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Description

FIELD OF THE INVENTION

[0001] The present invention relates to a technique for digitally encoding a sound signal, in particular but not exclusively
a speech signal, in view of transmitting and/or synthesizing this sound signal. More specifically, the present invention
relates to robust encoding and decoding of sound signals to maintain good performance in case of erased frame(s) due,
for example, to channel errors in wireless systems or lost packets in voice over packet network applications.

BACKGROUND OF THE INVENTION

[0002] The demand for efficient digital narrow- and wideband speech encoding techniques with a good trade-off
between the subjective quality and bit rate is increasing in various application areas such as teleconferencing, multimedia,
and wireless communications. Until recently, a telephone bandwidth constrained into a range of 200-3400 Hz has mainly
been used in speech coding applications. However, wideband speech applications provide increased intelligibility and
naturalness in communication compared to the conventional telephone bandwidth. A bandwidth in the range of 50-7000
Hz has been found sufficient for delivering a good quality giving an impression of face-to-face communication. For
general audio signals, this bandwidth gives an acceptable subjective quality, but is still lower than the quality of FM radio
or CD that operate on ranges of 20-16000 Hz and 20-20000 Hz, respectively.
[0003] A speech encoder converts a speech signal into a digital bit stream which is transmitted over a communication
channel or stored in a storage medium. The speech signal is digitized, that is, sampled and quantized with usually 16-
bits per sample. The speech encoder has the role of representing these digital samples with a smaller number of bits
while maintaining a good subjective speech quality. The speech decoder or synthesizer operates on the transmitted or
stored bit stream and converts it back to a sound signal.
[0004] Code-Excited Linear Prediction (CELP) coding is one of the best available techniques for achieving a good
compromise between the subjective quality and bit rate. This encoding technique is a basis of several speech encoding
standards both in wireless and wireline applications. In CELP encoding, the sampled speech signal is processed in
successive blocks of L samples usually called frames, where L is a predetermined number corresponding typically to
10-30 ms. A linear prediction (LP) filter is computed and transmitted every frame. The computation of the LP filter typically
needs a lookahead, a 5-15 ms speech segment from the subsequent frame. The L-sample frame is divided into smaller
blocks called subframes. Usually the number of subframes is three or four resulting in 4-10 ms subframes. In each
subframe, an excitation signal is usually obtained from two components, the past excitation and the innovative, fixed-
codebook excitation. The component formed from the past excitation is often referred to as the adaptive codebook or
pitch excitation. The parameters characterizing the excitation signal are coded and transmitted to the decoder, where
the reconstructed excitation signal is used as the input of the LP filter.
[0005] As the main applications of low bit rate speech encoding are wireless mobile communication systems and voice
over packet networks, then increasing the robustness of speech codecs in case of frame erasures becomes of significant
importance. In wireless cellular systems, the energy of the received signal can exhibit frequent severe fades resulting
in high bit error rates and this becomes more evident at the cell boundaries. In this case the channel decoder fails to
correct the errors in the received frame and as a consequence, the error detector usually used after the channel decoder
will declare the frame as erased. In voice over packet network applications, the speech signal is packetized where usually
a 20 ms frame is placed in each packet. In packet-switched communications, a packet dropping can occur at a router if
the number of packets become very large, or the packet can reach the receiver after a long delay and it should be
declared as lost if its delay is more than the length of a jitter buffer at the receiver side. In these systems, the codec is
subjected to typically 3 to 5% frame erasure rates. Furthermore, the use of wideband speech encoding is an important
asset to these systems in order to allow them to compete with traditional PSTN (public switched telephone network) that
uses the legacy narrow band speech signals.
[0006] The adaptive codebook, or the pitch predictor, in CELP plays an important role in maintaining high speech
quality at low bit rates. However, since the content of the adaptive codebook is based on the signal from past frames,
this makes the codec model sensitive to frame loss. In case of erased or lost frames, the content of the adaptive codebook
at the decoder becomes different from its content at the encoder. Thus, after a lost frame is concealed and consequent
good frames are received, the synthesized signal in the received good frames is different from the intended synthesis
signal since the adaptive codebook contribution has been changed. The impact of a lost frame depends on the nature
of the speech segment in which the erasure occurred. If the erasure occurs in a stationary segment of the signal then
an efficient frame erasure concealment can be performed and the impact on consequent good frames can be minimized.
On the other hand, if the erasure occurs in an speech onset or a transition, the effect of the erasure can propagate
through several frames. For instance, if the beginning of a voiced segment is lost, then the first pitch period will be
missing from the adaptive codebook content. This will have a severe effect on the pitch predictor in consequent good
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frames, resulting in long time before the synthesis signal converge to the intended one at the encoder.
[0007] Document WO 01/086637 describes a method for reducing the probability that a speech frame be erased during
transmission, which is based on the use of forward error correction (FEC) techniques. Document WO 01/086637 aims
more specifically at improving the quality of speech produced using the FEC techniques.

SUMMARY OF THE INVENTION

[0008] The object of the present invention is achieved by the independent claims. Specific embodiments are defined
in the dependent claims. The present invention relates to a method of concealing frame erasure caused by frames of
an encoded sound signal erased during transmission from an encoder to a decoder, and for accelerating recovery of
the decoder after non erased frames of the encoded sound signal have been received, as claimed in claim 1.
[0009] The present invention also relates to a method for the concealment of frame erasure caused by frames erased
during transmission of a sound signal encoded under the form of signal-encoding parameters from an encoder to a
decoder, and for accelerating recovery of the decoder after non erased frames of the encoded sound signal have been
received, as claimed in claim 39.
[0010] In accordance with the present invention, there is also provided a device for conducting concealment of frame
erasure caused by frames of an encoded sound signal erased during transmission from an encoder to a decoder, and
for accelerating recovery of the decoder after non erased frames of the encoded sound signal have been received, as
claimed in claim 54.
[0011] According to the invention, there is further provided a device for the concealment of frame erasure caused by
frames erased during transmission of a sound signal encoded under the form of signal-encoding parameters from an
encoder to a decoder, and for accelerating recovery of the decoder after non erased frames of the encoded sound signal
have been received, as claimed in claim 75.
[0012] The foregoing and other objects, advantages and features of the present invention will become more apparent
upon reading of the following non restrictive description of illustrative embodiments thereof, given by way of example
only with reference to the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0013]

Figure 1 is a schematic block diagram of a speech communication system illustrating an application of speech
encoding and decoding devices in accordance with the present invention;

Figure 2 is a schematic block diagram of an example of wideband encoding device (AMR-WB encoder);

Figure 3 is a schematic block diagram of an example of wideband decoding device (AMR-WB decoder);

Figure 4 is a simplified block diagram of the AMR-WB encoder of Figure 2, wherein, the down-sampler module, the
high-pass filter module and the pre-emphasis filter module have been grouped in a single pre-processing module,
and wherein the closed-loop pitch search module, the zero-input response calculator module, the impulse response
generator module, the innovative excitation search module and the memory update module have been grouped in
a single closed-loop pitch and innovative codebook search module;

Figure 5 is an extension of the block diagram of Figure 4 in which modules related to an illustrative embodiment of
the present invention have been added;

Figure 6 is a block diagram explaining the situation when an artificial onset is constructed; and

Figure 7 is a schematic diagram showing an illustrative embodiment of a frame classification state machine for the
erasure concealment.

DETAILED DESCRIPTION OF THE ILLUSTRATIVE EMBODIMENTS

[0014] Although the illustrative embodiments of the present invention will be described in the following description in
relation to a speech signal, it should be kept in mind that the concepts of the present invention equally apply to other
types of signal, in particular but not exclusively to other types of sound signals.
[0015] Figure 1 illustrates a speech communication system 100 depicting the use of speech encoding and decoding
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in the context of the present invention. The speech communication system 100 of Figure 1 supports transmission of a
speech signal across a communication channel 101. Although it may comprise for example a wire, an optical link or a
fiber link, the communication channel 101 typically comprises at least in part a radio frequency link. The radio frequency
link often supports multiple, simultaneous speech communications requiring shared bandwidth resources such as may
be found with cellular telephony systems. Although not shown, the communication channel 101 may be replaced by a
storage device in a single device embodiment of the system 100 that records and stores the encoded speech signal for
later playback.
[0016] In the speech communication system 100 of Figure 1, a microphone 102 produces an analog speech signal
103 that is supplied to an analog-to-digital (A/D) converter 104 for converting it into a digital speech signal 105. A speech
encoder 106 encodes the digital speech signal 105 to produce a set of signal-encoding parameters 107 that are coded
into binary form and delivered to a channel encoder 108. The optional channel encoder 108 adds redundancy to the
binary representation of the signal-encoding parameters 107 before transmitting them over the communication channel
101.
[0017] In the receiver, a channel decoder 109 utilizes the said redundant information in the received bit stream 111
to detect and correct channel errors that occurred during the transmission. A speech decoder 110 converts the bit stream
112 received from the channel decoder 109 back to a set of signal-encoding parameters and creates from the recovered
signal-encoding parameters a digital synthesized speech signal 113. The digital synthesized speech signal 113 recon-
structed at the speech decoder 110 is converted to an analog form 114 by a digital-to-analog (D/A) converter 115 and
played back through a loudspeaker unit 116.
[0018] The illustrative embodiment of efficient frame erasure concealment method disclosed in the present specification
can be used with either narrowband or wideband linear prediction based codecs. The present illustrative embodiment
is disclosed in relation to a wideband speech codec that has been standardized by the International Telecommunications
Union (ITU) as Recommendation G.722.2 and known as the AMR-WB codec (Adaptive Multi-Rate Wideband codec)
[ITU-T Recommendation G.722.2 "Wideband coding of speech at around 16 kbit/s using Adaptive Multi-Rate Wideband
(AMR-WB)", Geneva, 2002]. This codec has also been selected by the third generation partnership project (3GPP) for
wideband telephony in third generation wireless systems [3GPP TS 26.190, "AMR Wideband Speech Codec: Transcoding
Functions," 3GPP Technical Specification]. AMR-WB can operate at 9 bit rates ranging from 6.6 to 23.85 kbit/s. The bit
rate of 12.65 kbit/s is used to illustrate the present invention.
[0019] Here, it should be understood that the illustrative embodiment of efficient frame erasure concealment method
could be applied to other types of codecs.
[0020] In the following sections, an overview of the AMR-WB encoder and decoder will be first given. Then, the
illustrative embodiment of the novel approach to improve the robustness of the codec will be disclosed.

Overview of the AMR-WB encoder

[0021] The sampled speech signal is encoded on a block by block basis by the encoding device 200 of Figure 2 which
is broken down into eleven modules numbered from 201 to 211.
[0022] The input speech signal 212 is therefore processed on a block-by-block basis, i.e. in the above-mentioned L-
sample blocks called frames.
[0023] Referring to Figure 2, the sampled input speech signal 212 is down-sampled in a down-sampler module 201.
The signal is down-sampled from 16 kHz down to 12.8 kHz, using techniques well known to those of ordinary skilled in
the art. Down-sampling increases the coding efficiency, since a smaller frequency bandwidth is encoded. This also
reduces the algorithmic complexity since the number of samples in a frame is decreased. After down-sampling, the 320-
sample frame of 20 ms is reduced to a 256-sample frame (down-sampling ratio of 4/5).
[0024] The input frame is then supplied to the optional pre-processing module 202. Pre-processing module 202 may
consist of a high-pass filter with a 50 Hz cut-off frequency. High-pass filter 202 removes the unwanted sound components
below 50 Hz.
[0025] The down-sampled, pre-processed signal is denoted by sp(n), n=0, 1, 2, ...,L-1, where L is the length of the
frame (256 at a sampling frequency of 12.8 kHz). In an illustrative embodiment of the preemphasis filter 203, the signal
sp(n) is preemphasized using a filter having the following transfer function: 

where m is a preemphasis factor with a value located between 0 and 1 (a typical value is m = 0.7). The function of the
preemphasis filter 203 is to enhance the high frequency contents of the input speech signal. It also reduces the dynamic
range of the input speech signal, which renders it more suitable for fixed-point implementation. Preemphasis, also plays
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an important role in achieving a proper overall perceptual weighting of the quantization error, which contributes to
improved sound quality. This will be explained in more detail herein below.
[0026] The output of the preemphasis filter 203 is denoted s(n). This signal is used for performing LP analysis in
module 204. LP analysis is a technique well known to those of ordinary skill in the art. In this illustrative implementation,
the autocorrelation approach is used. In the autocorrelation approach, the signal s(n) is first windowed using, typically,
a Hamming window having a length of the order of 30-40 ms. The autocorrelations are computed from the windowed
signal, and Levinson-Durbin recursion is used to compute LP filter coefficients, ai, where i=1,...,p, and where p is the LP
order, which is typically 16 in wideband coding. The parameters ai are the coefficients of the transfer function A(z) of
the LP filter, which is given by the following relation: 

[0027] LP analysis is performed in module 204, which also performs the quantization and interpolation of the LP filter
coefficients. The LP filter coefficients are first transformed into another equivalent domain more suitable for quantization
and interpolation purposes. The line spectral pair (LSP) and immitance spectral pair (ISP) domains are two domains in
which quantization and interpolation can be efficiently performed. The 16 LP filter coefficients, ai, can be quantized in
the order of 30 to 50 bits using split or multi-stage quantization, or a combination thereof. The purpose of the interpolation
is to enable updating the LP filter coefficients every subframe while transmitting them once every frame, which improves
the encoder performance without increasing the bit rate. Quantization and interpolation of the LP filter coefficients is
believed to be otherwise well known to those of ordinary skill in the art and, accordingly, will not be further described in
the present specification.
[0028] The following paragraphs will describe the rest of the coding operations performed on a subframe basis. In this
illustrative implementation, the input frame is divided into 4 subframes of 5 ms (64 samples at the sampling frequency
of 12.8 kHz). In the following description, the filter A(z) denotes the unquantized interpolated LP filter of the subframe,
and the filter Â(z) denotes the quantized interpolated LP filter of the subframe. The filter Â(z) is supplied every subframe
to a multiplexer 213 for transmission through a communication channel.
[0029] In analysis-by-synthesis encoders, the optimum pitch and innovation parameters are searched by minimizing
the mean squared error between the input speech signal 212 and a synthesized speech signal in a perceptually weighted
domain. The weighted signal sw(n) is computed in a perceptual weighting filter 205 in response to the signal s(n) from
the pre-emphasis filter 203. A perceptual weighting filter 205 with fixed denominator, suited for wideband signals, is
used. An example of transfer function for the perceptual weighting filter 205 is given by the following relation: 

where 0<γ2<γ1≤1
[0030] In order to simplify the pitch analysis, an open-loop pitch lag TOL is first estimated in an open-loop pitch search
module 206 from the weighted speech signal sw(n). Then the closed-loop pitch analysis, which is performed in a closed-
loop pitch search module 207 on a subframe basis, is restricted around the open-loop pitch lag TOL which significantly
reduces the search complexity of the LTP parameters T (pitch lag) and b (pitch gain). The open-loop pitch analysis is
usually performed in module 206 once every 10 ms (two subframes) using techniques well known to those of ordinary
skill in the art.
[0031] The target vector x for LTP (Long Term Prediction) analysis is first computed. This is usually done by subtracting
the zero-input response s0 of weighted synthesis filter W(z)/Â(z) from the weighted speech signal sw(n). This zero-input
response s0 is calculated by a zero-input response calculator 208 in response to the quantized interpolation LP filter
Â(z) from the LP analysis, quantization and interpolation module 204 and to the initial states of the weighted synthesis
filter W(z)/Â(z) stored in memory update module 211 in response to the LP filters A(z) and Â(z), and the excitation vector
u. This operation is well known to those of ordinary skill in the art and, accordingly, will not be further described.
[0032] A N-dimensional impulse response vector h of the weighted synthesis filter W(z)/Â(z) is computed in the impulse
response generator 209 using the coefficients of the LP filter A(z) and Â(z) from module 204. Again, this operation is
well known to those of ordinary skill in the art and, accordingly, will not be further described in the present specification.
[0033] The closed-loop pitch (or pitch codebook) parameters b, T and j are computed in the closed-loop pitch search
module 207, which uses the target vector x, the impulse response vector h and the open-loop pitch lag TOL as inputs.
[0034] The pitch search consists of finding the best pitch lag T and gain b that minimize a mean squared weighted
pitch prediction error, for example 
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where j=1, 2, ..., k
between the target vector x and a scaled filtered version of the past excitation.
[0035] More specifically, in the present illustrative implementation, the pitch (pitch codebook) search is composed of
three stages.
[0036] In the first stage, an open-loop pitch lag TOL is estimated in the open-loop pitch search module 206 in response
to the weighted speech signal sw(n). As indicated in the foregoing description, this open-loop pitch analysis is usually
performed once every 10 ms (two subframes) using techniques well known to those of ordinary skill in the art.
[0037] In the second stage, a search criterion C is searched in the closed-loop pitch search module 207 for integer
pitch lags around the estimated open-loop pitch lag TOL (usually 65), which significantly simplifies the search procedure.
A simple procedure is used for updating the filtered codevector yT (this vector is defined in the following description)
without the need to compute the convolution for every pitch lag. An example of search criterion C is given by: 

where t denotes vector transpose
[0038] Once an optimum integer pitch lag is found in the second stage, a third stage of the search (module 207) tests,
by means of the search criterion C, the fractions around that optimum integer pitch lag. For example, the AMR-WB
standard uses ¨ and © subsample resolution.
[0039] In wideband signals, the harmonic structure exists only up to a certain frequency, depending on the speech
segment. Thus, in order to achieve efficient representation of the pitch contribution in voiced segments of a wideband
speech signal, flexibility is needed to vary the amount of periodicity over the wideband spectrum. This is achieved by
processing the pitch codevector through a plurality of frequency shaping filters (for example low-pass or band-pass
filters). And the frequency shaping filter that minimizes the mean-squared weighted error e(j) is selected. The selected
frequency shaping filter is identified by an index j.
[0040] The pitch codebook index T is encoded and transmitted to the multiplexer 213 for transmission through a
communication channel. The pitch gain b is quantized and transmitted to the multiplexer 213. An extra bit is used to
encode the index j, this extra bit being also supplied to the multiplexer 213.
[0041] Once the pitch, or LTP (Long Term Prediction) parameters b, T, and j are determined, the next step is to search
for the optimum innovative excitation by means of the innovative excitation search module 210 of Figure 2. First, the
target vector x is updated by subtracting the LTP contribution: 

where b is the pitch gain and yT is the filtered pitch codebook vector (the past excitation at delay T filtered with the
selected frequency shaping filter (index j) filter and convolved with the impulse response h).
[0042] The innovative excitation search procedure in CELP is performed in an innovation codebook to find the optimum
excitation codevector ck and gain g which minimize the mean-squared error E between the target vector x’ and a scaled
filtered version of the codevector ck, for example: 

where H is a lower triangular convolution matrix derived from the impulse response vector h. The index k of the innovation
codebook corresponding to the found optimum codevector ck and the gain g are supplied to the multiplexer 213 for
transmission through a communication channel.
[0043] It should be noted that the used innovation codebook is a dynamic codebook consisting of an algebraic codebook
followed by an adaptive pre-filter F(z) which enhances special spectral components in order to improve the synthesis
speech quality, according to US Patent 5,444,816 granted to Adoul et al. on August 22, 1995. In this illustrative imple-
mentation, the innovative codebook search is performed in module 210 by means of an algebraic codebook as described
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in US patents Nos: 5,444,816 (Adoul et al.) issued on August 22, 1995; 5,699,482 granted to Adoul et al., on December
17, 1997; 5,754,976 granted to Adoul et al., on May 19, 1998; and 5,701,392 (Adoul et al.) dated December 23, 1997.

