.g., be the time domain, the first 
reconstruction domain may, e.g., be the time domain, and the second reconstruction 
domain may, e.g., be the excitation domain. 

In some embodiments, the units illustrated in Fig. 14, may, for example, be configured as 
10 described for Fig. 1a, 1b, 1c and 1d. 

Regarding particular embodiments, in, for example, a low rate mode, an apparatus 
according to an embodiment may, for example, receive ACELP frames as an input, which 
are represented in an excitation domain, and which are then transformed to a time 

15 domain via LPC synthesis. Moreover, in the low rate mode, the apparatus according to an 
embodiment may, for example, receive TCX frames as an input, which are represented in 
an MDCT domain, and which are then transformed to a time domain via an inverse 
MDCT. 

20 Tracing is then conducted in an FFT-Domain, wherein the FFT signal is derived from the 
time domain signal by conducting an FFT (Fast Fourier Transform). Tracing may, for 

example, be conducted by conducting a minimum statistics approach, separate for ail 
spectral lines to obtain a comfort noise spectrum. 

25 Concealment is then conducted by conducting level derivation based on the comfort noise 

spectrum. Level derivation is conducted based on the comfort noise spectrum. Level 
conversion into the time domain is conducted for FD TCX PLC. A fading in the time 

domain is conducted. A level derivation into the excitation domain is conducted for ACELP 

PLC and for TD TCX PLC (ACELP like). A fading in the excitation domain is then 
30 conducted. 

The following list summarizes this: 

low rate: 

35 • input: 

o acelp (excitation domain -> time domain, via Ipc 
synthesis) 
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o tcx (mdct domain -> time domain, via inverse MDCT) 

• tracing: 

o fft-domain, derived from time domain via FFT 

o minimum statistics, separate for all spectral lines 
5 -> comfort noise spectrum 

• concealment: 

o level derivation based on the comfort noise 
spectrum 

o level conversion into time domain for 

10 » FD TCX PLC 
-> fading in the time domain 

o level conversion into excitation domain for 

- ACELP PLC 

« TD TCX PLC (ACELP like) 
15 -> fading in the excitation domain 

In, for example, a high rate mode, may, for example, receive TCX frames as an input, 
which are represented in the MDCT domain, and which are then transformed to the time 
domain via an inverse MDCT. 

Tracing may then be conducted in the time domain. Tracing may, for example, be 
conducted by conducting a minimum statistics approach based on the energy level to 
obtain a comfort noise level. 

25 For concealment, for FD TCX PLC, the level may be used as is and only a fading in the 
time domain may be conducted. For TD TCX PLC (ACELP like), level conversion into the 

excitation domain and fading in the excitation domain is conducted. 

The following list summarizes this: 
30 

high rate: 

• input: 

o tcx (mdct domain -> time domain, via inverse MDCT) 

• tracing: 
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o time-domain 

o minimum statistics on the energy level -> comfort 
noise level 

• concealment: 

5 o level usage "as is" 

- FD TCX PLC 
-> fading in the time domain 

o level conversion into excitation domain for 

• TD TCX PLC (ACELP like) 
10 -> fading in the excitation domain 

The FFT domain and the MDCT domain are both spectral domains, whereas the 
excitation domain is some kind of time domain. 

15 According to an embodiment, the first reconstruction unit 140 may, e.g., be configured to 
reconstruct the third audio signal portion by conducting a first fading to a noise like 
spectrum. The second reconstruction unit 141 may, e.g., be configured to reconstruct the 
fourth audio signal portion by conducting a second fading to a noise like spectrum and/or 

a second fading of an LTP gain. Moreover, the first reconstruction unit 140 and the 
20 second reconstruction unit 141 may, e.g., be configured to conduct the first fading and the 

second fading to a noise like spectrum and/or a second fading of an LTP gain with the 
same fading speed. 

Now adaptive spectral shaping of comfort noise is considered. 
25 

To achieve adaptive shaping to comfort noise during burst packet loss, as a first step, 
finding appropriate LPC coefficients which represent the background noise may be 
conducted. These LPC coefficients may be derived during active speech using a minimum 
statistics approach for finding the background noise spectrum and then calculating LPC 

30 coefficients from it by using an arbitrary algorithm for LPC derivation known from the 
literature. Some embodiments, for example, may directly convert the background noise 

spectrum into a representation which can be used directly for FDNS in the MDCT domain. 

The fading to comfort noise can be done in the ISF domain (also applicable In LSF 

35 domain; LSF Line spectral frequency): 
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/current [?'] — a ' flast[i\ + (1 Q") - ptmean [i] i —• 0...16 

by setting ptmem to appropriate LP coefficients describing the comfort noise. 

5 Regarding the above-described adaptive spectral shaping of the comfort noise, a more 
general embodiment is illustrated by Fig. 11. 

Fig. 11 illustrates an apparatus for decoding an encoded audio signal to obtain a 
reconstructed audio signal according to an embodiment. 

10 
The apparatus comprises a receiving interface 1110 for receiving one or more frames, a 
coefficient generator 1120, and a signal reconstructor 1130. 

The coefficient generator 1120 is configured to determine, if a current frame of the one or 
15 more frames is received by the receiving interface 1110 and if the current frame being 

received by the receiving interface 1110 is not corrupted/erroneous, one or more first 
audio signal coefficients, being comprised by the current frame, wherein said one or more 
first audio signal coefficients indicate a characteristic of the encoded audio signal, and one 
or more noise coefficients indicating a background noise of the encoded audio signal. 

20 Moreover, the coefficient generator 1120 is configured to generate one or more second 
audio signal coefficients, depending on the one or more first audio signal coefficients and 
depending on the one or more noise coefficients, if the current frame is not received by 
the receiving interface 1110 or if the current frame being received by the receiving 
interface 1110 is corrupted/erroneous. 

25 
The audio signal reconstructor 1130 is configured to reconstruct a first portion of the 
reconstructed audio signal depending on the one or more first audio signal coefficients, if 
the current frame is received by the receiving interface 1110 and if the current frame being 
received by the receiving interface 1110 is not corrupted. Moreover, the audio signal 

30 reconstructor 1130 is configured to reconstruct a second portion of the reconstructed 
audio signal depending on the one or more second audio signal coefficients, if the current 

frame is not received by the receiving interface 1110 or if the current frame being received 

by the receiving interface 1110 is corrupted. 

35 Determining a background noise is well known in the art (see, for example, [Mar01]: 

Rainer Martin, Noise power spectral density estimation based on optimal smoothing and 



WO 2014/202786 
71 

PCT/EP2014/063173 

minimum statistics, IEEE Transactions on Speech and Audio Processing 9 (2001), no. 5, 
504 -512), and in an embodiment, the apparatus proceeds accordingly. 

In some embodiments, the one or more first audio signal coefficients may, e.g., be one or 
5 more linear predictive filter coefficients of the encoded audio signal. In some 

embodiments, the one or more first audio signal coefficients may, e.g., be one or more 
linear predictive filter coefficients of the encoded audio signal. 

It is well known in the art how to reconstruct an audio signal, e.g., a speech signal, from 
10 linear predictive filter coefficients or from immittance spectral pairs (see, for example, 

[3GP09c]: Speech codec speech processing functions; adaptive multi-rate - wideband 
(AMRWB) speech codec; transcoding functions, 3GPP TS 26.190, 3rd Generation 
Partnership Project, 2009), and in an embodiment, the signal reconstructor proceeds 
accordingly. 

15 
According to an embodiment, the one or more noise coefficients may, e.g., be one or 
more linear predictive filter coefficients indicating the background noise of the encoded 
audio signal. In an embodiment, the one or more linear predictive filter coefficients may, 
e.g., represent a spectral shape of the background noise. 

20 
In an embodiment, the coefficient generator 1120 may, e.g., be configured to determine 
the one or more second audio signal portions such that the one or more second audio 
signal portions are one or more linear predictive filter coefficients of the reconstructed 
audio signal, or such that the one or more first audio signal coefficients are one or more 

25 immittance spectral pairs of the reconstructed audio signal. 

According to an embodiment, the coefficient generator 1120 may, e.g., be configured to 
generate the one or more second audio signal coefficients by applying the formula: 

2Q f current [^] = (* ' flast [i] + (1 ~ Q') * pi-mean ['^] 

wherein f urremUl indicates one of the one or more second audio signal coefficients, 
wherein fast[i] indicates one of the one or more first audio signal coefficients, wherein 

ptmean[i] is one of the one or more noise coefficients, wherein a is a real number with 0 s « 

35 £ 1, and wherein i is an index. 
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According to an embodiment, fast[f\ indicates a linear predictive filter coefficient of the 
encoded audio signal, and wherein fCUrrent\}\ indicates a linear predictive filter coefficient of 
the reconstructed audio signal. 