Overview of AMR-WB Decoder

[0044] The speech decoder 300 of Figure 3 illustrates the various steps carried out between the digital input 322 (input
bit stream to the demultiplexer 317) and the output sampled speech signal 323 (output of the adder 321).
[0045] Demultiplexer 317 extracts the synthesis model parameters from the binary information (input bit stream 322)
received from a digital input channel. From each received binary frame, the extracted parameters are:

• the quantized, interpolated LP coefficients Â(z) also called short-term prediction parameters (STP) produced once
per frame;

• the long-term prediction (LTP) parameters T, b, and j (for each subframe); and

• the innovation codebook index k and gain g (for each subframe).

[0046] The current speech signal is synthesized based on these parameters as will be explained hereinbelow.
[0047] The innovation codebook 318 is responsive to the index k to produce the innovation codevector ck, which is
scaled by the decoded gain factor g through an amplifier 324. In the illustrative implementation, an innovation codebook
as described in the above mentioned US patent numbers 5,444,816; 5,699,482; 5,754,976; and 5,701,392 is used to
produce the innovative codevector ck.
[0048] The generated scaled codevector at the output of the amplifier 324 is processed through a frequency-dependent
pitch enhancer 305.
[0049] Enhancing the periodicity of the excitation signal u improves the quality of voiced segments. The periodicity
enhancement is achieved by filtering the innovative codevector ck from the innovation (fixed) codebook through an
innovation filter F(z) (pitch enhancer 305) whose frequency response emphasizes the higher frequencies more than the
lower frequencies. The coefficients of the innovation filter F(z) are related to the amount of periodicity in the excitation
signal u.
[0050] An efficient, illustrative way to derive the coefficients of the innovation filter F(z) is to relate them to the amount
of pitch contribution in the total excitation signal u. This results in a frequency response depending on the subframe
periodicity, where higher frequencies are more strongly emphasized (stronger overall slope) for higher pitch gains. The
innovation filter 305 has the effect of lowering the energy of the innovation codevector ck at lower frequencies when the
excitation signal u is more periodic, which enhances the periodicity of the excitation signal u at lower frequencies more
than higher frequencies. A suggested form for the innovation filter 305 is the following: 

 where α is a periodicity factor derived from the level of periodicity of the excitation signal u. The periodicity factor α is
computed in the voicing factor generator 304. First, a voicing factor rv is computed in voicing factor generator 304 by: 

where Ev is the energy of the scaled pitch codevector bvT and Ec is the energy of the scaled innovative codevector gck.
That is: 

and 
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Note that the value of rv lies between -1 and 1 (1 corresponds to purely voiced signals and -1 corresponds to purely
unvoiced signals).
[0051] The above mentioned scaled pitch codevector bvT is produced by applying the pitch delay T to a pitch codebook
301 to produce a pitch codevector. The pitch codevector is then processed through a low-pass filter 302 whose cut-off
frequency is selected in relation to index j from the demultiplexer 317 to produce the filtered pitch codevector vT. Then,
the filtered pitch codevector vT is then amplified by the pitch gain b by an amplifier 326 to produce the scaled pitch
codevector bvT.
[0052] In this illustrative implementation, the factor α is then computed in voicing factor generator 304 by: 

which corresponds to a value of 0 for purely unvoiced signals and 0.25 for purely voiced signals.
[0053] The enhanced signal cf is therefore computed by filtering the scaled innovative codevector gck through the
innovation filter 305 (F(z)).
[0054] The enhanced excitation signal u’ is computed by the adder 320 as: 

[0055] It should be noted that this process is not performed at the encoder 200. Thus, it is essential to update the
content of the pitch codebook 301 using the past value of the excitation signal u without enhancement stored in memory
303 to keep synchronism between the encoder 200 and decoder 300. Therefore, the excitation signal u is used to update
the memory 303 of the pitch codebook 301 and the enhanced excitation signal u’ is used at the input of the LP synthesis
filter 306.
[0056] The synthesized signal s’ is computed by filtering the enhanced excitation signal u’ through the LP synthesis
filter 306 which has the form 1/Â(z), where Â(z) is the quantized, interpolated LP filter in the current subframe. As can
be seen in Figure 3, the quantized, interpolated LP coefficients A(z) on line 325 from the demultiplexer 317 are supplied
to the LP synthesis filter 306 to adjust the parameters of the LP synthesis filter 306 accordingly. The deemphasis filter
307 is the inverse of the preemphasis filter 203 of Figure 2. The transfer function of the deemphasis filter 307 is given by 

 where m is a preemphasis factor with a value located between 0 and 1 (a typical value is m = 0.7). A higher-order filter
could also be used.
[0057] The vector s’ is filtered through the deemphasis filter D(z) 307 to obtain the vector sd, which is processed
through the high-pass filter 308 to remove the unwanted frequencies below 50 Hz and further obtain sh.
[0058] The oversampler 309 conducts the inverse process of the downsampler 201 of Figure 2. In this illustrative
embodiment, over-sampling converts the 12.8 kHz sampling rate back to the original 16 kHz sampling rate, using
techniques well known to those of ordinary skill in the art. The oversampled synthesis signal is denoted s. Signal s is
also referred to as the synthesized wideband intermediate signal.
[0059] The oversampled synthesis signal s does not contain the higher frequency components which were lost during
the downsampling process (module 201 of Figure 2) at the encoder 200. This gives a low-pass perception to the syn-
thesized speech signal. To restore the full band of the original signal, a high frequency generation procedure is performed
in module 310 and requires input from voicing factor generator 304 (Figure 3).
[0060] The resulting band-pass filtered noise sequence z from the high frequency generation module 310 is added
by the adder 321 to the oversampled synthesized speech signal s to obtain the final reconstructed output speech signal
sout on the output 323. An example of high frequency regeneration process is described in International PCT patent
application published under No. WO 00/25305 on May 4, 2000.
[0061] The bit allocation of the AMR-WB codec at 12.65 kbit/s is given in Table 1.

^

^ ^

^

^
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Robust Frame erasure concealment

[0062] The erasure of frames has a major effect on the synthesized speech quality in digital speech communication
systems, especially when operating in wireless environments and packet-switched networks. In wireless cellular systems,
the energy of the received signal can exhibit frequent severe fades resulting in high bit error rates and this becomes
more evident at the cell boundaries. In this case the channel decoder fails to correct the errors in the received frame
and as a consequence, the error detector usually used after the channel decoder will declare the frame as erased. In
voice over packet network applications, such as Voice over Internet Protocol (VoIP), the speech signal is packetized
where usually a 20 ms frame is placed in each packet. In packet-switched communications, a packet dropping can occur
at a router if the number of packets becomes very large, or the packet can arrive at the receiver after a long delay and
it should be declared as lost if its delay is more than the length of a jitter buffer at the receiver side. In these systems,
the codec is subjected to typically 3 to 5% frame erasure rates.
[0063] The problem of frame erasure (FER) processing is basically twofold. First, when an erased frame indicator
arrives, the missing frame must be generated by using the information sent in the previous frame and by estimating the
signal evolution in the missing frame. The success of the estimation depends not only on the concealment strategy, but
also on the place in the speech signal where the erasure happens. Secondly, a smooth transition must be assured when
normal operation recovers, i.e. when the first good frame arrives after a block of erased frames (one or more). This is
not a trivial task as the true synthesis and the estimated synthesis can evolve differently. When the first good frame
arrives, the decoder is hence desynchronized from the encoder. The main reason is that low bit rate encoders rely on
pitch prediction, and during erased frames, the memory of the pitch predictor is no longer the same as the one at the
encoder. The problem is amplified when many consecutive frames are erased. As for the concealment, the difficulty of
the normal processing recovery depends on the type of speech signal where the erasure occurred.
[0064] The negative effect of frame erasures can be significantly reduced by adapting the concealment and the recovery
of normal processing (further recovery) to the type of the speech signal where the erasure occurs. For this purpose, it
is necessary to classify each speech frame. This classification can be done at the encoder and transmitted. Alternatively,
it can be estimated at the decoder.
[0065] For the best concealment and recovery, there are few critical characteristics of the speech signal that must be
carefully controlled. These critical characteristics are the signal energy or the amplitude, the amount of periodicity, the
spectral envelope and the pitch period. In case of a voiced speech recovery, further improvement can be achieved by
a phase control. With a slight increase in the bit rate, few supplementary parameters can be quantized and transmitted
for better control. If no additional bandwidth is available, the parameters can be estimated at the decoder. With these
parameters controlled, the frame erasure concealment and recovery can be significantly improved, especially by im-
proving the convergence of the decoded signal to the actual signal at the encoder and alleviating the effect of mismatch
between the encoder and decoder when normal processing recovers.
[0066] In the present illustrative embodiment of the present invention, methods for efficient frame erasure concealment,
and methods for extracting and transmitting parameters that will improve the performance and convergence at the
decoder in the frames following an erased frame are disclosed. These parameters include two or more of the following:
frame classification, energy, voicing information, and phase information. Further, methods for extracting such parameters
at the decoder if transmission of extra bits is not possible, are disclosed. Finally, methods for improving the decoder
convergence in good frames following an erased frame are also disclosed.
[0067] The frame erasure concealment techniques according to the present illustrative embodiment have been applied
to the AMR-WB codec described above. This codec will serve as an example framework for the implementation of the
FER concealment methods in the following description. As explained above, the input speech signal 212 to the codec
has a 16 kHz sampling frequency, but it is downsampled to a 12.8 kHz sampling frequency before further processing.
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In the present illustrative embodiment, FER processing is done on the downsampled signal.
[0068] Figure 4 gives a simplified block diagram of the AMR-WB encoder 400. In this simplified block diagram, the
downsampler 201, high-pass filter 202 and preemphasis filter 203 are grouped together in the preprocessing module
401. Also, the closed-loop search module 207, the zero-input response calculator 208, the impulse response calculator
209, the innovative excitation search module 210, and the memory update module 211 are grouped in a closed-loop
pitch and innovation codebook search modules 402. This grouping is done to simplify the introduction of the new modules
related to the illustrative embodiment of the present invention.
[0069] Figure 5 is an extension of the block diagram of Figure 4 where the modules related to the illustrative embodiment
of the present invention are added. In these added modules 500 to 507, additional parameters are computed, quantized,
and transmitted with the aim to improve the FER concealment and the convergence and recovery of the decoder after
erased frames. In the present illustrative embodiment, these parameters include signal classification, energy, and phase
information (the estimated position of the first glottal pulse in a frame).
[0070] In the next sections, computation and quantization of these additional parameters will be given in detail and
become more apparent with reference to Figure 5. Among these parameters, signal classification will be treated in more
detail. In the subsequent sections, efficient FER concealment using these additional parameters to improve the conver-
gence will be explained.

Signal classification for FER concealment and recovery

[0071] The basic idea behind using a classification of the speech for a signal reconstruction in the presence of erased
frames consists of the fact that the ideal concealment strategy is different for quasi-stationary speech segments and for
speech segments with rapidly changing characteristics. While the best processing of erased frames in non-stationary
speech segments can be summarized as a rapid convergence of speech-encoding parameters to the ambient noise
characteristics, in the case of quasi-stationary signal, the speech-encoding parameters do not vary dramatically and can
be kept practically unchanged during several adjacent erased frames before being damped. Also, the optimal method
for a signal recovery following an erased block of frames varies with the classification of the speech signal.
[0072] The speech signal can be roughly classified as voiced, unvoiced and pauses. Voiced speech contains an
important amount of periodic components and can be further divided in the following categories: voiced onsets, voiced
segments, voiced transitions and voiced offsets. A voiced onset is defined as a beginning of a voiced speech segment
after a pause or an unvoiced segment. During voiced segments, the speech signal parameters (spectral envelope, pitch
period, ratio of periodic and non-periodic components, energy) vary slowly from frame to frame. A voiced transition is
characterized by rapid variations of a voiced speech, such as a transition between vowels. Voiced offsets are charac-
terized by a gradual decrease of energy and voicing at the end of voiced segments.
[0073] The unvoiced parts of the signal are characterized by missing the periodic component and can be further divided
into unstable frames, where the energy and the spectrum changes rapidly, and stable frames where these characteristics
remain relatively stable. Remaining frames are classified as silence. Silence frames comprise all frames without active
speech, i.e. also noise-only frames if a background noise is present.
[0074] Not all of the above mentioned classes need a separate processing. Hence, for the purposes of error conceal-
ment techniques, some of the signal classes are grouped together.

Classification at the encoder

[0075] When there is an available bandwidth in the bitstream to include the classification information, the classification
can be done at the encoder. This has several advantages. The most important is that there is often a look-ahead in
speech encoders. The look-ahead permits to estimate the evolution of the signal in the following frame and consequently
the classification can be done by taking into account the future signal behavior. Generally, the longer is the look-ahead,
the better can be the classification. A further advantage is a complexity reduction, as most of the signal processing
necessary for frame erasure concealment is needed anyway for speech encoding. Finally, there is also the advantage
to work with the original signal instead of the synthesized signal.
[0076] The frame classification is done with the consideration of the concealment and recovery strategy in mind. In
other words, any frame is classified in such a way that the concealment can be optimal if the following frame is missing,
or that the recovery can be optimal if the previous frame was lost. Some of the classes used for the FER processing
need not be transmitted, as they can be deduced without ambiguity at the decoder. In the present illustrative embodiment,
five (5) distinct classes are used, and defined as follows:

• UNVOICED class comprises all unvoiced speech frames and all frames without active speech. A voiced offset frame
can be also classified as UNVOICED if its end tends to be unvoiced and the concealment designed for unvoiced
frames can be used for the following frame in case it is lost.
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• UNVOICED TRANSITION class comprises unvoiced frames with a possible voiced onset at the end. The onset is
however still too short or not built well enough to use the concealment designed for voiced frames. The UNVOICED
TRANSITION class can follow only a frame classified as UNVOICED or UNVOICED TRANSITION.

• VOICED TRANSITION class comprises voiced frames with relatively weak voiced characteristics. Those are typically
voiced frames with rapidly changing characteristics (transitions between vowels) or voiced offsets lasting the whole
frame. The VOICED TRANSITION class can follow only a frame classified as VOICED TRANSITION, VOICED or
ONSET.

• VOICED class comprises voiced frames with stable characteristics. This class can follow only a frame classified as
VOICED TRANSITION, VOICED or ONSET.

• ONSET class comprises all voiced frames with stable characteristics following a frame classified as UNVOICED or
UNVOICED TRANSITION. Frames classified as ONSET correspond to voiced onset frames where the onset is
already sufficiently well built for the use of the concealment designed for lost voiced frames. The concealment
techniques used for a frame erasure following the ONSET class are the same as following the VOICED class. The
difference is in the recovery strategy. If an ONSET class frame is lost (i.e. a VOICED good frame arrives after an
erasure, but the last good frame before the erasure was UNVOICED), a special technique can be used to artificially
reconstruct the lost onset. This scenario can be seen in Figure 6. The artificial onset reconstruction techniques will
be described in more detail in the following description. On the other hand if an ONSET good frame arrives after an
erasure and the last good frame before the erasure was UNVOICED, this special processing is not needed, as the
onset has not been lost (has not been in the lost frame).

[0077] The classification state diagram is outlined in Figure 7. If the available bandwidth is sufficient, the classification
is done in the encoder and transmitted using 2 bits. As it can be seen from Figure 7, UNVOICED TRANSITION class
and VOICED TRANSITION class can be grouped together as they can be unambiguously differentiated at the decoder
(UNVOICED TRANSITION can follow only UNVOICED or UNVOICED TRANSITION frames, VOICED TRANSITION
can follow only ONSET, VOICED or VOICED TRANSITION frames). The following parameters are used for the classi-
fication: a normalized correlation rx, a spectral tilt measure et, a signal to noise ratio snr, a pitch stability counter pc, a
relative frame energy of the signal at the end of the current frame Es and a zero-crossing counter zc. As can be seen
in the following detailed analysis, the computation of these parameters uses the available look-ahead as much as possible
to take into account the behavior of the speech signal also in the following frame.
[0078] The normalized correlation rx is computed as part of the open-loop pitch search module 206 of Figure 5. This
module 206 usually outputs the open-loop pitch estimate every 10 ms (twice per frame). Here, it is also used to output
the normalized correlation measures. These normalized correlations are computed on the current weighted speech
signal sw(n) and the past weighted speech signal at the open-loop pitch delay. In order to reduce the complexity, the
weighted speech signal sw(n) is downsampled by a factor of 2 prior to the open-loop pitch analysis down to the sampling
frequency of 6400 Hz [3GPP TS 26.190, "AMR Wideband Speech Codec: Transcoding Functions," 3GPP Technical
Specification]. The average correlation rx is defined as 

where rx(1), rx(2) are respectively the normalized correlation of the second half of the current frame and of the look-
ahead. In this illustrative embodiment, a look-ahead of 13 ms is used unlike the AMR-WB standard that uses 5 ms. The
normalized correlation rx(k) is computed as follows: 

where 
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[0079] The correlations rx(k) are computed using the weighted speech signal sw(n). The instants tk are related to the
current frame beginning and are equal to 64 and 128 samples respectively at the sampling rate or frequency of 6.4 kHz
(10 and 20 ms). The values pk=TOL are the selected open-loop pitch estimates. The length of the autocorrelation com-
putation Lk is dependant on the pitch period. The values of Lk are summarized below (for the sampling rate of 6.4 kHz):

Lk = 40 samples for pk ≤ 31 samples
Lk = 62 samples for pk ≤ 61 samples
Lk = 115 samples for pk > 61 samples

[0080] These lengths assure that the correlated vector length comprises at least one pitch period which helps for a
robust open-loop pitch detection. For long pitch periods (p1 > 61 samples), rx(1) and rx(2) are identical, i.e. only one
correlation is computed since the correlated vectors are long enough so that the analysis on the look-ahead is no longer
necessary.
[0081] The spectral tilt parameter et contains the information about the frequency distribution of energy. In the present
illustrative embodiment, the spectral tilt is estimated as a ratio between the energy concentrated in low frequencies and
the energy concentrated in high frequencies. However, it can also be estimated in different ways such as a ratio between
the two first autocorrelation coefficients of the speech signal.
[0082] The discrete Fourier Transform is used to perform the spectral analysis in the spectral analysis and spectrum
energy estimation module 500 of Figure 5. The frequency analysis and the tilt computation are done twice per frame.
256 points Fast Fourier Transform (FFT) is used with a 50 percent overlap. The analysis windows are placed so that all
the look ahead is exploited. In this illustrative embodiment, the beginning of the first window is placed 24 samples after
the beginning of the current frame. The second window is placed 128 samples further. Different windows can be used
to weight the input signal for the frequency analysis. A square root of a Hamming window (which is equivalent to a sine
window) has been used in the present illustrative embodiment. This window is particularly well suited for overlap-add
methods. Therefore, this particular spectral analysis can be used in an optional noise suppression algorithm based on
spectral subtraction and overlap-add analysis/synthesis.
[0083] The energy in high frequencies and in low frequencies is computed in module 500 of Figure 5 following the
perceptual critical bands. In the present illustrative embodiment each critical band is considered up to the following
number [J. D. Johnston, "Transform Coding of Audio Signals Using Perceptual Noise Criteria," IEEE Jour. on Selected
Areas in Communications, vol. 6, no. 2, pp. 314-323]:

Critical bands = {100.0, 200.0, 300.0, 400.0, 510.0, 630.0, 770.0, 920.0, 1080.0, 1270.0, 1480.0, 1720.0, 2000.0,
2320.0, 2700.0, 3150.0, 3700.0, 4400.0, 5300.0, 6350.0} Hz.