5 In an embodiment, ptmean{i\ may, e.g., be a linear predictive fitter coefficient indicating the 

background noise of the encoded audio signal. 

According to an embodiment, the coefficient generator 1120 may, e.g., be configured to 
generate at least 10 second audio signal coefficients as the one or more second audio 

10 signal coefficients. 

In an embodiment, the coefficient generator 1120 may, e.g., be configured to determine, if 
the current frame of the one or more frames is received by the receiving interface 1110 
and if the current frame being received by the receiving interface 1110 is not corrupted, 

15 the one or more noise coefficients by determining a noise spectrum of the encoded audio 
signal. 

In the following, fading the MDCT Spectrum to White Noise prior to FDNS Application is 
considered. 

20 
Instead of randomly modifying the sign of an MDCT bin (sign scrambling), the complete 
spectrum is filled with white noise, being shaped using the FDNS. To avoid an instant 
change in the spectrum characteristics, a cross-fade between sign scrambling and noise 
filling is applied. The cross fade can be realized as follows: 

25 
for(i = 0; i<L_frame; i++) { 

if (old_x[i] != 0) { 

x [i] (1 cum_damping)*noise[i] + cum_damping * 

random_sign() * x_old[i]; 

30 } 
} 

where: 

35 cumjdamping is the (absolute) attenuation factor - it decreases from frame to frame, 

starting from 1 and decreasing towards 0 

x_old is the spectrum of the last received frame 



WO 2014/202786 
73 

PCT/EP2014/063173 

random__sign returns 1 or -1 

noise contains a random vector (white noise) which is scaled such that its quadratic 

5 mean (RMS) is similar to the last good spectrum. 

The term random_sign () *old_x [i] characterizes the sign-scrambling process to 

randomize the phases and such avoid harmonic repetitions. 

10 Subsequently, another normalization of the energy level might be performed after the 
cross-fade to make sure that the summation energy does not deviate due to the 
correlation of the two vectors. 

According to embodiments, the first reconstruction unit 140 may, e.g., be configured to 
15 reconstruct the third audio signal portion depending on the noise level information and 

depending on the first audio signal portion. In a particular embodiment, the first 
reconstruction unit 140 may, e.g., be configured to reconstruct the third audio signal 
portion by attenuating or amplifying the first audio signal portion. 

20 In some embodiments, the second reconstruction unit 141 may, e.g., be configured to 

reconstruct the fourth audio signal portion depending on the noise level information and 
depending on the second audio signal portion. In a particular embodiment, the second 
reconstruction unit 141 may, e.g., be configured to reconstruct the fourth audio signal 
portion by attenuating or amplifying the second audio signal portion. 

25 
Regarding the above-described fading of the MDCT Spectrum to white noise prior to the 
FDNS application, a more general embodiment is illustrated by Fig. 12. 

Fig. 12 illustrates an apparatus for decoding an encoded audio signal to obtain a 
30 reconstructed audio signal according to an embodiment. 

The apparatus comprises a receiving interface 1210 for receiving one or more frames 

comprising information on a plurality of audio signal samples of an audio signal spectrum 

of the encoded audio signal, and a processor 1220 for generating the reconstructed audio 
35 signal. 

The processor 1220 is configured to generate the reconstructed audio signal by fading a 

modified spectrum to a target spectrum, if a current frame is not received by the receiving 
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interface 1210 or if the current frame is received by the receiving interface 1210 but is 
corrupted, wherein the modified spectrum comprises a plurality of modified signal 
samples, wherein, for each of the modified signal samples of the modified spectrum, an 

absolute value of said modified signal sample is equal to an absolute value of one of the 
5 audio signal samples of the audio signal spectrum. 

Moreover, the processor 1220 is configured to not fade the modified spectrum to the 
target spectrum, if the current frame of the one or more frames is received by the 
receiving interface 1210 and if the current frame being received by the receiving interface 

10 1210 is not corrupted. 

According to an embodiment, the target spectrum is a noise like spectrum. 

In an embodiment, the noise like spectrum represents white noise. 
15 

According to an embodiment, the noise like spectrum is shaped. 

In an embodiment, the shape of the noise like spectrum depends on an audio signal 
spectrum of a previously received signal. 

20 
According to an embodiment, the noise like spectrum is shaped depending on the shape 
of the audio signal spectrum. 

In an embodiment, the processor 1220 employs a tilt factor to shape the noise like 
25 spectrum. 

According to an embodiment, the processor 1220 employs the formula 

shaped__noise [i] = noise * power (tilt_factor, i/N) 

30 
wherein N indicates the number of samples, 

wherein i is an index, 

35 wherein 0<= i < N, with tilt_factor > 0, 

wherein power is a power function. 
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If the tilt_factor is smaller 1 this means attenuation with increasing i. If the 
tilt_f actor is larger 1 means amplification with increasing i. 

According to another embodiment, the processor 1220 may employ the formula 
5 

shaped_noise[i] = noise * (1 + i / (N-l) * (tilt_factor-1)) 

wherein N indicates the number of samples, 

10 wherein i is an index, wherein 0<= i < N, 

with tilt_factor > 0. 

According to an embodiment, the processor 1220 is configured to generate the modified 
15 spectrum, by changing a sign of one or more of the audio signal samples of the audio 

signal spectrum, if the current frame is not received by the receiving interface 1210 or if 
the current frame being received by the receiving interface 1210 is corrupted. 

In an embodiment, each of the audio signal samples of the audio signal spectrum is 
20 represented by a real number but not by an imaginary number. 

According to an embodiment, the audio signal samples of the audio signal spectrum are 
represented in a Modified Discrete Cosine Transform domain. 

25 In another embodiment, the audio signal samples of the audio signal spectrum are 
represented in a Modified Discrete Sine Transform domain. 

According to an embodiment, the processor 1220 is configured to generate the modified 
spectrum by employing a random sign function which randomly or pseudo-randomly 

30 outputs either a first or a second value. 

In an embodiment, the processor 1220 is configured to fade the modified spectrum to the 
target spectrum by subsequently decreasing an attenuation factor. 

35 According to an embodiment, the processor 1220 is configured to fade the modified 

spectrum to the target spectrum by subsequently increasing an attenuation factor. 
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In an embodiment, if the current frame is not received by the receiving interface 1210 or if 
the current frame being received by the receiving interface 1210 is corrupted, the 
processor 1220 is configured to generate the reconstructed audio signal by employing the 
formula: 

5 
x [i] = (1-cum_damping) * noise[i] + cum_damping * 

random_sign() * x_old[i] 

wherein i is an index, wherein x[i] indicates a sample of the reconstructed audio 
10 signal, wherein cum_damping is an attenuation factor, wherein x_old[i] indicates 

one of the audio signal samples of the audio signal spectrum of the encoded audio signal, 
wherein random_sign() returns 1 or -1, and wherein noise is a random vector 
indicating the target spectrum. 

15 Some embodiments continue a TCX LTP operation. In those embodiments, the TCX LTP 
operation is continued during concealment with the LTP parameters (LTP lag and LTP 
gain) derived from the last good frame. 

The LTP operations can be summarized as: 
20 

Feed the LTP delay buffer based on the previously derived output. 

Based on the LTP lag: choose the appropriate signal portion out of the LTP delay 
buffer that is used as LTP contribution to shape the current signal. 

25 
Rescale this LTP contribution using the LTP gain. 

Add this rescaled LTP contribution to the LTP input signal to generate the LTP 
output signal. 

30 
Different approaches could be considered with respect to the time, when the LTP delay 
buffer update is performed: 

As the first LTP operation in frame n using the output from the last frame n-1. This 
35 updates the LTP delay buffer in frame n to be used during the LTP processing in frame n. 
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As the last LTP operation in frame n using the output from the current frame n. This 
updates the LTP delay buffer in frame n to be used during the LTP processing in frame 
n + 1, 

5 In the following, decoupling of the TCX LTP feedback loop is considered. 

Decoupling the TCX LTP feedback loop avoids the introduction of additional noise 
(resulting from the noise substitution applied to the LPT input signal) during each 
feedback loop of the LTP decoder when being in concealment mode. 

10 
Fig. 10 illustrates this decoupling. In particular, Fig. 10 depicts the decoupling of the LTP 
feedback loop during concealment (bfi=1). 

Fig. 10 illustrates a delay buffer 1020, a sample selector 1030, and a sample processor 
15 1040 (the sample processor 1040 is indicated by the dashed line). 