[0084] The energy in higher frequencies is computed in module 500 as the average of the energies of the last two
critical bands: 

where the critical band energies e(i) are computed as a sum of the bin energies within the critical band, averaged by
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the number of the bins.
[0085] The energy in lower frequencies is computed as the average of the energies in the first 10 critical bands. The
middle critical bands have been excluded from the computation to improve the discrimination between frames with high
energy concentration in low frequencies (generally voiced) and with high energy concentration in high frequencies
(generally unvoiced). In between, the energy content is not characteristic for any of the classes and would increase the
decision confusion.
[0086] In module 500, the energy in low frequencies is computed differently for long pitch periods and short pitch
periods. For voiced female speech segments, the harmonic structure of the spectrum can be exploited to increase the
voiced-unvoiced discrimination. Thus for short pitch periods, El is computed bin-wise and only frequency bins sufficiently

close to the speech harmonics are taken into account in the summation, i.e. 

where eb(i) are the bin energies in the first 25 frequency bins (the DC component is not considered). Note that these 25

bins correspond to the first 10 critical bands. In the above summation, only terms related to the bins closer to the nearest
harmonics than a certain frequency threshold are non zero. The counter cnt equals to the number of those non-zero
terms. The threshold for a bin to be included in the sum has been fixed to 50 Hz, i.e. only bins closer than 50 Hz to the
nearest harmonics are taken into account. Hence, if the structure is harmonic in low frequencies, only high energy term
will be included in the sum. On the other hand, if the structure is not harmonic, the selection of the terms will be random
and the sum will be smaller. Thus even unvoiced sounds with high energy content in low frequencies can be detected.
This processing cannot be done for longer pitch periods, as the frequency resolution is not sufficient. The threshold pitch
value is 128 samples corresponding to 100 Hz. It means that for pitch periods longer than 128 samples and also for a
priori unvoiced sounds (i.e. when rx+re<0.6), the low frequency energy estimation is done per critical band and is
computed as 

[0087] The value re, calculated in a noise estimation and normalized correlation correction module 501, is a correction
added to the normalized correlation in presence of background noise for the following reason. In the presence of back-
ground noise, the average normalized correlation decreases. However, for purpose of signal classification, this decrease
should not affect the voiced-unvoiced decision. It has been found that the dependence between this decrease re and
the total background noise energy in dB is approximately exponential and can be expressed using following relationship 

where NdB stands for 

Here, n(i) are the noise energy estimates for each critical band normalized in the same way as e(i) and gdB is the
maximum noise suppression level in dB allowed for the noise reduction routine. The value re is not allowed to be negative.
It should be noted that when a good noise reduction algorithm is used and gdB is sufficiently high, re is practically equal
to zero. It is only relevant when the noise reduction is disabled or if the background noise level is significantly higher
than the maximum allowed reduction. The influence of re can be tuned by multiplying this term with a constant.
[0088] Finally, the resulting lower and higher frequency energies are obtained by subtracting an estimated noise energy
from the values El and El calculated above. That is 
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where Nh and Nl are the averaged noise energies in the last two (2) critical bands and first ten (10) critical bands,
respectively, computed using equations similar to Equations (3) and (5), and fc is a correction factor tuned so that these
measures remain close to constant with varying the background noise level. In this illustrative embodiment, the value
of fc has been fixed to 3.
[0089] The spectral tilt et is calculated in the spectral tilt estimation module 503 using the relation: 

and it is averaged in the dB domain for the two (2) frequency analyses performed per frame: 

[0090] The signal to noise ratio (SNR) measure exploits the fact that for a general waveform matching encoder, the
SNR is much higher for voiced sounds. The snr parameter estimation must be done at the end of the encoder subframe
loop and is computed in the SNR computation module 504 using the relation: 

where Esw is the energy of the weighted speech signal sw(n) of the current frame from the perceptual weighting filter
205 and Ee is the energy of the error between this weighted speech signal and the weighted synthesis signal of the
current frame from the perceptual weighting filter 205’.
[0091] The pitch stability counter pc assesses the variation of the pitch period. It is computed within the signal classi-
fication module 505 in response to the open-loop pitch estimates as follows: 

The values p0, p1, p2 correspond to the open-loop pitch estimates calculated by the open-loop pitch search module 206
from the first half of the current frame, the second half of the current frame and the look-ahead, respectively.
[0092] The relative frame energy Es is computed by module 500 as a difference between the current frame energy in
dB and its long-term average 

where the frame energy Ef is obtained as a summation of the critical band energies, averaged for the both spectral

analysis performed each frame: 
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The long-term averaged energy is updated on active speech frames using the following relation: 

[0093] The last parameter is the zero-crossing parameter zc computed on one frame of the speech signal by the zero-
crossing computation module 508. The frame starts in the middle of the current frame and uses two (2) subframes of
the look-ahead. In this illustrative embodiment, the zero-crossing counter zc counts the number of times the signal sign
changes from positive to negative during that interval.
[0094] To make the classification more robust, the classification parameters are considered together forming a function
of merit fm. For that purpose, the classification parameters are first scaled between 0 and 1 so that each parameter’s
value typical for unvoiced signal translates in 0 and each parameter’s value typical for voiced signal translates into 1. A
linear function is used between them. Let us consider a parameter px, its scaled version is obtained using: 

and clipped between 0 and 1. The function coefficients kp and cp have been found experimentally for each of the
parameters so that the signal distortion due to the concealment and recovery techniques used in presence of FERs is
minimal. The values used in this illustrative implementation are summarized in Table 2:

[0095] The merit function has been defined as: 

where the superscript s indicates the scaled version of the parameters.
[0096] The classification is then done using the merit function fm and following the rules summarized in Table 3:

Table 2. Signal Classification Parameters and the coefficients of their respective scaling functions

Parameter Meaning kp cp

rx Normalized Correlation 2.857 -1.286
et Spectral Tilt 0.04167 0
snr Signal to Noise Ratio 0.1111 -0.3333
pc Pitch Stability counter -0.07143 1.857

Es Relative Frame Energy 0.05 0.45
zc Zero Crossing Counter -0.04 2.4

Table 3. Signal Classification Rules at the Encoder

Previous Frame Class Rule Current Frame Class

ONSET fm = 0.66 VOICED
VOICED
VOICED TRANSITION

0.66 > fm = 0.49 VOICED TRANSITION
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[0097] In case of source-controlled variable bit rate (VBR) encoder, a signal classification is inherent to the codec
operation. The codec operates at several bit rates, and a rate selection module is used to determine the bit rate used
for encoding each speech frame based on the nature of the speech frame (e.g. voiced, unvoiced, transient, background
noise frames are each encoded with a special encoding algorithm). The information about the coding mode and thus
about the speech class is already an implicit part of the bitstream and need not be explicitly transmitted for FER processing.
This class information can be then used to overwrite the classification decision described above.
[0098] In the example application to the AMR WB codec, the only source-controlled rate selection represents the voice
activity detection (VAD). This VAD flag equals 1 for active speech, 0 for silence. This parameter is useful for the classi-
fication as it directly indicates that no further classification is needed if its value is 0 (i.e. the frame is directly classified
as UNVOICED). This parameter is the output of the voice activity detection (VAD) module 402. Different VAD algorithms
exist in the literature and any algorithm can be used for the purpose of the present invention. For instance the VAD
algorithm that is part of standard G.722.2 can be used [ITU-T Recommendation G.722.2 "Wideband coding of speech
at around 16 kbit/s using Adaptive Multi-Rate Wideband (AMR-WB)", Geneva, 2002]. Here, the VAD algorithm is based
on the output of the spectral analysis of module 500 (based on signal-to-noise ratio per critical band). The VAD used
for the classification purpose differs from the one used for encoding purpose with respect to the hangover. In speech
encoders using a comfort noise generation (CNG) for segments without active speech (silence or noise-only), a hangover
is often added after speech spurts (CNG in AMR-WB standard is an example [3GPP TS 26.192, "AMR Wideband Speech
Codec: Comfort Noise Aspects," 3GPP Technical Specification]). During the hangover, the speech encoder continues
to be used and the system switches to the CNG only after the hangover period is over. For the purpose of classification
for FER concealment, this high security is not needed. Consequently, the VAD flag for the classification will equal to 0
also during the hangover period.
[0099] In this illustrative embodiment, the classification is performed in module 505 based on the parameters described
above; namely, normalized correlations (or voicing information) rx, spectral tilt et, snr, pitch stability counter pc, relative
frame energy Es, zero crossing rate zc, and VAD flag.

Classification at the decoder

[0100] If the application does not permit the transmission of the class information (no extra bits can be transported),
the classification can be still performed at the decoder. As already noted, the main disadvantage here is that there is
generally no available look ahead in speech decoders. Also, there is often a need to keep the decoder complexity limited.
[0101] A simple classification can be done by estimating the voicing of the synthesized signal. If we consider the case
of a CELP type encoder, the voicing estimate rv computed as in Equation (1) can be used. That is: 

where Ev is the energy of the scaled pitch codevector bvT and Ec is the energy of the scaled innovative codevector gck.
Theoretically, for a purely voiced signal rv=1 and for a purely unvoiced signal rv =-1. The actual classification is done by
averaging rv values every 4 subframes. The resulting factor frv (average of rv values of every four subframes) is used
as follows

(continued)

Previous Frame Class Rule Current Frame Class

fm < 0.49 UNVOICED
UNVOICED TRANSITION fm > 0.63 ONSET
UNVOICED

0.63 = fm > 0.585 UNVOICED TRANSITION

fm = 0.585 UNVOICED

Table 4. Signal Classification Rules at the Decoder

Previous Frame Class Rule Current Frame Class

ONSET frv > -0.1 VOICED
VOICED
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[0102] Similarly to the classification at the encoder, other parameters can be used at the decoder to help the classi-
fication, as the parameters of the LP filter or the pitch stability.
[0103] In case of source-controlled variable bit rate coder, the information about the coding mode is already a part of
the bitstream. Hence, if for example a purely unvoiced coding mode is used, the frame can be automatically classified
as UNVOICED. Similarly, if a purely voiced coding mode is used, the frame is classified as VOICED.

Speech parameters for FER processing

[0104] There are few critical parameters that must be carefully controlled to avoid annoying artifacts when FERs occur.
If few extra bits can be transmitted then these parameters can be estimated at the encoder, quantized, and transmitted.
Otherwise, some of them can be estimated at the decoder. These parameters include signal classification, energy
information, phase information, and voicing information. The most important is a precise control of the speech energy.
The phase and the speech periodicity can be controlled too for further improving the FER concealment and recovery.
[0105] The importance of the energy control manifests itself mainly when a normal operation recovers after an erased
block of frames. As most of speech encoders make use of a prediction, the right energy cannot be properly estimated
at the decoder. In voiced speech segments, the incorrect energy can persist for several consecutive frames which is
very annoying especially when this incorrect energy increases.
[0106] Even if the energy control is most important for voiced speech because of the long term prediction (pitch
prediction), it is important also for unvoiced speech. The reason here is the prediction of the innovation gain quantizer
often used in CELP type coders. The wrong energy during unvoiced segments can cause an annoying high frequency
fluctuation.
[0107] The phase control can be done in several ways, mainly depending on the available bandwidth. In our imple-
mentation, a simple phase control is achieved during lost voiced onsets by searching the approximate information about
the glottal pulse position.
[0108] Hence, apart from the signal classification information discussed in the previous section, the most important
information to send is the information about the signal energy and the position of the first glottal pulse in a frame (phase
information). If enough bandwidth is available, a voicing information can be sent, too.

Energy information

[0109] The energy information can be estimated and sent either in the LP residual domain or in the speech signal
domain. Sending the information in the residual domain has the disadvantage of not taking into account the influence
of the LP synthesis filter. This can be particularly tricky in the case of voiced recovery after several lost voiced frames
(when the FER happens during a voiced speech segment). When a FER arrives after a voiced frame, the excitation of
the last good frame is typically used during the concealment with some attenuation strategy. When a new LP synthesis
filter arrives with the first good frame after the erasure, there can be a mismatch between the excitation energy and the
gain of the LP synthesis filter. The new synthesis filter can produce a synthesis signal with an energy highly different
from the energy of the last synthesized erased frame and also from the original signal energy. For this reason, the energy
is computed and quantized in the signal domain.
[0110] The energy Eq is computed and quantized in energy estimation and quantization module 506. It has been found
that 6 bits are sufficient to transmit the energy. However, the number of bits can be reduced without a significant effect
if not enough bits are available. In this preferred embodiment, a 6 bit uniform quantizer is used in the range of -15 dB
to 83 dB with a step of 1.58 dB. The quantization index is given by the integer part of: 

(continued)

Previous Frame Class Rule Current Frame Class

VOICED TRANSITION

-0.1 = frv = -0.5 VOICED TRANSITION

frv < -0.5 UNVOICED
UNVOICED TRANSITION frv > -0.1 ONSET
UNVOICED

-0.1 = frv = -0.5 UNVOICED TRANSITION

frv < -0.5 UNVOICED
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where E is the maximum of the signal energy for frames classified as VOICED or ONSET, or the average energy per
sample for other frames. For VOICED or ONSET frames, the maximum of signal energy is computed pitch synchronously
at the end of the frame as follow: 

where L is the frame length and signal s(i) stands for speech signal (or the denoised speech signal if a noise suppression
is used). In this illustrative embodiment s(i) stands for the input signal after downsampling to 12.8 kHz and pre-processing.
If the pitch delay is greater than 63 samples, tE equals the rounded close-loop pitch lag of the last subframe. If the pitch
delay is shorter than 64 samples, then tE is set to twice the rounded close-loop pitch lag of the last subframe.
[0111] For other classes, E is the average energy per sample of the second half of the current frame, i.e. tE is set to
L/2 and the E is computed as: 

Phase control information

[0112] The phase control is particularly important while recovering after a lost segment of voiced speech for similar
reasons as described in the previous section. After a block of erased frames, the decoder memories become desyn-
chronized with the encoder memories. To resynchronize the decoder, some phase information can be sent depending
on the available bandwidth. In the described illustrative implementation, a rough position of the first glottal pulse in the
frame is sent. This information is then used for the recovery after lost voiced onsets as will be described later.
[0113] Let T0 be the rounded closed-loop pitch lag for the first subframe. First glottal pulse search and quantization
module 507 searches the position of the first glottal pulse τ among the T0 first samples of the frame by looking for the
sample with the maximum amplitude. Best results are obtained when the position of the first glottal pulse is measured
on the low-pass filtered residual signal.
[0114] The position of the first glottal pulse is coded using 6 bits in the following manner. The precision used to encode
the position of the first glottal pulse depends on the closed-loop pitch value for the first subframe T0. This is possible
because this value is known both by the encoder and the decoder, and is not subject to error propagation after one or
several frame losses. When T0 is less than 64, the position of the first glottal pulse relative to the beginning of the frame
is encoded directly with a precision of one sample. When 64 = T0 <128, the position of the first glottal pulse relative to
the beginning of the frame is encoded with a precision of two samples by using a simple integer division, i.e. τ/2. When
T0 = 128, the position of the first glottal pulse relative to the beginning of the frame is encoded with a precision of four
samples by further dividing τ by 2. The inverse procedure is done at the decoder. If T0<64, the received quantized
position is used as is. If 64 = T0 < 128, the received quantized position is multiplied by 2 and incremented by 1. If T0 =
128, the received quantized position is multiplied by 4 and incremented by 2 (incrementing by 2 results in uniformly
distributed quantization error).
[0115] According to another embodiment of the invention where the shape of the first glottal pulse is encoded, the
position of the first glottal pulse is determined by a correlation analysis between the residual signal and the possible
pulse shapes, signs (positive or negative) and positions. The pulse shape can be taken from a codebook of pulse shapes
known at both the encoder and the decoder, this method being known as vector quantization by those of ordinary skill
in the art. The shape, sign and amplitude of the first glottal pulse are then encoded and transmitted to the decoder.

Periodicity information

[0116] In case there is enough bandwidth, a periodicity information, or voicing information, can be computed and
transmitted, and used at the decoder to improve the frame erasure concealment. The voicing information is estimated
based on the normalized correlation. It can be encoded quite precisely with 4 bits, however, 3 or even 2 bits would suffice
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if necessary. The voicing information is necessary in general only for frames with some periodic components and better
voicing resolution is needed for highly voiced frames. The normalized correlation is given in Equation (2) and it is used
as an indicator to the voicing information. It is quantized in first glottal pulse search and quantization module 507. In this
illustrative embodiment, a piece-wise linear quantizer has been used to encode the voicing information as follows: 

[0117] Again, the integer part of i is encoded and transmitted. The correlation rx(2) has the same meaning as in
Equation (1). In Equation (18) the voicing is linearly quantized between 0.65 and 0.89 with the step of 0.03. In Equation
(19) the voicing is linearly quantized between 0.92 and 0.98 with the step of 0.01.
[0118] If larger quantization range is needed, the following linear quantization can be used: 

This equation quantizes the voicing in the range of 0.4 to 1 with the step of 0.04. The correlation rx is defined in Equation

(2a).
[0119] The equations (18) and (19) or the equation (20) are then used in the decoder to compute rx(2) or rx. Let us

call this quantized normalized correlation rq. If the voicing cannot be transmitted, it can be estimated using the voicing

factor from Equation (2a) by mapping it in the range from 0 to 1. 

Processing of erased frames

[0120] The FER concealment techniques in this illustrative embodiment are demonstrated on ACELP type encoders.
They can be however easily applied to any speech codec where the synthesis signal is generated by filtering an excitation
signal through an LP synthesis filter. 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
converging to zero. The speed of the convergence is dependent on the parameters of the last good received frame class
and the number of consecutive erased frames and is controlled by an attenuation factor α. The factor α is further
dependent on the stability of the LP filter 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. The values of α are summarized
in Table 5.

Table 5. Values of the FER concealment attenuation factor α

Last Good Received Frame Number of successive erased frames α

ARTIFICIAL ONSET 0.6

ONSET, VOICED = 3 1.0

> 3 0.4

VOICED TRANSITION 0.4
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[0121] A stability factor θ is computed based on a distance measure between the adjacent LP filters. Here, the factor
θ is related to the ISF (Immittance Spectral Frequencies) distance measure and it is bounded by 0≤θ≤1, with larger
values of θ corresponding to more stable signals. This results in decreasing energy and spectral envelope fluctuations
when an isolated frame erasure occurs inside a stable unvoiced segment.
[0122] The signal class remains unchanged during the processing of erased frames, i.e. the class remains the same
as in the last good received frame.