Towards the time, when the LTP delay buffer 1020 update is performed, some 
embodiments proceed as follows: 

20 - For the normal operation: To update the LTP delay buffer 1020 as the first LTP 
operation might be preferred, since the summed output signal is usually stored 
persistently. With this approach, a dedicated buffer can be omitted. 

For the decoupled operation: To update the LTP delay buffer 1020 as the last LTP 
25 operation might be preferred, since the LTP contribution to the signal is usually just 

stored temporarily. With this approach, the transitorily LTP contribution signal is 
preserved. Implementation-wise this LTP contribution buffer could just be made 

persistent. 

30 Assuming that the latter approach is used in any case (normal operation and 

concealment), embodiments, may, e.g., implement the following: 

During normal operation: The time domain signal output of the LTP decoder after 
its addition to the LTP input signal is used to feed the LTP delay buffer. 

35 

During concealment: The time domain signal output of the LTP decoder prior to its 
addition to the LTP input signal is used to feed the LTP delay buffer. 
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Some embodiments fade the TCX LTP gain towards zero. In such embodiment, the TCX 
LTP gain may, e.g., be faded towards zero with a certain, signal adaptive fade-out factor. 
This may, e.g., be done iteratively, for example, according to the following pseudo-code: 

5 gain = gain_past * damping; 

[• • •] 
gain_past = gain; 

where: 
10 

gain is the TCX LTP decoder gain applied in the current frame; 

gain_past is the TCX LTP decoder gain applied in the previous frame; 

15 damping is the (relative) fade-out factor. 

Fig. 1d illustrates an apparatus according to a further embodiment, wherein the apparatus 
further comprises a long-term prediction unit 170 comprising a delay buffer 180. The long-
term prediction unit 170 is configured to generate a processed signal depending on the 

20 second audio signal portion, depending on a delay buffer input being stored in the delay 
buffer 180 and depending on a long-term prediction gain. Moreover, the long-term 
prediction unit is configured to fade the long-term prediction gain towards zero, if said third 
frame of the plurality of frames is not received by the receiving interface 110 or if said third 
frame is received by the receiving interface 110 but is corrupted. 

25 
In other embodiments (not shown), the long-term prediction unit may, e.g., be configured 
to generate a processed signal depending on the first audio signal portion, depending on 
a delay buffer input being stored in the delay buffer and depending on a long-term 
prediction gain. 

30 

In Fig. 1 d, the first reconstruction unit 140 may, e.g., generate the third audio signal 
portion furthermore depending on the processed signal. 

In an embodiment, the long-term prediction unit 170 may, e.g., be configured to fade the 

35 long-term prediction gain towards zero, wherein a speed with which the long-term 

prediction gain is faded to zero depends on a fade-out factor. 
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Alternatively or additionally, the long-term prediction unit 170 may, e.g., be configured to 
update the delay buffer 180 input by storing the generated processed signal in the delay 
buffer 180 if said third frame of the plurality of frames is not received by the receiving 
interface 110 or if said third frame is received by the receiving interface 110 but is 

5 corrupted. 

Regarding the above-described usage of TCX LTP, a more general embodiment is 
illustrated by Fig. 13. 

10 Fig. 13 illustrates an apparatus for decoding an encoded audio signal to obtain a 
reconstructed audio signal. 

The apparatus comprises a receiving interface 1310 for receiving a plurality of frames, a 
delay buffer 1320 for storing audio signal samples of the decoded audio signal, a sample 

15 selector 1330 for selecting a plurality of selected audio signal samples from the audio 
signal samples being stored in the delay buffer 1320, and a sample processor 1340 for 
processing the selected audio signal samples to obtain reconstructed audio signal 
samples of the reconstructed audio signal. 

20 The sample selector 1330 is configured to select, if a current frame is received by the 
receiving interface 1310 and if the current frame being received by the receiving interface 
1310 is not corrupted, the plurality of selected audio signal samples from the audio signal 
samples being stored in the delay buffer 1320 depending on a pitch lag information being 
comprised by the current frame. Moreover, the sample selector 1330 is configured to 

25 select, if the current frame is not received by the receiving interface 1310 or if the current 
frame being received by the receiving interface 1310 is corrupted, the plurality of selected 
audio signal samples from the audio signal samples being stored in the delay buffer 1320 
depending on a pitch lag information being comprised by another frame being received 
previously by the receiving interface 1310. 

30 
According to an embodiment, the sample processor 1340 may, e.g., be configured to 
obtain the reconstructed audio signal samples, if the current frame is received by the 

receiving interface 1310 and if the current frame being received by the receiving interface 

1310 is not corrupted, by rescaling the selected audio signal samples depending on the 
35 gain information being comprised by the current frame. Moreover, the sample selector 

1330 may, e.g., be configured to obtain the reconstructed audio signal samples, if the 
current frame is not received by the receiving interface 1310 or if the current frame being 

received by the receiving interface 1310 is corrupted, by rescaling the selected audio 
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signal samples depending on the gain information being comprised by said another frame 
being received previously by the receiving interface 1310. 

In an embodiment, the sample processor 1340 may, e.g., be configured to obtain the 
5 reconstructed audio signal samples, if the current frame is received by the receiving 

interface 1310 and if the current frame being received by the receiving interface 1310 is 
not corrupted, by multiplying the selected audio signal samples and a value depending on 

the gain information being comprised by the current frame. Moreover, the sample selector 
1330 is configured to obtain the reconstructed audio signal samples, if the current frame is 

10 not received by the receiving interface 1310 or if the current frame being received by the 
receiving interface 1310 is corrupted, by multiplying the selected audio signal samples 
and a value depending on the gain information being comprised by said another frame 
being received previously by the receiving interface 1310. 

15 According to an embodiment, the sample processor 1340 may, e.g., be configured to 
store the reconstructed audio signal samples into the delay buffer 1320. 

In an embodiment, the sample processor 1340 may, e.g., be configured to store the 

reconstructed audio signal samples into the delay buffer 1320 before a further frame is 
20 received by the receiving interface 1310. 

According to an embodiment, the sample processor 1340 may, e.g., be configured to 
store the reconstructed audio signal samples into the delay buffer 1320 after a further 
frame is received by the receiving interface 1310. 

25 
In an embodiment, the sample processor 1340 may, e.g., be configured to rescale the 
selected audio signal samples depending on the gain information to obtain rescaled audio 
signal samples and by combining the rescaled audio signal samples with input audio 
signal samples to obtain the processed audio signal samples. 

30 
According to an embodiment, the sample processor 1340 may, e.g., be configured to 
store the processed audio signal samples, indicating the combination of the rescaled 

audio signal samples and the input audio signal samples, into the delay buffer 1320, and 
to not store the rescaled audio signal samples into the delay buffer 1320, if the current 

35 frame is received by the receiving interface 1310 and if the current frame being received 

by the receiving interface 1310 is not corrupted. Moreover, the sample processor 1340 is 

configured to store the rescaled audio signal samples into the delay buffer 1320 and to not 

store the processed audio signal samples into the delay buffer 1320, if the current frame is 
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not received by the receiving interface 1310 or if the current frame being received by the 
receiving interface 1310 is corrupted. 

According to another embodiment, the sample processor 1340 may, e.g., be configured to 
5 store the processed audio signal samples into the delay buffer 1320, if the current frame is 

not received by the receiving interface 1310 or if the current frame being received by the 
receiving interface 1310 is corrupted. 

In an embodiment, the sample selector 1330 may, e.g., be configured to obtain the 
10 reconstructed audio signal samples by rescaling the selected audio signal samples 

depending on a modified gain, wherein the modified gain is defined according to the 
formula: 

gain = gain_past * damping; 

15 
wherein gain is the modified gain, wherein the sample selector 1330 may, e.g., be 
configured to set gain_past to gain after gain and has been calculated, and wherein 
damping is a real number. 

20 According to an embodiment, the sample selector 1330 may, e.g., be configured to 

calculate the modified gain. 

In an embodiment, damping may, e.g., be defined according to: 0 < damping < 1. 

25 According to an embodiment, the modified gain gain may, e.g., be set to zero, if at least 

a predefined number of frames have not been received by the receiving interface 1310 
since a frame last has been received by the receiving interface 1310. 

In the following, the fade-out speed is considered. There are several concealment 
30 modules which apply a certain kind of fade-out. While the speed of this fade-out might be 

differently chosen across those modules, it is beneficial to use the same fade-out speed 
for all concealment modules for one core (ACELP or TCX). For example: 

35 
For ACELP, the same fade out speed should be used, in particular, for the adaptive 

codebook (by altering the gain), and/or for the innovative codebook signal (by altering the 
gain). 
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Also, for TCX, the same fade out speed should be used, in particular, for time domain 
signal, and/or for the LTP gain (fade to zero), and/or for the LPC weighting (fade to one), 
and/or for the LP coefficients (fade to background spectral shape), and/or for the cross-

fade to white noise. 
5 

It might further be preferable to also use the same fade-out speed for ACELP and TCX, 
but due to the different nature of the cores it might also be chosen to use different fade-
out speeds. 