Construction of the periodic part of the excitation

[0123] For a concealment of erased frames following a correctly received UNVOICED frame, no periodic part of the
excitation signal is generated. For a concealment of erased frames following a correctly received frame other than
UNVOICED, the periodic part of the excitation signal is constructed by repeating the last pitch period of the previous
frame. If it is the case of the 1 st erased frame after a good frame, this pitch pulse is first low-pass filtered. The filter used
is a simple 3-tap linear phase FIR filter with filter coefficients equal to 0.18, 0.64 and 0.18. If a voicing information is
available, the filter can be also selected dynamically with a cut-off frequency dependent on the voicing.
[0124] The pitch period Tc used to select the last pitch pulse and hence used during the concealment is defined so
that pitch multiples or submultiples can be avoided, or reduced. The following logic is used in determining the pitch
period Tc. 

Here, T3 is the rounded pitch period of the 4th subframe of the last good received frame and Ts is the rounded pitch
period of the 4th subframe of the last good stable voiced frame with coherent pitch estimates. A stable voiced frame is
defined here as a VOICED frame preceded by a frame of voiced type (VOICED TRANSITION, VOICED, ONSET). The
coherence of pitch is verified in this implementation by examining whether the closed-loop pitch estimates are reasonably
close, i.e. whether the ratios between the last subframe pitch, the 2nd subframe pitch and the last subframe pitch of the
previous frame are within the interval (0.7, 1.4).
[0125] This determination of the pitch period Tc means that if the pitch at the end of the last good frame and the pitch
of the last stable frame are close to each other, the pitch of the last good frame is used. Otherwise this pitch is considered
unreliable and the pitch of the last stable frame is used instead to avoid the impact of wrong pitch estimates at voiced
onsets. This logic makes however sense only if the last stable segment is not too far in the past. Hence a counter Tcnt
is defined that limits the reach of the influence of the last stable segment. If Tcnt is greater or equal to 30, i.e. if there are
at least 30 frames since the last Ts update, the last good frame pitch is used systematically. Tcnt is reset to 0 every time
a stable segment is detected and Ts is updated. The period Tc is then maintained constant during the concealment for
the whole erased block.
[0126] 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 α at the end of the frame.
[0127] The values of α correspond to the Table 5 with the exception that they are modified for erasures following
VOICED and ONSET frames to take into consideration the energy evolution of voiced segments. This evolution can be
extrapolated to some extend 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. α is
thus multiplied by a correction factor fb computed as follows: 

(continued)

Last Good Received Frame Number of successive erased frames α

UNVOICED TRANSITION 0.8

UNVOICED = 1 0.6 θ  +0.4

> 1 0.4
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 where b(0), b(1), b(2) and b(3) are the pitch gains of the four subframes of the last correctly received frame. The value
of fb is clipped between 0.98 and 0.85 before being used to scale the periodic part of the excitation. In this way, strong
energy increases and decreases are avoided.
[0128] For erased frames following a correctly received frame other than UNVOICED, the excitation buffer is updated
with this periodic part of the excitation only. This update will be used to construct the pitch codebook excitation in the
next frame.

Construction of the random part of the excitation

[0129] The innovation (non-periodic) part of the excitation signal is generated randomly. It can be generated as a
random noise or by using the CELP innovation codebook with vector indexes generated randomly. In the present
illustrative embodiment, a simple random generator with approximately uniform distribution has been used. Before
adjusting the innovation gain, the randomly generated innovation is scaled to some reference value, fixed here to the
unitary energy per sample.
[0130] 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: 

where g(0), g(1), g(2) and g(3) are the fixed codebook, or innovation, gains of the four (4) subframes of the last correctly
received frame. The attenuation strategy of the random part of the excitation is somewhat different from the attenuation
of the pitch excitation. The reason is that the pitch excitation (and thus the excitation periodicity) is converging to 0 while
the random excitation is converging to the comfort noise generation (CNG) excitation energy. The innovation gain
attenuation is done as: 

where  is the innovation gain at the beginning of the next frame,  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 α is as defined in Table 5.

Similarly to the periodic excitation attenuation, the gain is thus attenuated linearly throughout the frame on a sample by

sample basis starting with  and going to the value of  that would be achieved at the beginning of the next frame.

[0131] Finally, if the last good (correctly received or non erased) received frame is different from UNVOICED, the
innovation excitation is filtered through a linear phase FIR high-pass filter with coefficients -0.0125, -0.109, 0.7813,
-0.109, - 0.0125. To decrease the amount of noisy components during voiced segments, these filter coefficients are
multiplied by an adaptive factor equal to (0.75 - 0.25 rv ), rv being the voicing factor as defined in Equation (1). The
random part of the excitation is then added to the adaptive excitation to form the total excitation signal.
[0132] 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.

Spectral Envelope Concealment, Synthesis and updates

[0133] To synthesize the decoded speech, the LP filter parameters must be obtained. The spectral envelope is gradually
moved to the estimated envelope of the ambient noise. Here the ISF representation of LP parameters is used: 

In equation (25), /1(j) is the value of the jth ISF of the current frame, l0(j) is the value of the jth ISF of the previous frame,
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ln(j) is the value of the jth ISF of the estimated comfort noise envelope and p is the order of the LP filter.
[0134] The synthesized speech is obtained by filtering the excitation signal through the LP synthesis filter. The filter
coefficients are computed from the ISF representation and are interpolated for each subframe (four (4) times per frame)
as during normal encoder operation.
[0135] As innovation gain quantizer and ISF quantizer both use a prediction, their memory will not be up to date after
the normal operation is resumed. To reduce this effect, the quantizers’ memories are estimated and updated at the end
of each erased frame.

Recovery of the normal operation after erasure

[0136] The problem of the recovery after an erased block of frames is basically due to the strong prediction used
practically in all modern speech encoders. In particular, the CELP type speech coders achieve their high signal to noise
ratio for voiced speech due to the fact that they are using the past excitation signal to encode the present frame excitation
(long-term or pitch prediction). Also, most of the quantizers (LP quantizers, gain quantizers) make use of a prediction.

Artificial onset construction

[0137] The most complicated situation related to the use of the long-term prediction in CELP encoders is when a
voiced onset is lost. The lost onset means that the voiced speech onset happened somewhere during the erased block.
In this case, the last good received frame was unvoiced and thus no periodic excitation is found in the excitation buffer.
The first good frame after the erased block is however voiced, the excitation buffer at the encoder is highly periodic and
the adaptive excitation has been encoded using this periodic past excitation. As this periodic part of the excitation is
completely missing at the decoder, it can take up to several frames to recover from this loss.
[0138] If an ONSET frame is lost (i.e. a VOICED good frame arrives after an erasure, but the last good frame before
the erasure was UNVOICED as shown in Figure 6), a special technique is used to artificially reconstruct the lost onset
and to trigger the voiced synthesis. At the beginning of the 1 st good frame after a lost onset, the periodic part of the
excitation is constructed artificially as a low-pass filtered periodic train of pulses separated by a pitch period. In the
present illustrative embodiment, the low-pass filter is a simple linear phase FIR filter with the impulse response hlow =
{-0.0125, 0.109, 0.7813, 0.109, -0.0125}. However, the filter could be also selected dynamically with a cut-off frequency
corresponding to the voicing information if this information is available. The innovative part of the excitation is constructed
using normal CELP decoding. The entries of the innovation codebook could be also chosen randomly (or the innovation
itself could be generated randomly), as the synchrony with the original signal has been lost anyway.
[0139] In practice, the length of the artificial onset is limited so that at least one entire pitch period is constructed by
this method and the method is continued to the end of the current subframe. After that, a regular ACELP processing is
resumed. The pitch period considered is the rounded average of the decoded pitch periods of all subframes where the
artificial onset reconstruction is used. The low-pass filtered impulse train is realized by placing the impulse responses
of the low-pass filter in the adaptive excitation buffer (previously initialized to zero). The first impulse response will be
centered at the quantized position τq (transmitted within the bitstream) with respect to the frame beginning and the
remaining impulses will be placed with the distance of the averaged pitch up to the end of the last subframe affected by
the artificial onset construction. If the available bandwidth is not sufficient to transmit the first glottal pulse position, the
first impulse response can be placed arbitrarily around the half of the pitch period after the current frame beginning.
[0140] As an example, for the subframe length of 64 samples, let us consider that the pitch periods in the first and the
second subframe be p(0)=70.75 and p(1)=71. Since this is larger than the subrame size of 64, then the artificial onset
will be constructed during the first two subframes and the pitch period will be equal to the pitch average of the two
subframes rounded to the nearest integer, i.e. 71. The last two subframes will be processed by normal CELP decoder.
[0141] The energy of the periodic part of the artificial onset excitation is then scaled by the gain corresponding to the
quantized and transmitted energy for FER concealment (As defined in Equations 16 and 17) and divided by the gain of
the LP synthesis filter. The LP synthesis filter gain is computed as: 

where h(i) is the LP synthesis filter impulse response. Finally, the artificial onset gain is reduced by multiplying the
periodic part with 0.96. Alternatively, this value could correspond to the voicing if there were a bandwidth available to
transmit also the voicing information. Alternatively without diverting from the essence of this invention, the artificial onset
can be also constructed in the past excitation buffer before entering the decoder subframe loop. This would have the
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advantage of avoiding the special processing to construct the periodic part of the artificial onset and the regular CELP
decoding could be used instead.
[0142] The LP filter for the output speech synthesis is not interpolated in the case of an artificial onset construction.
Instead, the received LP parameters are used for the synthesis of the whole frame.

Energy control

[0143] The most important task at the recovery after an erased block of frames is to properly control the energy of the
synthesized speech signal. The synthesis energy control is needed because of the strong prediction usually used in
modern speech coders. The energy control is most important when a block of erased frames happens during a voiced
segment. When a frame erasure arrives after a voiced frame, the excitation of the last good frame is typically used during
the concealment with some attenuation strategy. When a new LP filter arrives with the first good frame after the erasure,
there can be a mismatch between the excitation energy and the gain of the new LP synthesis filter. The new synthesis
filter can produce a synthesis signal with an energy highly different from the energy of the last synthesized erased frame
and also from the original signal energy.
[0144] The energy control during the first good frame after an erased frame can be summarized as follows. The
synthesized signal is scaled so that its energy is similar to the energy of the synthesized speech signal at the end of the
last erased frame at the beginning of the first good frame and is converging to the transmitted energy towards the end
of the frame with preventing a too important energy increase.
[0145] The energy control is done in the synthesized speech signal domain. Even if the energy is controlled in the
speech domain, the excitation signal must be scaled as it serves as long term prediction memory for the following frames.
The synthesis is then redone to smooth the transitions. Let g0 denote the gain used to scale the 1 st sample in the current
frame and g1 the gain used at the end of the frame. The excitation signal is then scaled as follows: 

where us(i) is the scaled excitation, u(i) is the excitation before the scaling, L is the frame length and gAGC(i) is the gain
starting from g0 and converging exponentially to g1 : 

with the initialization of gAGC(-1) = g0, where fAGC is the attenuation factor set in this implementation to the value of 0.98.
This value has been found experimentally as a compromise of having a smooth transition from the previous (erased)
frame on one side, and scaling the last pitch period of the current frame as much as possible to the correct (transmitted)
value on the other side. This is important because the transmitted energy value is estimated pitch synchronously at the
end of the frame. The gains g0 and g1 are defined as: 

where E-1 is the energy computed at the end of the previous (erased) frame, E0 is the energy at the beginning of the
current (recovered) frame, E1 is the energy at the end of the current frame and Eq is the quantized transmitted energy
information at the end of the current frame, computed at the encoder from Equations (16, 17). E-1 and E1 are computed
similarly with the exception that they are computed on the synthesized speech signal s’. E-1 is computed pitch synchro-
nously using the concealment pitch period Tc and E1 uses the last subframe rounded pitch T3. E0 is computed similarly
using the rounded pitch value T0 of the first subframe, the equations (16, 17) being modified to: 
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for VOICED and ONSET frames. tE equals to the rounded pitch lag or twice that length if the pitch is shorter than 64
samples. For other frames, 

with tE equal to the half of the frame length. The gains g0 and g1 are further limited to a maximum allowed value, to
prevent strong energy. This value has been set to 1.2 in the present illustrative implementation.
[0146] Conducting frame erasure concealment and decoder recovery comprises, when a gain of a LP filter of a first
non erased frame received following frame erasure is higher than a gain of a LP filter of a last frame erased during said
frame erasure, adjusting the energy of an LP filter excitation signal produced in the decoder during the received first
non erased frame to a gain of the LP filter of said received first non erased frame using the following relation:

If Eq cannot be transmitted, Eq is set to E1. If however the erasure happens during a voiced speech segment (i.e.
the last good frame before the erasure and the first good frame after the erasure are classified as VOICED TRAN-
SITION, VOICED or ONSET), further precautions must be taken because of the possible mismatch between the
excitation signal energy and the LP filter gain, mentioned previously. A particularly dangerous situation arises when
the gain of the LP filter of a first non erased frame received following frame erasure is higher than the gain of the
LP filter of a last frame erased during that frame erasure. In that particular case, the energy of the LP filter excitation
signal produced in the decoder during the received first non erased frame is adjusted to a gain of the LP filter of the
received first non erased frame using the following relation: 

where ELPO is the energy of the LP filter impulse response of the last good frame before the erasure and ELP1 is
the energy of the LP filter of the first good frame after the erasure. In this implementation, the LP filters of the last
subframes in a frame are used. Finally, the value of Eq is limited to the value of E-1 in this case (voiced segment
erasure without Eq information being transmitted).

[0147] The following exceptions, all related to transitions in speech signal, further overwrite the computation of g0. If
artificial onset is used in the current frame, g0 is set to 0.5 g1, to make the onset energy increase gradually.
[0148] In the case of a first good frame after an erasure classified as ONSET, the gain g0 is prevented to be higher
that g1. This precaution is taken to prevent a positive gain adjustment at the beginning of the frame (which is probably
still at least partially unvoiced) from amplifying the voiced onset (at the end of the frame).
[0149] Finally, during a transition from voiced to unvoiced (i.e. that last good frame being classified as VOICED
TRANSITION, VOICED or ONSET and the current frame being classified UNVOICED) or during a transition from a non-
active speech period to active speech period (last good received frame being encoded as comfort noise and current
frame being encoded as active speech), the g0 is set to g1.
[0150] In case of a voiced segment erasure, the wrong energy problem can manifest itself also in frames following
the first good frame after the erasure. This can happen even if the first good frame’s energy has been adjusted as
described above. To attenuate this problem, the energy control can be continued up to the end of the voiced segment.
[0151] Although the present invention has been described in the foregoing description in relation to an illustrative
embodiment thereof, this illustrative embodiment can be modified as will. The scope of protection is defined in the
appended claims.

Claims

1. A method of concealing frame erasure caused by frames of an encoded sound signal erased during transmission
from an encoder to a decoder, and for accelerating recovery of the decoder after non erased frames of the encoded
sound signal have been received, comprising:

determining, in the encoder, concealment/recovery parameters comprising at least two parameters selected
from the group consisting of a signal classification parameter, an energy information parameter, a voicing
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information parameter and a phase information parameter;
quantizing the concealment/recovery parameters; and
transmitting to the decoder the quantized concealment/recovery parameters determined in the encoder;

wherein:

the concealment/recovery parameters are usable to improve frame erasure concealment and recovery of the
decoder after frame erasure;
the sound signal is a speech signal;

characterized in that:

determining, in the encoder, the concealment/recovery parameters comprises classifying successive frames of
the encoded sound signal as unvoiced, unvoiced transition, voiced transition, voiced, or onset; and
determining the concealment/recovery parameters comprises calculating the energy
information parameter in relation to a maximum of a signal energy for frames classified as voiced or onset, and
calculating the energy information parameter in relation to an average energy per sample for other frames.

2. A method as claimed in claim 1, wherein determination of the phase information parameter comprises determining
a position of a first glottal pulse in a frame of the encoded sound signal.

3. A method as claimed in claim 2, wherein determination of the phase information parameter comprises encoding, in
the encoder, a shape, sign and amplitude of the first glottal pulse and transmitting the encoded shape, sign and
amplitude from the encoder to the decoder.

4. A method as claimed in claim 2, wherein determining the position of the first glottal pulse comprises:

measuring a sample of maximum amplitude within a pitch period as the first glottal pulse; and
quantizing a position of the sample of maximum amplitude within the pitch period.

5. A method as claimed in claim 1, wherein classifying the successive frames comprises classifying as unvoiced every
frame which is an unvoiced frame, every frame without active speech, and every voiced offset frame having an end
tending to be unvoiced.

6. A method as claimed in claim 1, wherein classifying the successive frames comprises classifying as unvoiced
transition every unvoiced frame having an end with a possible voiced onset which is too short or not built well enough
to be processed as a voiced frame.

7. A method as claimed in claim 1, wherein classifying the successive frames comprises classifying as voiced transition
every voiced frame with relatively weak voiced characteristics, including voiced frames with rapidly changing char-
acteristics and voiced offsets lasting the whole frame, wherein a frame classified as voiced transition follows only
frames classified as voiced transition, voiced or onset.

8. A method as claimed in claim 1, wherein classifying the successive frames comprises classifying as voiced every
voiced frames with stable characteristics, wherein a frame classified as voiced follows only frames classified as
voiced transition, voiced or onset.

9. A method as claimed in claim 1, wherein classifying the successive frames comprises classifying as onset every
voiced frame with stable characteristics following a frame classified as unvoiced or unvoiced transition.

10. A method as claimed in claim 1, comprising determining the classification of the successive frames of the encoded
sound signal on the basis of at least a part of the following parameters: a normalized correlation parameter, a spectral
tilt parameter, a signal-to-noise ratio parameter, a pitch stability parameter, a relative frame energy parameter, and
a zero crossing parameter.

11. A method as claimed in claim 10, wherein determining the classification of the successive frames comprises:

computing a figure of merit on the basis of the normalized correlation parameter, spectral tilt parameter, signal-
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to-noise ratio parameter, pitch stability parameter, relative frame energy parameter, and zero crossing param-
eter; and
comparing the figure of merit to thresholds to determine the classification.

12. A method as claimed in claim 10, comprising calculating the normalized correlation parameter on the basis of a
current weighted version of the speech signal and a past weighted version of said speech signal.

13. A method as claimed in claim 10, comprising estimating the spectral tilt parameter as a ratio between an energy
concentrated in low frequencies and an energy concentrated in high frequencies.

14. A method as claimed in claim 10, comprising estimating the signal-to-noise ratio parameter as a ratio between an
energy of a weighted version of the speech signal of a current frame and an energy of an error between said weighted
version of the speech signal of the current frame and a weighted version of a synthesized speech signal of said
current frame.

15. A method as claimed in claim 10, comprising computing the pitch stability parameter in response to open-loop pitch
estimates for a first half of a current frame, a second half of the current frame and a look-ahead.

16. A method as claimed in claim 10, comprising computing the relative frame energy parameter as a difference between
an energy of a current frame and a long-term average of an energy of active speech frames.

17. A method as claimed in claim 10, comprising determining the zero crossing parameter as a number of times a sign
of the speech signal changes from a first polarity to a second polarity.