10 This fade-out speed might be static, but is preferably adaptive to the signal characteristics. 
For example, the fade-out speed may, e.g., depend on the LPC stability factor (TCX) 
and/or on a classification, and/or on a number of consecutively lost frames. 

The fade-out speed may, e.g., be determined depending on the attenuation factor, which 
15 might be given absolutely or relatively, and which might also change over time during a 

certain fade-out. 

In embodiments, the same fading speed is used for LTP gain fading as for the white noise 
fading. 

20 
An apparatus, method and computer program for generating a comfort noise signal as 
described above have been provided. 

Although some aspects have been described in the context of an apparatus, it is clear that 
25 these aspects also represent a description of the corresponding method, where a block or 

device corresponds to a method step or a feature of a method step. Analogously, aspects 
described in the context of a method step also represent a description of a corresponding 
block or item or feature of a corresponding apparatus. 

30 The inventive decomposed signal can be stored on a digital storage medium or can be 
transmitted on a transmission medium such as a wireless transmission medium or a wired 
transmission medium such as the Internet. 

Depending on certain implementation requirements, embodiments of the invention can be 
35 implemented in hardware or in software. The implementation can be performed using a 

digital storage medium, for example a floppy disk, a DVD, a CD, a ROM, a PROM, an 
EPROM. an EEPROM or a FLASH memory, having electronically readable control signals 
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stored thereon, which cooperate (or are capable of cooperating) with a programmable 
computer system such that the respective method is performed. 

Some embodiments according to the invention comprise a non-transitory data carrier 
5 having electronically readable control signals, which are capable of cooperating with a 

programmable computer system, such that one of the methods described herein is 
performed. 

Generally, embodiments of the present invention can be implemented as a computer 
10 program product with a program code, the program code being operative for performing 

one of the methods when the computer program product runs on a computer. The 
program code may for example be stored on a machine readable carrier. 

Other embodiments comprise the computer program for performing one of the methods 
15 described herein, stored on a machine readable carrier. 

In other words, an embodiment of the inventive method is, therefore, a computer program 
having a program code for performing one of the methods described herein, when the 

computer program runs on a computer. 
20 

A further embodiment of the inventive methods is, therefore, a data carrier (or a digital 
storage medium, or a computer-readable medium) comprising, recorded thereon, the 
computer program for performing one of the methods described herein. 

25 A further embodiment of the inventive method is, therefore, a data stream or a sequence 

of signals representing the computer program for performing one of the methods 
described herein. The data stream or the sequence of signals may for example be 
configured to be transferred via a data communication connection, for example via the 
Internet. 

30 
A further embodiment comprises a processing means, for example a computer, or a 
programmable logic device, configured to or adapted to perform one of the methods 

described herein. 

35 A further embodiment comprises a computer having installed thereon the computer 

program for performing one of the methods described herein. 
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In some embodiments, a programmable logic device (for example a field programmable 
gate array) may be used to perform some or all of the functionalities of the methods 
described herein. In some embodiments, a field programmable gate array may cooperate 
with a microprocessor in order to perform one of the methods described herein. Generally, 

5 the methods are preferably performed by any hardware apparatus. 

The above described embodiments are merely illustrative for the principles of the present 

invention. It is understood that modifications and variations of the arrangements and the 
details described herein will be apparent to others skilled in the art. It is the intent, 

10 therefore, to be limited only by the scope of the impending patent claims and not by the 
specific details presented by way of description and explanation of the embodiments 

herein. 
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Claims 

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

5 
a receiving interface (1110) for receiving one or more frames, 

a coefficient generator (1120), and 

10 a signal reconstructor (1130), 

wherein the coefficient generator (1120) is configured to determine, if a current 
frame of the one or more frames is received by the receiving interface (1110) and if 
the current frame being received by the receiving interface (1110) is not corrupted, 

15 one or more first audio signal coefficients, being comprised by the current frame, 
wherein said one or more first audio signal coefficients indicate a characteristic of 
the encoded audio signal, and one or more noise coefficients indicating a 
background noise of the encoded audio signal, 