18. A method as claimed in claim 10, comprising computing at least one of the normalized correlation parameter, spectral
tilt parameter, signal-to-noise ratio parameter, pitch stability parameter, relative frame energy parameter, and zero
crossing parameter using an available look-ahead to take into consideration a behavior of the speech signal in a
following frame.

19. A method as claimed in claim 10, comprising determining the classification of the successive frames of the encoded
sound signal also on the basis of a voice activity detection flag.

20. A method as claimed in claim 1, wherein determining, in the encoder, concealment/recovery parameters comprises
computing the voicing information parameter.

21. A method as claimed in claim 20, wherein:

said method comprises determining the classification of the successive frames of the encoded sound signal on
the basis of a normalized correlation parameter; and
computing the voicing information parameter comprises estimating said voicing information parameter on the
basis of the normalized correlation.

22. A method as claimed in claim 1, wherein frame erasure concealment and decoder recovery comprises:

following receiving a non erased unvoiced frame after frame erasure, generating no periodic part of a LP filter
excitation signal;
following receiving, after frame erasure, of a non erased frame other than unvoiced, constructing a periodic part
of the LP filter excitation signal by repeating a last pitch period of a previous frame.

23. A method as claimed in claim 22, wherein constructing the periodic part of the LP filter excitation signal comprises
filtering the repeated last pitch period of the previous frame through a low-pass filter.

24. A method as claimed in claim 23, wherein:

determining concealment/recovery parameters comprises computing the voicing information parameter;
the low-pass filter has a cut-off frequency; and
constructing the periodic part of the excitation signal comprises dynamically adjusting the cut-off frequency in
relation to the voicing information parameter.
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25. A method as claimed in claim 1, wherein frame erasure concealment and decoder recovery comprises randomly
generating a non-periodic, innovation part of a LP filter excitation signal.

26. A method as claimed in claim 25, wherein randomly generating the non-periodic, innovation part of the LP filter
excitation signal comprises generating a random noise.

27. A method as claimed in claim 25, wherein randomly generating the non-periodic, innovation part of the LP filter
excitation signal comprises randomly generating vector indexes of an innovation codebook.

28. A method as claimed in claim 25, wherein:

randomly generating the non-periodic, innovation part of the LP filter excitation signal comprises:

- if a last correctly received frame is different from unvoiced, filtering the innovation part of the excitation
signal through a high pass filter; and
- if the last correctly received frame is unvoiced, using only the innovation part of the excitation signal.

29. A method as claimed in claim 1, wherein:

frame erasure concealment and decoder recovery comprises, when an onset frame is lost which is indicated
by the presence of a voiced frame following frame erasure and an unvoiced frame before frame erasure,
artificially reconstructing the lost onset frame by constructing a periodic part of an excitation signal as a low-
pass filtered periodic train of pulses separated by a pitch period.

30. A method as claimed in claim 29, wherein frame erasure concealment and decoder recovery comprises constructing
an innovation part of the excitation signal by means of normal decoding.

31. A method as claimed in claim 30, wherein constructing an innovation part of the excitation signal comprises randomly
choosing entries of an innovation codebook.

32. A method as claimed in claim 29, wherein artificially reconstructing the lost onset frame comprises limiting a length
of the artificially reconstructed onset so that at least one entire pitch period is constructed by the onset artificial
reconstruction, said reconstruction being continued until the end of a current subframe.

33. A method as claimed in claim 32, wherein frame erasure concealment and decoder recovery comprises, after artificial
reconstruction of the lost onset, resuming a regular CELP processing wherein the pitch period is a rounded average
of decoded pitch periods of subframes where the artificial onset reconstruction is used.

34. A method as claimed in claim 1, wherein frame erasure concealment and decoder recovery comprises:

controlling an energy of a synthesized sound signal produced by the decoder, controlling energy of the synthe-
sized sound signal comprising scaling the synthesized sound signal to render an energy of said synthesized
sound signal at the beginning of a first non erased frame received following frame erasure similar to an energy
of said synthesized sound signal at the end of a last frame erased during said frame erasure; and
converging the energy of the synthesized sound signal in the received first non erased frame to an energy
corresponding to the received energy information parameter toward the end of said received first non erased
frame while limiting an increase in energy.

35. A method as claimed in claim 1, wherein:

the energy information parameter is not transmitted from the encoder to the decoder; and
frame erasure concealment and decoder recovery comprises, when a gain of a LP filter of a first non erased
frame received following frame erasure is higher than a gain of a LP filter of a last frame erased during said
frame erasure, adjusting an energy of an LP filter excitation signal produced in the decoder during the received
first non erased frame to a gain of the LP filter of said received first non erased frame.

36. A method as claimed in claim 35, wherein:
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adjusting the energy of the LP filter excitation signal produced in the decoder during the received first non erased
frame to a gain of the LP filter of said received first non erased frame comprises using the following relation: 

where E1 is an energy at an end of the current frame, ELPO is an energy of an impulse response of the LP filter
of a last non erased frame received before the frame erasure, and ELP1 is an energy of an impulse response
of the LP filter of the received first non erased frame following frame erasure.

37. A method as claimed in claim 34, wherein:

when the first non erased frame received after a frame erasure is classified as onset, frame erasure concealment
and decoder recovery comprises limiting to a given value a gain used for scaling the synthesized sound signal.

38. A method as claimed in claim 34,
comprising making a gain used for scaling the synthesized sound signal at the beginning of the first non erased
frame received after frame erasure equal to a gain used at an end of said received first non erased frame:

- during a transition from a voiced frame to an unvoiced frame, in the case of a last non erased frame received
before frame erasure classified as voiced transition, voice or onset and a first non erased frame received after
frame erasure classified as unvoiced; and
- during a transition from a non-active speech period to an active speech period, when the last non erased frame
received before frame erasure is encoded as comfort noise and the first non erased frame received after frame
erasure is encoded as active speech.

39. A method for the concealment of frame erasure caused by frames erased during transmission of a sound signal
encoded under the form of signal encoding parameters from an encoder to a decoder, and for accelerating recovery
of the decoder after non erased frames of the encoded sound signal have been received, comprising:

determining, in the decoder, concealment/recovery parameters from the signal-encoding parameters, the con-
cealment/recovery parameters comprising at least two parameters selected from the group consisting of a signal
classification parameter, an energy information parameter, a voicing information parameter and a phase infor-
mation parameter; and
in the decoder, conducting erased frame concealment and decoder recovery in response to the concealment/re-
covery parameters determined in the decoder;

wherein:

the sound signal is a speech signal;

characterized in that:

determining, in the decoder, the concealment/recovery parameters comprises classifying successive frames of
the encoded sound signal as unvoiced, unvoiced transition, voiced transition, voiced, or onset; and
determining the concealment/recovery parameters comprises calculating the energy information parameter in
relation to a maximum of a signal energy for frames classified as voiced or onset, and calculating the energy
information parameter in relation to an average energy per sample for other frames.

40. A method as claimed in claim 39, wherein determining, in the decoder, concealment/recovery parameters comprises
computing the voicing information parameter.

41. A method as claimed in claim 39, wherein conducting frame erasure concealment and decoder recovery comprises:

following receiving a non erased unvoiced frame after frame erasure, generating no periodic part of a LP filter
excitation signal;
following receiving, after frame erasure, of a non erased frame other than unvoiced, constructing a periodic part
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of the LP filter excitation signal by repeating a last pitch period of a previous frame.

42. A method as claimed in claim 41, wherein constructing the periodic part of the excitation signal comprises filtering
the repeated last pitch period of the previous frame through a low-pass filter.

43. A method as claimed in claim 42, wherein:

determining, in the decoder, concealment/recovery parameters comprises computing the voicing information
parameter;
the low-pass filter has a cut-off frequency; and
constructing the periodic part of the LP filter excitation signal comprises dynamically adjusting the cut-off fre-
quency in relation to the voicing information parameter.

44. A method as claimed in claim 39, wherein conducting frame erasure concealment and decoder recovery comprises
randomly generating a non-periodic, innovation part of a LP filter excitation signal.

45. A method as claimed in claim 44, wherein randomly generating the non-periodic, innovation part of the LP filter
excitation signal comprises generating a random noise.

46. A method as claimed in claim 44, wherein randomly generating the non-periodic, innovation part of the LP filter
excitation signal comprises randomly generating vector indexes of an innovation codebook.

47. A method as claimed in claim 44, wherein:

randomly generating the non-periodic, innovation part of the LP filter excitation signal comprises:

- if a last received non erased frame is different from unvoiced, filtering the innovation part of the LP filter
excitation signal through a high pass filter; and
- if the last received non erased frame is unvoiced, using only the innovation part of the LP filter excitation
signal.

48. A method as claimed in claim 39, wherein:

conducting frame erasure concealment and decoder recovery comprises, when an onset frame is lost which is
indicated by the presence of a voiced frame following frame erasure and an unvoiced frame before frame
erasure, artificially reconstructing the lost onset frame by constructing a periodic part of an excitation signal as
a low-pass filtered periodic train of pulses separated by a pitch period.

49. A method as claimed in claim 48, wherein conducting frame erasure concealment and decoder recovery comprises
constructing an innovation part of the excitation signal by means of normal decoding.

50. A method as claimed in claim 48, wherein conducting frame erasure concealment and decoder recovery comprises
constructing an innovation part of the excitation signal by randomly choosing entries of an innovation codebook.

51. A method as claimed in claim 48, wherein artificially reconstructing the lost onset frame comprises limiting a length
of the artificially reconstructed onset so that at least one entire pitch period is constructed by the onset artificial
reconstruction, said reconstruction being continued until an end of a current subframe.

52. A method as claimed in claim 51, wherein conducting frame erasure concealment and decoder recovery comprises,
after artificial reconstruction of the lost onset, resuming a regular CELP processing wherein the pitch period is a
rounded average of decoded pitch periods of subframes where the artificial onset reconstruction is used.

53. A method as claimed in claim 39, wherein:

the energy information parameter is not transmitted from the encoder to the decoder; and
conducting frame erasure concealment and decoder recovery comprises, when a gain of a LP filter of a first
non erased frame received following frame erasure is higher than a gain of a LP filter of a last frame erased
during said frame erasure, adjusting an energy of an LP filter excitation signal produced in the decoder during
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the received first non erased frame to a gain of the LP filter of said received first non erased frame using the
following relation: 

where E1 is an energy at an end of the current frame, ELPO is an energy of an impulse response of the LP filter
of a last non erased frame received before the frame erasure, and ELP1 is an energy of an impulse response
of the LP filter of the received first non erased frame following frame erasure.

54. A device for conducting concealment of frame erasure caused by frames of an encoded sound signal erased during
transmission from an encoder to a decoder, and for accelerating recovery of the decoder after non erased frames
of the encoded sound signal have been received, comprising:

means for determining, in the encoder, concealment/recovery parameters comprising at least two parameters
selected from the group consisting of a signal classification parameter, an energy information parameter, a
voicing information parameter and a phase information parameter;
means for quantizing the concealment/recovery parameters; and
means for transmitting to the decoder the quantized concealment/recovery parameters determined in the en-
coder;

wherein:

the concealment/recovery parameters are usable to improve frame erasure concealment and recovery of the
decoder after frame erasure; and
the sound signal is a speech signal;

characterized in that:

the means for determining, in the encoder, the concealment/recovery parameters
comprises means for classifying successive frames of the encoded sound signal as unvoiced, unvoiced tran-
sition, voiced transition, voiced, or onset; and
the means for determining the concealment/recovery parameters comprises means for
calculating the energy information parameter in relation to a maximum of a signal energy for frames classified
as voiced or onset, and means for calculating the energy information parameter in relation to an average energy
per sample for other frames.

55. A device as claimed in claim 54, wherein the means for determining the phase information parameter comprises
means for determining a position of a first glottal pulse in a frame of the encoded sound signal.

56. A device as claimed in claim 55, wherein the means for determining the phase information parameter further com-
prises means for encoding, in the encoder, a shape, sign and amplitude of the first glottal pulse and means for
transmitting the encoded shape, sign and amplitude from the encoder to the decoder.

57. A device as claimed in claim 55, wherein the means for determining the position of the first glottal pulse comprises:

means for measuring a sample of maximum amplitude within a pitch period as the first glottal pulse; and
means for quantizing the position of the sample of maximum amplitude within the pitch period.

58. A device as claimed in claim 54, wherein the means for classifying the successive frames comprises means for
classifying as unvoiced every frame which is an unvoiced frame, every frame without active speech, and every
voiced offset frame having an end tending to be unvoiced.

59. A device as claimed in claim 54, wherein the means for classifying the successive frames comprises means for
classifying as unvoiced transition every unvoiced frame having an end with a possible voiced onset which is too
short or not built well enough to be processed as a voiced frame.
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60. A device as claimed in claim 54, wherein the means for classifying the successive frames comprises means for
classifying as voiced transition every voiced frame with relatively weak voiced characteristics, including voiced
frames with rapidly changing characteristics and voiced offsets lasting the whole frame, wherein a frame classified
as voiced transition follows only frames classified as voiced transition, voiced or onset.

61. A device as claimed in claim 54, wherein the means for classifying the successive frames comprises means for
classifying as voiced every voiced frames with stable characteristics, wherein a frame classified as voiced follows
only frames classified as voiced transition, voiced or onset.

62. A device as claimed in claim 54, wherein the means for classifying the successive frames comprises means for
classifying as onset every voiced frame with stable characteristics following a frame classified as unvoiced or
unvoiced transition.

63. A device as claimed in claim 54, comprising means for determining the classification of the successive frames of
the encoded sound signal on the basis of at least a part of the following parameters: a normalized correlation
parameter, a spectral tilt parameter, a signal-to-noise ratio parameter, a pitch stability parameter, a relative frame
energy parameter, and a zero crossing parameter.

64. A device as claimed in claim 63, wherein the means for determining the classification of the successive frames
comprises:

means for computing a figure of merit on the basis of the normalized correlation parameter, spectral tilt parameter,
signal-to-noise ratio parameter, pitch stability parameter, relative frame energy parameter, and zero crossing
parameter; and
means for comparing the figure of merit to thresholds to determine the classification.

65. A device as claimed in claim 63, comprising means for calculating the normalized correlation parameter on the basis
of a current weighted version of the speech signal and a past weighted version of said speech signal.

66. A device as claimed in claim 63, comprising means for estimating the spectral tilt parameter as a ratio between an
energy concentrated in low frequencies and an energy concentrated in high frequencies.

67. A device as claimed in claim 63, comprising means for estimating the signal-to-noise ratio parameter as a ratio
between an energy of a weighted version of the speech signal of a current frame and an energy of an error between
said weighted version of the speech signal of the current frame and a weighted version of a synthesized speech
signal of said current frame.

68. A device as claimed in claim 63, comprising means for computing the pitch stability parameter in response to open-
loop pitch estimates for a first half of a current frame, a second half of the current frame and a look-ahead.

69. A device as claimed in claim 63, comprising means for computing the relative frame energy parameter as a difference
between an energy of a current frame and a long-term average of an energy of active speech frames.

70. A device as claimed in claim 63, comprising means for determining the zero-crossing parameter as a number of
times a sign of the speech signal changes from a first polarity to a second polarity.

71. A device as claimed in claim 63, comprising means for computing at least one of the normalized correlation parameter,
spectral tilt parameter, signal-to-noise ratio parameter, pitch stability parameter, relative frame energy parameter,
and zero crossing parameter using an available look-ahead to take into consideration a behavior of the speech
signal in a following frame.

72. A device as claimed in claim 63, further comprising means for determining the classification of the successive frames
of the encoded sound signal also on the basis of a voice activity detection flag.

73. A device as claimed in claim 63, wherein the means for determining, in the encoder, concealment/recovery param-
eters comprises means for computing the voicing information parameter.

74. A device as claimed in claim 73, wherein:
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said device comprises means for determining the classification of the successive frames of the encoded sound
signal on the basis of a normalized correlation parameter; and
the means for computing the voicing information parameter comprises means for estimating said voicing infor-
mation parameter on the basis of the normalized correlation.

75. A device for the concealment of frame erasure caused by frames erased during transmission of a sound signal
encoded under the form of signal-encoding parameters from an encoder to a decoder, and for accelerating recovery
of the decoder after non erased frames of the encoded sound signal have been received, comprising:

means for determining, in the decoder, concealment/recovery parameters from the signal-encoding parameters,
the concealment/recovery parameters comprising at least two parameters selected from the group consisting
of a signal classification parameter, an energy information parameter, a voicing information parameter and a
phase information parameter;
in the decoder, means for conducting erased frame concealment and decoder recovery in response to the
concealment/recovery parameters determined by the determining means;

wherein:

the sound signal is a speech signal;

characterized in that:

the means for determining, in the decoder, the concealment/recovery parameters
comprises means for classifying successive frames of the encoded sound signal as unvoiced, unvoiced tran-
sition, voiced transition, voiced, or onset; and
the means for determining the concealment/recovery parameters comprises means for
calculating the energy information parameter in relation to a maximum of a signal energy for frames classified
as voiced or onset, and means for calculating the energy information parameter in relation to an average energy
per sample for other frames.

76. A device as claimed in claim 75, wherein the means for determining, in the decoder, concealment/recovery param-
eters comprises means for computing the voicing information parameter.

77. A device as claimed in claim 75, wherein the means for conducting frame erasure concealment and decoder recovery
comprises:

following receiving a non erased unvoiced frame after frame erasure, means for generating no periodic part of
a LP filter excitation signal;
following receiving, after frame erasure, of a non erased frame other than unvoiced, means for constructing a
periodic part of the LP filter excitation signal by repeating a last pitch period of a previous frame.

78. A device as claimed in claim 77, wherein the means for constructing the periodic part of the excitation signal comprises
a low-pass filter for filtering the repeated last pitch period of the previous frame.

79. A device as claimed in claim 78, wherein:

the means for determining, in the decoder, concealment/recovery parameters comprises means for computing
the voicing information parameter;
the low-pass filter has a cut-off frequency; and
the means for constructing the periodic part of the LP filter excitation signal comprises means for dynamically
adjusting the cut-off frequency in relation to the voicing information parameter.

80. A device as claimed in claim 75, wherein the means for conducting frame erasure concealment and decoder recovery
comprises means for randomly generating a non-periodic, innovation part of a LP filter excitation signal.

81. A device as claimed in claim 80, wherein the means for randomly generating the non-periodic, innovation part of
the LP filter excitation signal comprises means for generating a random noise.



EP 1 509 903 B1

33

5

10

15

20

25

30

35

40

45

50

55

82. A device as claimed in claim 80, wherein the means for randomly generating the non-periodic, innovation part of
the LP filter excitation signal comprises means for randomly generating vector indexes of an innovation codebook.

83. A device as claimed in claim 80, wherein:

the means for randomly generating the non-periodic, innovation part of the LP filter excitation signal comprises:

- if a last received non erased frame is different from unvoiced, a high-pass filter for filtering the innovation
part of the LP filter excitation signal; and
- if the last received non erased frame is unvoiced, means for using only the innovation part of the LP filter
excitation signal.

84. A device as claimed in claim 75, wherein:

the means for conducting frame erasure concealment and decoder recovery comprises, when an onset frame
is lost which is indicated by the presence of a voiced frame following frame erasure and an unvoiced frame
before frame erasure, means for artificially reconstructing the lost onset by constructing a periodic part of an
excitation signal as a low-pass filtered periodic train of pulses separated by a pitch period.

85. A device as claimed in claim 83, wherein the means for conducting frame erasure concealment and decoder recovery
further comprises means for constructing an innovation part of the LP filter excitation signal by means of normal
decoding.

86. A device as claimed in claim 85, wherein the means for constructing an innovation part of the LP filter excitation
signal comprises means for randomly choosing entries of an innovation codebook.

87. A device as claimed in claim 84, wherein the means for artificially reconstructing the lost onset comprises means
for limiting a length of the artificially reconstructed onset so that at least one entire pitch period is constructed by
the onset artificial reconstruction, said reconstruction being continued until the end of a current subframe.

88. A device as claimed in claim 87, wherein the means for conducting frame erasure concealment and decoder recovery
further comprises, after artificial reconstruction of the lost onset, means for resuming a regular CELP processing
wherein the pitch period is a rounded average of decoded pitch periods of subframes where the artificial onset
reconstruction is used.

89. A device as claimed in claim 75, wherein:

the energy information parameter is not transmitted from the encoder to the decoder; and
the means for conducting frame erasure concealment and decoder recovery comprises, when a gain of a LP
filter of a first non erased frame received following frame erasure is higher than a gain of a LP filter of a last
frame erased during said frame erasure, means for adjusting the energy of an LP filter excitation signal produced
in the decoder during the received first non erased frame to a gain of the LP filter of said received first non
erased frame using the following relation: 

where E1 is an energy at an end of a current frame, ELPO is an energy of an impulse response of a LP filter of
a last non erased frame received before the frame erasure, and ELP1 is an energy of an impulse response of
the LP filter to the received first non erased frame following frame erasure.

90. A decoder for decoding an encoded sound signal comprising:

means responsive to the encoded sound signal for recovering from said encoded sound signal a set of signal-
encoding parameters;
means for synthesizing the sound signal in response to the set of signal-encoding parameters; and
a device as recited in any one of claims 75 to 89, for concealing frame erasure caused by frames of the encoded
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sound signal erased during transmission from an encoder to the decoder.

91. An encoder for encoding a sound signal comprising:

means responsive to the sound signal for producing a set of signal-encoding parameters;
means for transmitting the set of signal-encoding parameters to a decoder responsive to the signal-encoding
parameters for recovering the sound signal; and
a device as recited in any of claims 54 to 74, for conducting concealment of frame erasure caused by frames
erased during transmission of the signal-encoding parameters from the encoder to the decoder.

Patentansprüche

1. Verfahren zum Verschleiern einer Rahmenlöschung, die durch Rahmen eines codierten Tonsignals verursacht wird,
die während einer Sendung von einem Codierer zu einem Decodierer gelöscht werden, und zum Beschleunigen
einer Wiederherstellung des Decodierers, nachdem nicht gelöschte Rahmen des codierten Tonsignals empfangen
wurden, aufweisend:

Ermitteln, im Codierer, von Verschleierungs-/Wiederherstellungsparametern, die zumindest zwei Parameter
aufweisen, ausgewählt aus der Gruppe bestehend aus einem Signalklassifizierungsparameter, einem Energie-
informationsparameter, einem Stimmhaftigkeitsinformationsparameter und einem Phaseninformationsparame-
ter;
Quantisieren der Verschleierungs-/Wiederherstellungsparameter; und
Senden der im Codierer ermittelten quantisierten Verschleierungs-/Wiederherstellungsparameter an den De-
codierer;
wobei:

die Verschleierungs-/Wiederherstellungsparameter zur Verbesserung eines Verschleierns einer Rahmen-
löschung und Wiederherstellens des Decodierers nach einer Rahmenlöschung verwendbar sind;
das Tonsignal ein Sprachsignal ist;

dadurch gekennzeichnet, dass:

das Ermitteln, im Codierer, der Verschleierungs-/Wiederherstellungsparameter ein Klassifizieren aufeinander-
folgender Rahmen des codierten Tonsignals als stimmlos, stimmloser Übergang, stimmhafter Übergang, stimm-
haft oder Einsetzen aufweist; und
das Ermitteln der Verschleierungs-/Wiederherstellungsparameter ein Berechnen des Energieinformationspa-
rameters in Relation zu einem Maximum einer Signalenergie für Rahmen, die als stimmhaft oder Einsetzen
klassifiziert sind, und ein Berechnen des Energieinformationsparameters in Relation zu einer Durchschnittse-
nergie pro Abtastung für andere Rahmen aufweist.

2. Verfahren nach Anspruch 1, wobei das Ermitteln des Phaseninformationsparameters ein Ermitteln einer Position
eines ersten Glottalimpulses in einem Rahmen des codierten Tonsignals aufweist.

3. Verfahren nach Anspruch 2, wobei das Ermitteln des Phaseninformationsparameters ein Codieren, im Codierer,
einer Form, eines Vorzeichens und einer Amplitude des ersten Glottalimpulses und ein Senden der codierten Form,
des codierten Vorzeichens und der codierten Amplitude vom Codierer zum Decodierer aufweist.

4. Verfahren nach Anspruch 2, wobei das Ermitteln der Position des ersten Glottalimpulses aufweist:

Messen einer Abtastung maximaler Amplitude innerhalb einer Tonhöhenperiode als den ersten Glottalimpuls;
und
Quantisieren einer Position der Abtastung maximaler Amplitude innerhalb der Tonhöhenperiode.

5. Verfahren nach Anspruch 1, wobei das Klassifizieren der aufeinanderfolgenden Rahmen ein Klassifizieren jedes
Rahmens, der ein stimmloser Rahmen ist, jedes Rahmens ohne aktive Sprache und jedes stimmhaften Rahmens
mit einem Ende, das dazu neigt, stimmlos zu sein, als stimmlos aufweist.
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6. Verfahren nach Anspruch 1, wobei das Klassifizieren der aufeinanderfolgenden Rahmen ein Klassifizieren jedes
stimmlosen Rahmens mit einem Ende mit einem möglichen stimmhaften Einsetzen, das zu kurz oder nicht gut
genug aufgebaut ist, um als stimmhafter Rahmen verarbeitet zu werden, als stimmlosen Übergang klassifiziert.

7. Verfahren nach Anspruch 1, wobei das Klassifizieren der aufeinanderfolgenden Rahmen ein Klassifizieren jedes
stimmhaften Rahmens mit relativ schwachen stimmhaften Eigenschaften, enthaltend stimmhafte Rahmen mit sich
rasch ändernden Eigenschaften und stimmhaften Aussetzungen, die den gesamten Rahmen dauern, als stimm-
haften Übergang aufweist, wobei ein Rahmen, der als stimmhafter Übergang klassifiziert ist, nur Rahmen folgt, die
als stimmhafter Übergang, stimmhaft oder Einsetzen klassifiziert sind.

8. Verfahren nach Anspruch 1, wobei das Klassifizieren der aufeinanderfolgenden Rahmen ein Klassifizieren jedes
stimmhaften Rahmens mit stabilen Eigenschaften als stimmhaft aufweist, wobei ein Rahmen, der als stimmhaft
klassifiziert ist, nur Rahmen folgt, die als stimmhafter Übergang, stimmhaft oder Einsetzen klassifiziert sind.

9. Verfahren nach Anspruch 1, wobei das Klassifizieren der aufeinanderfolgenden Rahmen ein Klassifizieren jedes
stimmhaften Rahmens mit stabilen Eigenschaften, der einem Rahmen folgt, der als stimmlos oder stimmloser
Übergang klassifiziert ist, als Einsetzen aufweist.

10. Verfahren nach Anspruch 1, aufweisend das Ermitteln der Klassifizierung der aufeinanderfolgenden Rahmen des
codierten Tonsignals auf der Basis zumindest eines Teils der folgenden Parameter: einem normalisierten Korrela-
tionsparameter, einem Spektralverzerrungsparameter, einem Signal/Rausch-Verhältnis-Parameter, einem Tonhö-
henstabilitätsparameter, einem relativen Rahmenenergieparameter und einem Nulldurchgangsparameter.

11. Verfahren nach Anspruch 10, wobei das Ermitteln der Klassifizierung der aufeinanderfolgenden Rahmen aufweist:

Errechnen einer Gütezahl auf der Basis des normalisierten Korrelationsparameters, Spektralverzerrungspara-
meters, Signal/Rausch-Verhältnis-Parameters, Tonhöhenstabilitätsparameters, relativen Rahmenenergiepara-
meters und Nulldurchgangsparameters; und
Vergleichen der Gütezahl mit Schwellenwerten, um die Klassifizierung zu ermitteln.

12. Verfahren nach Anspruch 10, aufweisend ein Berechnen des normalisierten Korrelationsparameters auf der Basis
einer aktuellen gewichteten Version des Sprachsignals und einer früheren gewichteten Version des Sprachsignals.

13. Verfahren nach Anspruch 10, aufweisend ein Schätzen des Spektralverzerrungsparameters als Verhältnis zwischen
einer in niederen Frequenzen konzentrierten Energie und einer in hohen Frequenzen konzentrierten Energie.

14. Verfahren nach Anspruch 10, aufweisend ein Schätzen des Signal/Rausch-Verhältnis-Parameters als Verhältnis
zwischen einer Energie einer gewichteten Version des Sprachsignals eines aktuellen Rahmens und einer Energie
eines Fehlers zwischen der gewichteten Version des Sprachsignals des aktuellen Rahmens und einer gewichteten
Version eines synthetisierten Sprachsignals des aktuellen Rahmens.

15. Verfahren nach Anspruch 10, aufweisend ein Errechnen des Tonhöhenstabilitätsparameters als Antwort auf Offene-
Schleife-Tonhöhenschätzungen für eine erste Hälfte eines aktuellen Rahmens, eine zweite Hälfte des aktuellen
Rahmens und eine Vorschau.

16. Verfahren nach Anspruch 10, aufweisend ein Errechnen des relativen Rahmenenergieparameters als eine Differenz
zwischen einer Energie eines aktuellen Rahmens und einem langfristigen Durchschnitt einer Energie eines aktiven
Sprachrahmens.

17. Verfahren nach Anspruch 10, aufweisend ein Ermitteln des Nulldurchgangsparameters als eine Häufigkeit, mit der
sich ein Vorzeichen des Sprachsignals von einer ersten Polarität zu einer zweiten Polarität ändert.

18. Verfahren nach Anspruch 10, aufweisend ein Errechnen zumindest eines von dem normalisierten Korrelationspa-
rameter, Spektralverzerrungsparameter, Signal/Rausch-Verhältnis-Parameter, Tonhöhenstabilitätsparameter, re-
lativen Rahmenenergieparameter und Nulldurchgangsparameter unter Verwendung einer verfügbaren Vorschau,
um ein Verhalten des Sprachsignals im folgenden Rahmen zu berücksichtigen.

19. Verfahren nach Anspruch 10, aufweisend ein Ermitteln der Klassifizierung der aufeinanderfolgenden Rahmen des
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codierten Tonsignals auch auf der Basis eines Sprachaktivitäts-Detektionsflags.

20. Verfahren nach Anspruch 1, wobei das Ermitteln, im Codierer, von Verschleierungs-/Wiederherstellungsparametern
ein Errechnen des Stimmhaftigkeitsinformationsparameters aufweist.

21. Verfahren nach Anspruch 20, wobei:

das Verfahren ein Ermitteln der Klassifizierung der aufeinanderfolgenden Rahmen des codierten Tonsignals
auf der Basis eines normalisierten Korrelationsparameters aufweist; und
ein Errechnen des Stimmhaftigkeitsinformationsparameters ein Schätzen des Stimmhaftigkeitsinformationspa-
rameters auf der Basis der normalisierten Korrelation aufweist.

22. Verfahren nach Anspruch 1, wobei das Verschleiern der Rahmenlöschung und die Wiederherstellung des Deco-
dierers aufweist:

nach Empfang eines nicht gelöschten stimmlosen Rahmens nach einer Rahmenlöschung, Generieren eines
nicht periodischen Teils eines LP-Filter-Anregungssignals;
nach Empfang, nach einer Rahmenlöschung, eines nicht gelöschten Rahmens, der nicht stimmlos ist, Konstru-
ieren eines periodischen Teils des LP-Filter-Anregungssignals durch Wiederholen einer letzten Tonhöhenpe-
riode eines vorangehenden Rahmens.

23. Verfahren nach Anspruch 22, wobei das Konstruieren des periodischen Teils des LP-Filter-Anregungssignals ein
Filtern der wiederholten letzten Tonhöhenperiode des vorangehenden Rahmens durch ein Tiefpassfilter aufweist.

24. Verfahren nach Anspruch 23, wobei:

das Ermitteln der Verschleierungs-/Wiederherstellungsparameter ein Errechnen des Stimmhaftigkeitsinforma-
tionsparameters aufweist;
das Tiefpassfilter eine Grenzfrequenz hat; und
das Konstruieren des periodischen Teils des Anregungssignals ein dynamisches Einstellen der Grenzfrequenz
in Relation zum Stimmhaftigkeitsinformationsparameter aufweist.

25. Verfahren nach Anspruch 1, wobei das Verschleiern der Rahmenlöschung und die Wiederherstellung des Deco-
dierers ein zufälliges Generieren eines nicht periodischen Innovationsteils eines LP-Filter-Anregungssignals auf-
weist.

26. Verfahren nach Anspruch 25, wobei das zufällige Generieren des nicht periodischen Innovationsteils des LP-Filter-
Anregungssignals ein Generieren eines Zufallsrauschens aufweist.

27. Verfahren nach Anspruch 25, wobei das zufällige Generieren des nicht periodischen Innovationsteils des LP-Filter-
Anregungssignals ein zufälliges Generieren von Vektorindizes eines Innovations-Codebuchs aufweist.

28. Verfahren nach Anspruch 25, wobei:

das zufällige Generieren des nicht periodischen Innovationsteils des LP-Filter-Anregungssignals aufweist:

- falls sich der letzte korrekt empfangene Rahmen von stimmlos unterscheidet, Filtern des Innovationsteils
des Anregungssignals durch ein Hochpassfilter; und
- falls der letzte korrekt empfangene Rahmen stimmlos ist, Verwenden nur des Innovationsteils des Anre-
gungssignals.

29. Verfahren nach Anspruch 1, wobei:

das Verschleiern der Rahmenlöschung und die Wiederherstellung des Decodierers, wenn ein Einsetzen-Rah-
men verloren gegangen ist, wie durch das Vorhandensein eines stimmhaften Rahmens nach einer Rahmenlö-
schung und eines stimmlosen Rahmens vor einer Rahmenlöschung angezeigt, ein künstliches Rekonstruieren
des verlorengegangenen Einsetzen-Rahmens durch Konstruieren eines periodischen Teils eines Anregungs-
signals als tiefpassgefilterte periodische Impulsabfolge, getrennt durch eine Tonhöhenperiode aufweist.
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30. Verfahren nach Anspruch 29, wobei das Verschleiern der Rahmenlöschung und die Wiederherstellung des Deco-
dierers ein Konstruieren eines Innovationsteils des Anregungssignals durch normale Decodierung aufweist.

31. Verfahren nach Anspruch 30, wobei das Konstruieren eines Innovationsteils des Anregungssignals ein zufälliges
Wählen von Einträgen eines Innovations-Codebuchs aufweist.

32. Verfahren nach Anspruch 29, wobei das künstliche Rekonstruieren des verlorengegangenen Einsetzen-Rahmens
ein Begrenzen einer Länge des künstlich rekonstruierten Einsetzens aufweist, sodass zumindest eine gesamte
Tonhöhenperiode durch die künstliche Rekonstruktion des Einsetzens konstruiert wird, wobei die Rekonstruktion
bis zum Ende eines aktuellen Teilrahmens fortgesetzt wird.

33. Verfahren nach Anspruch 32, wobei das Verschleiern der Rahmenlöschung und die Wiederherstellung des Deco-
dierers nach der künstlichen Rekonstruktion des verlorengegangenen Einsetzens ein Wiederaufnehmen einer re-
gelmäßigen CELP-Verarbeitung aufweist, wobei die Tonhöhenperiode ein gerundeter Durchschnitt von decodierten
Tonhöhenperioden von Teilrahmen ist, wo die künstliche Rekonstruktion des Einsetzens verwendet wird.

34. Verfahren nach Anspruch 1, wobei das Verschleiern der Rahmenlöschung und die Wiederherstellung des Deco-
dierers aufweist:

Steuern einer Energie eines synthetisierten Tonsignals, das vom Decodierer produziert wird, wobei das Steuern
der Energie des synthetisierten Tonsignals ein Skalieren des synthetisierten Tonsignals aufweist, um eine
Energie des synthetisierten Tonsignals zu Beginn eines ersten nicht gelöschten Rahmens, der nach einer
Rahmenlöschung empfangen wird, ähnlich einer Energie des synthetisierten Tonsignals am Ende eines letzten
Rahmens zu machen, der während der Rahmenlöschung gelöscht wurde; und
Konvergieren der Energie des synthetisierten Tonsignals im empfangenen, ersten nicht gelöschten Rahmen
zu einer Energie entsprechend dem empfangenen Energieinformationsparameter gegen Ende des empfange-
nen, ersten nicht gelöschten Rahmens, während eine Erhöhung in der Energie begrenzt ist.

35. Verfahren nach Anspruch 1, wobei:

der Energieinformationsparameter nicht vom Codierer zum Decodierer gesendet wird; und
das Verschleiern der Rahmenlöschung und die Wiederherstellung des Decodierers, wenn eine Verstärkung
eines LP-Filters eines ersten nicht gelöschten Rahmens, der nach einer Rahmenlöschung empfangen wird,
höher als eine Verstärkung eines LP-Filters eines letzten Rahmens ist, der während der Rahmenlöschung
gelöscht wurde, ein Einstellen einer Energie eines LP-Filter-Anregungssignals, das im Decodierer während des
empfangenen, ersten nicht gelöschten Rahmens produziert wird, auf eine Verstärkung des LP-Filters des emp-
fangenen, ersten nicht gelöschten Rahmens aufweist.

36. Verfahren nach Anspruch 35 wobei:

das Einstellen der Energie des LP-Filter-Anregungssignals, das im Decodierer während des empfangenen,
ersten nicht gelöschten Rahmens produziert wird, auf eine Verstärkung des LP-Filters des empfangenen, ersten
nicht gelöschten Rahmens ein Verwenden der folgenden Relation aufweist: 

wo E1 eine Energie an einem Ende des aktuellen Rahmens ist, ELP0 eine Energie einer Impulsantwort des LP-
Filters eines letzten nicht gelöschten Rahmens ist, der vor der Rahmenlöschung empfangen wurde, und ELP1
eine Energie einer Impulsantwort des LP-Filters des empfangenen, ersten nicht gelöschten Rahmens nach der
Rahmenlöschung ist.

37. Verfahren nach Anspruch 34, wobei:

wenn der erste nicht gelöschte Rahmen, der nach einer Rahmenlöschung empfangen wird, als Einsetzen
klassifiziert ist, das Verschleiern einer Rahmenlöschung und die Wiederherstellung des Decodierers ein Be-
grenzen einer Verstärkung, die zum Skalieren des synthetisierten Tonsignals verwendet wird, auf einen be-
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stimmten Wert aufweist.