20 wherein the coefficient generator (1120) is configured to generate one or more 
second audio signal coefficients, depending on the one or more first audio signal 

coefficients and depending on the one or more noise coefficients, if the current 
frame is not received by the receiving interface (1110) or if the current frame being 
received by the receiving interface (1110) is corrupted, 

25 

wherein the audio signal reconstructor (1130) is configured to reconstruct a first 
portion of the reconstructed audio signal depending on the one or more first audio 
signal coefficients, if the current frame is received by the receiving interface (1110) 

and if the current frame being received by the receiving interface (1110) is not 
30 corrupted, and 

wherein the audio signal reconstructor (1130) is configured to reconstruct a second 

portion of the reconstructed audio signal depending on the one or more second 
audio signal coefficients, if the current frame is not received by the receiving 

35 interface (1110) or if the current frame being received by the receiving interface 

(1110) is corrupted. 
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2. An apparatus according to claim 1, wherein the one or more first audio signal 
coefficients are one or more linear predictive filter coefficients of the encoded 
audio signal. 

5 3. An apparatus according to claim 2, wherein the one or more linear predictive filter 
coefficients are represented by one or more immittance spectral pairs or by one or 
more line spectral pairs, or by one or more immittance spectral frequencies, or by 

one or more line spectral frequencies of the encoded audio signal. 

10 4. An apparatus according to one of the preceding claims, wherein the one or more 
noise coefficients are one or more linear predictive filter coefficients indicating the 
background noise of the encoded audio signal. 

5. An apparatus according to one of the preceding claims, wherein the one or more 
15 linear predictive filter coefficients represent a spectral shape of the background 

noise. 

6. An apparatus according to one of the preceding claims, wherein the coefficient 

generator (1120) is configured to determine the one or more second audio signal 
20 portions such that the one or more second audio signal portions are one or more 

linear predictive filter coefficients of the reconstructed audio signal. 

7. An apparatus according to claim 1, 

25 wherein the coefficient generator (1120) is configured to generate the one or more 

second audio signal coefficients by applying the formula: 

/current [?°] — " /last [M 4" (1 ™~ o) " ptmean M 

30 wherein f-urremU] indicates one of the one or more second audio signal coefficients, 

wherein fast[i\ indicates one of the one or more first audio signal coefficients, 

wherein ptmean[i] is one of the one or more noise coefficients, 

35 

wherein a is a real number with 0 < a < 1, and 
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wherein i is an index, 

8. An apparatus according to claim 7, 

5 wherein fiast[i] indicates a linear predictive filter coefficient of the encoded audio 

signal, and 

wherein fCUrrent[i] indicates a linear predictive filter coefficient of the reconstructed 

audio signal. 
10 

9. An apparatus according to claim 8, wherein ptmean[i] indicates the background 

noise of the encoded audio signal. 

10. An apparatus according to one of the preceding claims, wherein the coefficient 
15 generator (1120) is configured to determine, if the current frame of the one or more 

frames is received by the receiving interface (1110) and if the current frame being 
received by the receiving interface (1110) is not corrupted, the one or more noise 
coefficients by determining a noise spectrum of the encoded audio signal. 

20 11. An apparatus according to one of the preceding claims, wherein the coefficient 
generator (1120) is configured to determine LPC coefficients representing 
background noise by using a minimum statistics approach on the signal spectrum 
to determine a background noise spectrum and by calculating the LPC coefficients 
representing a background noise shape from the background noise spectrum. 

25 

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

receiving one or more frames, 
30 

determining, if a current frame of the one or more frames is received and if the 
current frame being received is not corrupted, one or more first audio signal 

coefficients, being comprised by the current frame, wherein said one or more first 

audio signal coefficients indicate a characteristic of the encoded audio signal, and 
35 one or more noise coefficients indicating a background noise of the encoded audio 

signal, 
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generating one or more second audio signal coefficients, depending on the one or 

more first audio signal coefficients and depending on the one or more noise 
coefficients, if the current frame is not received or if the current frame being 

received is corrupted, 
5 

reconstructing a first portion of the reconstructed audio signal depending on the 
one or more first audio signal coefficients, if the current frame is received and if the 
current frame being received is not corrupted, and 

10 reconstructing a second portion of the reconstructed audio signal depending on the 
one or more second audio signal coefficients, if the current frame is not received or 
if the current frame being received is corrupted. 

13. A computer program for implementing the method of claim 12 when being 
15 executed on a computer or signal processor. 

20 