38. Verfahren nach Anspruch 34,
aufweisend ein Gestalten einer Verstärkung, die zum Skalieren des synthetisierten Tonsignals zu Beginn des ersten
nicht gelöschten Rahmens verwendet wird, der nach einer Rahmenlöschung empfangen wird, gleich einer Verstär-
kung, die am Ende des empfangenen, ersten nicht gelöschten Rahmens verwendet wird:

- während eines Übergangs von einem stimmhaften Rahmen zu einem stimmlosen Rahmen, falls ein letzter
nicht gelöschter Rahmen, der vor einer Rahmenlöschung empfangen wird, als stimmhafter Übergang, Sprache
oder Einsetzen klassifiziert ist, und ein erster nicht gelöschter Rahmen, der nach einer Rahmenlöschung emp-
fangen wird, als stimmlos klassifiziert ist; und
- während eines Übergangs von einer nicht aktiven Sprachperiode zu einer aktiven Sprachperiode, wenn der
letzte nicht gelöschte Rahmen, der vor einer Rahmenlöschung empfangen wird, als Komfortrauschen codiert
ist, und der erste nicht gelöschte Rahmen, der nach einer Rahmenlöschung empfangen wird, als aktive Sprache
codiert ist.

39. Verfahren zum Verschleiern einer Rahmenlöschung, die durch Rahmen verursacht wird, die während einer Sendung
eines Tonsignals, das unter der Form von Signalcodierungsparametern codiert ist, von einem Codierer zu einem
Decodierer gelöscht werden, und zum Beschleunigen einer Wiederherstellung des Decodierers, nachdem nicht
gelöschte Rahmen des codierten Tonsignals empfangen wurden, aufweisend:

Ermitteln, im Decodierer, von Verschleierungs-/Wiederherstellungsparametern aus den Signalcodierungspa-
rametern, wobei die Verschleierungs-/Wiederherstellungsparameter zumindest zwei Parameter aufweisen, aus-
gewählt aus der Gruppe bestehend aus einem Signalklassifizierungsparameter, einem Energieinformationspa-
rameter, einem Stimmhaftigkeitsinformationsparameter und einem Phaseninformationsparameter; und
im Decodierer, Durchführen einer Verschleierung gelöschter Rahmen und Wiederherstellung des Decodierers
als Antwort auf die im Decodierer ermittelten Verschleierungs-/Wiederherstellungsparameter;
wobei:

das Tonsignal ein Sprachsignal ist;

dadurch gekennzeichnet, dass:

das Ermitteln, im Decodierer, von Verschleierungs-/Wiederherstellungsparametern ein Klassifizieren aufeinan-
derfolgender Rahmen des codierten Tonsignals als stimmlos, stimmloser Übergang, stimmhafter Übergang,
stimmhaft oder Einsetzen aufweist; und
das Ermitteln der Verschleierungs-/Wiederherstellungsparameter ein Berechnen des Energieinformationspa-
rameters in Relation zu einem Maximum einer Signalenergie für Rahmen, die als stimmhaft oder Einsetzen
klassifiziert sind, und ein Berechnen des Energieinformationsparameters in Relation zu einer Durchschnittse-
nergie pro Abtastung für andere Rahmen aufweist.

40. Verfahren nach Anspruch 39, wobei das Ermitteln, im Decodierer, von Verschleierungs-/Wiederherstellungspara-
metern ein Errechnen des Stimmhaftigkeitsinformationsparameters aufweist.

41. Verfahren nach Anspruch 39, wobei das Durchführen des Verschleierns der Rahmenlöschung und der Wiederher-
stellung des Decodierers aufweist:

nach Empfang eines nicht gelöschten stimmlosen Rahmens nach einer Rahmenlöschung, Generieren keines
periodischen Teils eines LP-Filter-Anregungssignals;
nach Empfang, nach einer Rahmenlöschung, eines nicht gelöschten Rahmens, der nicht stimmlos ist, Konstru-
ieren eines periodischen Teils des LP-Filter-Anregungssignals durch Wiederholen einer letzten Tonhöhenpe-
riode eines vorangehenden Rahmens.

42. Verfahren nach Anspruch 41, wobei das Konstruieren des periodischen Teils des Anregungssignals ein Filtern der
wiederholten letzten Tonhöhenperiode des vorangehenden Rahmens durch ein Tiefpassfilter aufweist.

43. Verfahren nach Anspruch 42, wobei:
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das Ermitteln, im Decodierer, von Verschleierungs-/Wiederherstellungsparametern ein Errechnen des
Stimmhaftigkeitsinformationsparameters aufweist;
das Tiefpassfilter eine Grenzfrequenz hat; und
das Konstruieren des periodischen Teils des LP-Filter-Anregungssignals ein dynamisches Einstellen der Grenz-
frequenz in Relation zum Stimmhaftigkeitsinformationsparameter aufweist.

44. Verfahren nach Anspruch 39, wobei das Durchführen des Verschleierns der Rahmenlöschung und der Wiederher-
stellung des Decodierers ein zufälliges Generieren eines nicht periodischen Innovationsteils eines LP-Filter-Anre-
gungssignals aufweist.

45. Verfahren nach Anspruch 44, wobei das zufällige Generieren des nicht periodischen Innovationsteils des LP-Filter-
Anregungssignals ein Generieren eines Zufallsrauschens aufweist.

46. Verfahren nach Anspruch 44, wobei das zufällige Generieren des nicht periodischen Innovationsteils des LP-Filter-
Anregungssignals ein zufälliges Generieren von Vektorindizes eines Innovations-Codebuchs aufweist.

47. Verfahren nach Anspruch 44, wobei:

das zufällige Generieren des nicht periodischen Innovationsteils des LP-Filter-Anregungssignals aufweist:

- falls sich der letzte nicht gelöschte Rahmen von stimmlos unterscheidet, Filtern des Innovationsteils des
LP-Filter-Anregungssignals durch ein Hochpassfilter; und
- falls der letzte nicht gelöschte Rahmen stimmlos ist, Verwenden nur des Innovationsteils des LP-Filter-
Anregungssignals.

48. Verfahren nach Anspruch 39, wobei:

das Durchführen des Verschleierns der Rahmenlöschung und der Wiederherstellung des Decodierers, wenn
ein Einsetzen-Rahmen verloren gegangen ist, wie durch das Vorhandensein eines stimmhaften Rahmens nach
einer Rahmenlöschung und eines stimmlosen Rahmens vor einer Rahmenlöschung angezeigt, ein künstliches
Rekonstruieren des verlorengegangenen Einsetzen-Rahmens durch Konstruieren eines periodischen Teils ei-
nes Anregungssignals als tiefpassgefilterte periodische Impulsabfolge, getrennt durch eine Tonhöhenperiode
aufweist.

49. Verfahren nach Anspruch 48, wobei das Durchführen des Verschleierns der Rahmenlöschung und der Wiederher-
stellung des Decodierers ein Konstruieren eines Innovationsteils des Anregungssignals durch normale Decodierung
aufweist.

50. Verfahren nach Anspruch 48, wobei das Durchführen des Verschleierns der Rahmenlöschung und der Wiederher-
stellung des Decodierers ein Konstruieren eines Innovationsteils des Anregungssignals durch zufälliges Wählen
von Einträgen eines Innovations-Codebuchs aufweist.

51. Verfahren nach Anspruch 48, wobei das künstliche Rekonstruieren des verlorengegangenen Einsetzen-Rahmens
ein Begrenzen einer Länge des künstlich rekonstruierten Einsetzens aufweist, sodass zumindest eine gesamte
Tonhöhenperiode durch die künstliche Rekonstruktion des Einsetzens konstruiert wird, wobei die Rekonstruktion
bis zum Ende eines aktuellen Teilrahmens fortgesetzt wird.

52. Verfahren nach Anspruch 51, wobei das Durchführen des Verschleierns der Rahmenlöschung und der Wiederher-
stellung des Decodierers nach der künstlichen Rekonstruktion des verlorengegangenen Einsetzens ein Wiederauf-
nehmen einer regelmäßigen CELP-Verarbeitung aufweist, wobei die Tonhöhenperiode ein gerundeter Durchschnitt
von decodierten Tonhöhenperioden von Teilrahmen ist, wo die künstliche Rekonstruktion des Einsetzens verwendet
wird.

53. Verfahren nach Anspruch 39, wobei
der Energieinformationsparameter nicht vom Codierer zum Decodierer gesendet wird; und
das Durchführen des Verschleierns der Rahmenlöschung und der Wiederherstellung des Decodierers, wenn eine
Verstärkung eines LP-Filters eines ersten nicht gelöschten Rahmens, der nach einer Rahmenlöschung empfangen
wird, höher als eine Verstärkung eines LP-Filters eines letzten Rahmens ist, der während der Rahmenlöschung
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gelöscht wurde, ein Einstellen einer Energie eines LP-Filter-Anregungssignals, das im Decodierer während des
empfangenen, ersten nicht gelöschten Rahmens produziert wird, auf eine Verstärkung des LP-Filters des empfan-
genen, ersten nicht gelöschten Rahmens ein Verwenden der folgenden Relation aufweist: 

wo E1 eine Energie an einem Ende des aktuellen Rahmens ist, ELP0 eine Energie einer Impulsantwort des LP-Filters
eines letzten nicht gelöschten Rahmens ist, der vor der Rahmenlöschung empfangen wurde, und ELP1 eine Energie
einer Impulsantwort des LP-Filters des empfangenen, ersten nicht gelöschten Rahmens nach der Rahmenlöschung
ist.

54. Vorrichtung zum Durchführen eines Verschleierns einer Rahmenlöschung, die durch Rahmen eines codierten Ton-
signals verursacht wird, die während einer Sendung von einem Codierer zu einem Decodierer gelöscht werden,
und zum Beschleunigen einer Wiederherstellung des Decodierers, nachdem nicht gelöschte Rahmen des codierten
Tonsignals empfangen wurden, aufweisend:

Mittel zum Ermitteln, im Codierer, von Verschleierungs-/Wiederherstellungsparametern, die zumindest zwei
Parameter aufweisen, ausgewählt aus der Gruppe bestehend aus einem Signalklassifizierungsparameter, ei-
nem Energieinformationsparameter, einem Stimmhaftigkeitsinformationsparameter und einem Phaseninforma-
tionsparameter;
Mittel zum Quantisieren der Verschleierungs-/Wiederherstellungsparameter; und
Mittel zum Senden der im Codierer ermittelten quantisierten Verschleierungs-/Wiederherstellungsparameter
an den Decodierer;
wobei:

die Verschleierungs-/Wiederherstellungsparameter zur Verbesserung eines Verschleierns einer Rahmen-
löschung und Wiederherstellens des Decodierers nach einer Rahmenlöschung verwendbar sind; und
das Tonsignal ein Sprachsignal ist;

dadurch gekennzeichnet, dass:

das Mittel zum Ermitteln, im Codierer, von Verschleierungs-/Wiederherstellungsparametern ein Mittel zum Klas-
sifizieren aufeinanderfolgender Rahmen des codierten Tonsignals als stimmlos, stimmloser Übergang, stimm-
hafter Übergang, stimmhaft oder Einsetzen aufweist; und
das Mittel zum Ermitteln der Verschleierungs-/Wiederherstellungsparameter ein Mittel zum Berechnen des
Energieinformationsparameters in Relation zu einem Maximum einer Signalenergie für Rahmen, die als stimm-
haft oder Einsetzen klassifiziert sind, und ein Mittel zum Berechnen des Energieinformationsparameters in
Relation zu einer Durchschnittsenergie pro Abtastung für andere Rahmen aufweist.

55. Vorrichtung nach Anspruch 54, wobei das Mittel zum Ermitteln des Phaseninformationsparameters ein Mittel zum
Ermitteln einer Position eines ersten Glottalimpulses in einem Rahmen des codierten Tonsignals aufweist.

56. Vorrichtung nach Anspruch 55, wobei das Mittel zum Ermitteln des Phaseninformationsparameters ferner ein Mittel
zum Codieren, im Codierer, einer Form, eines Vorzeichens und einer Amplitude des ersten Glottalimpulses und ein
Mittel zum Senden der codierten Form, des codierten Vorzeichens und der codierten Amplitude vom Codierer zum
Decodierer aufweist.

57. Vorrichtung nach Anspruch 55, wobei das Mittel zum Ermitteln der Position des ersten Glottalimpulses aufweist:

ein Mittel zum Messen einer Abtastung maximaler Amplitude innerhalb einer Tonhöhenperiode als den ersten
Glottalimpuls; und
ein Mittel zum Quantisieren der Position der Abtastung maximaler Amplitude innerhalb der Tonhöhenperiode.

58. Vorrichtung nach Anspruch 54, wobei das Mittel zum Klassifizieren der aufeinanderfolgenden Rahmen ein Mittel
zum Klassifizieren jedes Rahmens, der ein stimmloser Rahmen ist, jedes Rahmens ohne aktive Sprache und jedes
stimmhaften Aussetzen-Rahmens mit einem Ende, das dazu neigt, stimmlos zu sein, als stimmlos aufweist.
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59. Vorrichtung nach Anspruch 54, wobei das Mittel zum Klassifizieren der aufeinanderfolgenden Rahmen ein Mittel
zum Klassifizieren jedes stimmlosen Rahmens mit einem Ende mit einem möglichen stimmhaften Einsetzen, das
zu kurz oder nicht gut genug aufgebaut ist, um als stimmhafter Rahmen verarbeitet zu werden, als stimmlosen
Übergang aufweist.

60. Vorrichtung nach Anspruch 54, wobei das Mittel zum Klassifizieren der aufeinanderfolgenden Rahmen ein Mittel
zum Klassifizieren jedes stimmhaften Rahmens mit relativ schwachen stimmhaften Eigenschaften, enthaltend
stimmhafte Rahmen mit sich rasch ändernden Eigenschaften und stimmhaften Aussetzungen, die den gesamten
Rahmen dauern, als stimmhaften Übergang aufweist, wobei ein Rahmen, der als stimmhafter Übergang klassifiziert
ist, nur Rahmen folgt, die als stimmhafter Übergang, stimmhaft oder Einsetzen klassifiziert sind.

61. Vorrichtung nach Anspruch 54, wobei das Mittel zum Klassifizieren der aufeinanderfolgenden Rahmen ein Mittel
zum Klassifizieren jedes stimmhaften Rahmens mit stabilen Eigenschaften als stimmhaft aufweist, wobei ein Rah-
men, der als stimmhaft klassifiziert ist, nur Rahmen folgt, die als stimmhafter Übergang, stimmhaft oder Einsetzen
klassifiziert sind.

62. Vorrichtung nach Anspruch 54, wobei das Mittel zum Klassifizieren der aufeinanderfolgenden Rahmen ein Mittel
zum Klassifizieren jedes stimmhaften Rahmens mit stabilen Eigenschaften, der einem Rahmen folgt, der als stimmlos
oder stimmloser Übergang klassifiziert ist, als Einsetzen aufweist.

63. Vorrichtung nach Anspruch 54, aufweisend ein Mittel zum Ermitteln der Klassifizierung der aufeinanderfolgenden
Rahmen des codierten Tonsignals auf der Basis zumindest eines Teils der folgenden Parameter: einem normali-
sierten Korrelationsparameter, einem Spektralverzerrungsparameter, einem Signal/Rausch-Verhältnis-Parameter,
einem Tonhöhenstabilitätsparameter, einem relativen Rahmenenergieparameter und einem Nulldurchgangspara-
meter.

64. Vorrichtung nach Anspruch 63, wobei das Mittel zum Ermitteln der Klassifizierung der aufeinanderfolgenden Rahmen
aufweist:

ein Mittel zum Errechnen einer Gütezahl auf der Basis des normalisierten Korrelationsparameters, Spektral-
verzerrungsparameters, Signal/Rausch-Verhältnis-Parameters, Tonhöhenstabilitätsparameters, relativen Rah-
menenergieparameters und Nulldurchgangsparameters; und
ein Mittel zum Vergleichen der Gütezahl mit Schwellenwerten, um die Klassifizierung zu ermitteln.

65. Vorrichtung nach Anspruch 63, aufweisend ein Mittel zum Berechnen des normalisierten Korrelationsparameters
auf der Basis einer aktuellen gewichteten Version des Sprachsignals und einer früheren gewichteten Version des
Sprachsignals.

66. Vorrichtung nach Anspruch 63, aufweisend ein Mittel zum Schätzen des Spektralverzerrungsparameters als Ver-
hältnis zwischen einer in niederen Frequenzen konzentrierten Energie und einer in hohen Frequenzen konzentrierten
Energie.

67. Vorrichtung nach Anspruch 63, aufweisend ein Mittel zum Schätzen des Signal/Rausch-Verhältnis-Parameters als
Verhältnis zwischen einer Energie einer gewichteten Version des Sprachsignals eines aktuellen Rahmens und einer
Energie eines Fehlers zwischen der gewichteten Version des Sprachsignals des aktuellen Rahmens und einer
gewichteten Version eines synthetisierten Sprachsignals des aktuellen Rahmens.

68. Vorrichtung nach Anspruch 63, aufweisend ein Mittel zum Errechnen des Tonhöhenstabilitätsparameters als Antwort
auf Offene-Schleife-Tonhöhenschätzungen für eine erste Hälfte eines aktuellen Rahmens, eine zweite Hälfte des
aktuellen Rahmens und eine Vorschau.

69. Vorrichtung nach Anspruch 63, aufweisend ein Mittel zum Errechnen des relativen Rahmenenergieparameters als
eine Differenz zwischen einer Energie eines aktuellen Rahmens und einem langfristigen Durchschnitt einer Energie
eines aktiven Sprachrahmens.

70. Vorrichtung nach Anspruch 63, aufweisend ein Mittel zum Ermitteln des Nulldurchgangsparameters als eine Häu-
figkeit, mit der sich ein Vorzeichen des Sprachsignals von einer ersten Polarität zu einer zweiten Polarität ändert.
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71. Vorrichtung nach Anspruch 63, aufweisend ein Mittel zum Errechnen zumindest eines von dem normalisierten
Korrelationsparameter, Spektralverzerrungsparameter, Signal/Rausch-Verhältnis-Parameter, Tonhöhenstabilitäts-
parameter, relativen Rahmenenergieparameter und Nulldurchgangsparameter unter Verwendung einer verfügbaren
Vorschau, um ein Verhalten des Sprachsignals im folgenden Rahmen zu berücksichtigen.

72. Vorrichtung nach Anspruch 63, des Weiteren aufweisend ein Mittel zum Ermitteln der Klassifizierung der aufeinan-
derfolgenden Rahmen des codierten Tonsignals auch auf der Basis eines Sprachaktivitäts-Detektionsflags.

73. Vorrichtung nach Anspruch 63, wobei das Mittel zum Ermitteln, im Codierer, von Verschleierungs-/Wiederherstel-
lungsparametern ein Mittel zum Errechnen des Stimmhaftigkeitsinformationsparameters aufweist.

74. Vorrichtung nach Anspruch 73, wobei:

die Vorrichtung ein Mittel zum Ermitteln der Klassifizierung der aufeinanderfolgenden Rahmen des codierten
Tonsignals auf der Basis eines normalisierten Korrelationsparameters aufweist; und
das Mittel zum Errechnen des Stimmhaftigkeitsinformationsparameters ein Mittel zum Schätzen des Stimmhaf-
tigkeitsinformationsparameters auf der Basis der normalisierten Korrelation aufweist.

75. Vorrichtung zum Verschleiern einer Rahmenlöschung, die durch Rahmen verursacht wird, die während einer Sen-
dung eines Tonsignals, das unter der Form von Signalcodierungsparametern codiert ist, von einem Codierer zu
einem Decodierer gelöscht werden, und zum Beschleunigen einer Wiederherstellung des Decodierers, nachdem
nicht gelöschte Rahmen des codierten Tonsignals empfangen wurden, aufweisend:

Mittel zum Ermitteln, im Decodierer, von Verschleierungs-/Wiederherstellungsparametern aus den Signalco-
dierungsparametern, wobei die Verschleierungs-/Wiederherstellungsparameter zumindest zwei Parameter auf-
weisen, ausgewählt aus der Gruppe bestehend aus einem Signalklassifizierungsparameter, einem Energiein-
formationsparameter, einem Stimmhaftigkeitsinformationsparameter und einem Phaseninformationsparame-
ter;
im Decodierer, Mittel zum Durchführen einer Verschleierung gelöschter Rahmen und Wiederherstellung des
Decodierers als Antwort auf die durch das Ermittlungsmittel ermittelten Verschleierungs-/Wiederherstellungs-
parameter;
wobei:

das Tonsignal ein Sprachsignal ist;

dadurch gekennzeichnet, dass:

das Mittel zum Ermitteln, im Decodierer, der Verschleierungs-/Wiederherstellungsparameter ein Mittel zum
Klassifizieren aufeinanderfolgender Rahmen des codierten Tonsignals als stimmlos, stimmloser Übergang,
stimmhafter Übergang, stimmhaft oder Einsetzen aufweist; und
das Mittel zum Ermitteln der Verschleierungs-/Wiederherstellungsparameter ein Mittel zum Berechnen des
Energieinformationsparameters in Relation zu einem Maximum einer Signalenergie für Rahmen, die als stimm-
haft oder Einsetzen klassifiziert sind, und ein Mittel zum Berechnen des Energieinformationsparameters in
Relation zu einer Durchschnittsenergie pro Abtastung für andere Rahmen aufweist.

76. Vorrichtung nach Anspruch 75, wobei das Mittel zum Ermitteln, im Decodierer, von Verschleierungs-/Wiederher-
stellungsparametern ein Mittel zum Errechnen des Stimmhaftigkeitsinformationsparameters aufweist.

77. Vorrichtung nach Anspruch 75, wobei das Mittel zum Durchführen des Verschleierns der Rahmenlöschung und der
Wiederherstellung des Decodierers aufweist:

nach Empfang eines nicht gelöschten stimmlosen Rahmens nach einer Rahmenlöschung, ein Mittel zum Ge-
nerieren keines periodischen Teils eines LP-Filter-Anregungssignals;
nach Empfang, nach einer Rahmenlöschung, eines nicht gelöschten Rahmens, der nicht stimmlos ist, ein Mittel
zum Konstruieren eines periodischen Teils des LP-Filter-Anregungssignals durch Wiederholen einer letzten
Tonhöhenperiode eines vorangehenden Rahmens.

78. Vorrichtung nach Anspruch 77, wobei das Mittel zum Konstruieren des periodischen Teils des Anregungssignals
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ein Tiefpassfilter zum Filtern der wiederholten letzten Tonhöhenperiode des vorangehenden Rahmens aufweist.

79. Vorrichtung nach Anspruch 78, wobei:

das Mittel zum Ermitteln, im Decodierer, von Verschleierungs-/Wiederherstellungsparametern ein Mittel zum
Errechnen des Stimmhaftigkeitsinformationsparameters aufweist;
das Tiefpassfilter eine Grenzfrequenz hat; und
das Mittel zum Konstruieren des periodischen Teils des LP-Filter-Anregungssignals ein Mittel zum dynamischen
Einstellen der Grenzfrequenz in Relation zum Stimmhaftigkeitsinformationsparameter aufweist.

80. Vorrichtung nach Anspruch 75, wobei das Mittel zum Durchführen des Verschleierns der Rahmenlöschung und der
Wiederherstellung des Decodierers ein Mittel zum zufälligen Generieren eines nicht periodischen Innovationsteils
eines LP-Filter-Anregungssignals aufweist.

81. Vorrichtung nach Anspruch 80, wobei das Mittel zum zufälligen Generieren des nicht periodischen Innovationsteils
des LP-Filter-Anregungssignals ein Mittel zum Generieren eines Zufallsrauschens aufweist.

82. Vorrichtung nach Anspruch 80, wobei das Mittel zum zufälligen Generieren des nicht periodischen Innovationsteils
des LP-Filter-Anregungssignals ein Mittel zum zufälligen Generieren von Vektorindizes eines Innovations-Code-
buchs aufweist.

83. Vorrichtung nach Anspruch 80, wobei:

das Mittel zum zufälligen Generieren des nicht periodischen Innovationsteils des LP-Filter-Anregungssignals
aufweist:

- falls sich ein letzter empfangener nicht gelöschter Rahmen von stimmlos unterscheidet, ein Hochpassfilter
zum Filtern des Innovationsteils des LP-Filter-Anregungssignals; und
- falls der letzte nicht empfangene gelöschte Rahmen stimmlos ist, ein Mittel zum Verwenden nur des
Innovationsteils des LP-Filter-Anregungssignals.

84. Vorrichtung nach Anspruch 75, wobei:

das Mittel zum Durchführen des Verschleierns der Rahmenlöschung und der Wiederherstellung des Decodie-
rers, wenn ein Einsetzen-Rahmen verloren gegangen ist, wie durch das Vorhandensein eines stimmhaften
Rahmens nach einer Rahmenlöschung und eines stimmlosen Rahmens vor einer Rahmenlöschung angezeigt,
ein Mittel zum künstlichen Rekonstruieren des verlorengegangenen Einsetzens durch Konstruieren eines pe-
riodischen Teils eines Anregungssignals als eine tiefpassgefilterte periodische Impulsabfolge, getrennt durch
eine Tonhöhenperiode, aufweist.

85. Vorrichtung nach Anspruch 83, wobei das Mittel zum Durchführen des Verschleierns der Rahmenlöschung und der
Wiederherstellung des Decodierers ferner ein Mittel zum Konstruieren eines Innovationsteils des LP-Filter-Anre-
gungssignals durch normale Decodierung aufweist.

86. Vorrichtung nach Anspruch 85, wobei das Mittel zum Konstruieren eines Innovationsteils des LP-Filter-Anregungs-
signals ein Mittel zum zufälligen Wählen von Einträgen eines Innovations-Codebuchs aufweist.

87. Vorrichtung nach Anspruch 84, wobei das Mittel zum künstlichen Rekonstruieren des verlorengegangenen Einset-
zens ein Mittel zum Begrenzen einer Länge des künstlich rekonstruierten Einsetzens aufweist, sodass zumindest
eine gesamte Tonhöhenperiode durch die künstliche Rekonstruktion des Einsetzens konstruiert wird, wobei die
Rekonstruktion bis zum Ende eines aktuellen Teilrahmens fortgesetzt wird.

88. Vorrichtung nach Anspruch 87, wobei das Mittel zum Durchführen des Verschleierns der Rahmenlöschung und der
Wiederherstellung des Decodierers nach der künstlichen Rekonstruktion des verlorengegangenen Einsetzens ferner
ein Mittel zum Wiederaufnehmen einer regelmäßigen CELP-Verarbeitung aufweist, wobei die Tonhöhenperiode ein
gerundeter Durchschnitt von decodierten Tonhöhenperioden von Teilrahmen ist, wo die künstliche Rekonstruktion
des Einsetzens verwendet wird.
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89. Vorrichtung nach Anspruch 75, wobei
der Energieinformationsparameter nicht vom Codierer zum Decodierer gesendet wird; und
das Mittel zum Durchführen des Verschleierns der Rahmenlöschung und der Wiederherstellung des Decodierers,
wenn eine Verstärkung eines LP-Filters eines ersten nicht gelöschten Rahmens, der nach einer Rahmenlöschung
empfangen wird, höher als eine Verstärkung eines LP-Filters eines letzten Rahmens ist, der während der Rahmen-
löschung gelöscht wurde, ein Mittel zum Einstellen der Energie eines LP-Filter-Anregungssignals, das im Decodierer
während des empfangenen, ersten nicht gelöschten Rahmens produziert wird, auf eine Verstärkung des LP-Filters
des empfangenen, ersten nicht gelöschten Rahmens unter Verwendung der folgenden Relation aufweist: 

wo E1 eine Energie an einem Ende eines aktuellen Rahmens ist, ELP0 eine Energie einer Impulsantwort eines LP-
Filters eines letzten nicht gelöschten Rahmens ist, der vor der Rahmenlöschung empfangen wurde, und ELP1 eine
Energie einer Impulsantwort des LP-Filters des empfangenen, ersten nicht gelöschten Rahmens nach der Rah-
menlöschung ist.

90. Decodierer zum Decodieren eines codierten Tonsignals, aufweisend:

ein Mittel, das auf das codierte Tonsignal anspricht, zur Wiederherstellung eines Satzes von Signalcodierungs-
parametern aus dem codierten Tonsignal:

ein Mittel zum Synthetisieren des Tonsignals als Antwort auf den Satz von Signalcodierungsparametern; und
eine Vorrichtung nach einem der Ansprüche 75 bis 89 zum Verschleiern einer Rahmenlöschung, die durch
Rahmen des codierten Tonsignals verursacht wird, die während einer Sendung von einem Codierer zu
einem Decodierer gelöscht werden.

91. Codierer zum Codieren eines Tonsignals, aufweisend:

ein Mittel, das auf das Tonsignal anspricht, um einen Satz von Signalcodierungsparametern zu produzieren;
ein Mittel zum Senden des Satzes von Signalcodierungsparametern zu einem Decodierer, der auf die Signal-
codierungsparameter anspricht, zur Wiederherstellung des Tonsignals; und
Vorrichtung nach einem der Ansprüche 54 bis 74 zum Durchführen eines Verschleierns einer Rahmenlöschung,
die durch Rahmen verursacht wird, die während einer Sendung der Signalcodierungsparameter von einem
Codierer zu einem Decodierer gelöscht werden.

Revendications

1. Procédé de dissimulation d’effacement de trame provoqué par des trames d’un signal sonore codé effacées pendant
une transmission d’un codeur à un décodeur, et d’accélération de récupération du décodeur après que des trames
non effacées du signal sonore codé ont été reçues, comprenant :

la détermination, dans le codeur, de paramètres de dissimulation/récupération comprenant au moins deux
paramètres choisis dans le groupe constitué d’un paramètre de classification de signal, d’un paramètre d’infor-
mation d’énergie, d’un paramètre d’information de voisement, et d’un paramètre d’information de phase ;
la quantification des paramètres de dissimulation/récupération ; et
la transmission au décodeur des paramètres de dissimulation/récupération quantifiés déterminés dans le
codeur ;
dans lequel :

les paramètres de dissimulation/récupération sont utilisables pour améliorer la dissimulation et la récupé-
ration d’effacement de trame du décodeur après effacement de trame ;
le signal sonore est un signal de parole ;

caractérisé en ce que :
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la détermination, dans le codeur, des paramètres de dissimulation/récupération comprend la classification de
trames successives du signal sonore codé en tant que trame non voisée, transition non voisée, transition voisée,
trame voisée, ou trame de début ; et
la détermination des paramètres de dissimulation/récupération comprend le calcul du paramètre d’information
d’énergie en lien avec un maximum d’une énergie de signal pour des trames classifiées en tant que voisées
ou de début, et le calcul du paramètre d’information d’énergie en lien avec une énergie moyenne par échantillon
pour d’autres trames.

2. Procédé selon la revendication 1, dans lequel la détermination du paramètre d’information de phase comprend la
détermination d’une position d’une première impulsion glottique dans une trame du signal sonore codé.

3. Procédé selon la revendication 2, dans lequel la détermination du paramètre d’information de phase comprend le
codage, dans le codeur, d’une forme, d’un signe ou d’une amplitude de la première impulsion glottique et la trans-
mission de la forme, du signe et de l’amplitude codés du codeur au décodeur.

4. Procédé selon la revendication 2, dans lequel la détermination de la position de la première impulsion glottique
comprend :

la mesure d’un échantillon d’amplitude maximale dans une période de hauteur tonale en tant que première
impulsion glottique ; et
la quantification d’une position de l’échantillon d’amplitude maximale dans la période de hauteur tonale.

5. Procédé selon la revendication 1, dans lequel la classification des trames successives comprend la classification
en tant que non voisée de chaque trame qui est une trame non voisée, de chaque trame sans parole active, et de
chaque trame décalée voisée ayant une fin tendant à être non voisée.

6. Procédé selon la revendication 1, dans lequel la classification des trames successives comprend la classification
en tant que transition non voisée de chaque trame non voisée ayant une fin avec un début voisé possible qui est
trop court ou pas assez bien construit pour être traité en tant que trame voisée.

7. Procédé selon la revendication 1, dans lequel la classification des trames successives comprend la classification
en tant que transition voisée de chaque trame voisée avec des caractéristiques voisées relativement faibles, y
compris des trames voisées avec des caractéristiques de changement rapide et des décalages voisés qui durent
pendant toute la trame, dans lequel une trame classifiée en tant que transition voisée suit uniquement des trames
classifiées en tant que transition voisée, voisées ou de début.

8. Procédé selon la revendication 1, dans lequel la classification des trames successives comprend la classification
en tant que voisée de chaque trame voisée avec des caractéristiques stables, dans lequel une trame classifiée en
tant que voisée suit uniquement des trames classifiées en tant que transition voisée, voisées ou de début.

9. Procédé selon la revendication 1, dans lequel la classification des trames successives comprend la classification
en tant que trame de début de chaque trame voisée avec des caractéristiques stables suivant une trame classifiée
en tant que non voisée ou transition non voisée.

10. Procédé selon la revendication 1, comprenant la détermination de la classification des trames successives du signal
sonore codé d’après au moins une partie des paramètres suivants : un paramètre de corrélation normalisée, un
paramètre d’inclinaison spectrale, un paramètre de rapport signal sur bruit, un paramètre de stabilité de hauteur
tonale, un paramètre d’énergie de trame relative, et un paramètre de passage par zéro.

11. Procédé selon la revendication 10, dans lequel la détermination de la classification des trames successives
comprend :

le calcul informatisé d’un facteur de mérite d’après le paramètre de corrélation normalisée, le paramètre d’in-
clinaison spectrale, le paramètre de rapport signal sur bruit, le paramètre de stabilité de hauteur tonale, le
paramètre d’énergie de trame relative, et le paramètre de passage par zéro ; et
la comparaison du facteur de mérite à des seuils pour déterminer la classification.

12. Procédé selon la revendication 10, comprenant le calcul du paramètre de corrélation normalisée d’après une version
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pondérée actuelle du signal de parole et d’une version pondérée passée dudit signal de parole.

13. Procédé selon la revendication 10, comprenant l’estimation du paramètre d’inclinaison spectrale en tant que rapport
entre une énergie concentrée dans des basses fréquences et une énergie concentrée dans des hautes fréquences.

14. Procédé selon la revendication 10, comprenant l’estimation du paramètre de rapport signal sur bruit en tant que
rapport entre une énergie d’une version pondérée du signal de parole d’une trame actuelle et une énergie d’une
erreur entre ladite version pondérée du signal de parole de la trame actuelle et une version pondérée d’un signal
de parole synthétisé de ladite trame actuelle.

15. Procédé selon la revendication 10, comprenant le calcul informatisé du paramètre de stabilité de hauteur tonale en
réponse à des estimations de hauteur tonale à boucle ouverte pour une première moitié d’une trame actuelle, une
seconde moitié de la trame actuelle et une anticipation.

16. Procédé selon la revendication 10, comprenant le calcul informatisé du paramètre d’énergie de trame relative en
tant que différence entre une énergie d’une trame actuelle et une moyenne à long terme d’une énergie de trames
de parole active.

17. Procédé selon la revendication 10, comprenant la détermination du paramètre de passage par zéro en tant qu’un
nombre de fois qu’un signe du signal de parole change d’une première polarité à une seconde polarité.

18. Procédé selon la revendication 10, comprenant le calcul informatisé d’au moins l’un parmi le paramètre de corrélation
normalisée, le paramètre d’inclinaison spectrale, le paramètre de rapport signal sur bruit, le paramètre de stabilité
de hauteur tonale, le paramètre d’énergie de trame relative, et le paramètre de passage par zéro à l’aide d’une
anticipation disponible pour prendre en considération un comportement du signal de parole dans une trame suivante.

19. Procédé selon la revendication 10, comprenant la détermination de la classification des trames successives du
signal sonore codé également d’après un drapeau de détection d’activité vocale.

20. Procédé selon la revendication 1, dans lequel la détermination, dans le codeur, de paramètres de dissimulation/ré-
cupération comprend le calcul informatisé du paramètre d’information de voisement.

21. Procédé selon la revendication 20, dans lequel :

ledit procédé comprend la détermination de la classification des trames successives du signal sonore codé
d’après un paramètre de corrélation normalisée ;
et
le calcul informatisé du paramètre d’information de voisement comprend l’estimation dudit paramètre d’infor-
mation de voisement d’après la corrélation normalisée.

22. Procédé selon la revendication 1, dans lequel la dissimulation d’effacement de trame et la récupération de décodeur
comprennent :

suite à la réception d’une trame non voisée non effacée après effacement de trame, la génération d’une partie
non périodique d’un signal d’excitation de filtre LP ;
suite à la réception, après effacement de trame, d’une trame non effacée autre que non voisée, la construction
d’une partie périodique du signal d’excitation de filtre LP par répétition d’une dernière période de hauteur tonale
d’une trame précédente.

23. Procédé selon la revendication 22, dans lequel la construction de la partie périodique du signal d’excitation de filtre
LP comprend le filtrage de la dernière période de hauteur tonale répétée de la trame précédente à travers un filtre
passe-bas.

24. Procédé selon la revendication 23, dans lequel :

la détermination de paramètres de dissimulation/récupération comprend le calcul informatisé du paramètre
d’information de voisement ;
le filtre passe-bas a une fréquence de coupure ; et
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la construction de la partie périodique du signal d’excitation comprend l’ajustement dynamique de la fréquence
de coupure en lien avec le paramètre d’information de voisement.

25. Procédé selon la revendication 1, dans lequel la dissimulation d’effacement de trame et la récupération de décodeur
comprennent la génération aléatoire d’une partie d’innovation non périodique d’un signal d’excitation de filtre LP.

26. Procédé selon la revendication 25, dans lequel la génération aléatoire de la partie d’innovation non périodique du
signal d’excitation de filtre LP comprend la génération d’un bruit aléatoire.

27. Procédé selon la revendication 25, dans lequel la génération aléatoire de la partie d’innovation non périodique du
signal d’excitation de filtre LP comprend la génération aléatoire d’indices vectoriels d’un livre de codes d’innovation.

28. Procédé selon la revendication 25, dans lequel :

la génération aléatoire de la partie d’innovation non périodique du signal d’excitation de filtre LP comprend :

- si une dernière trame reçue correctement est différente d’une trame non voisée, le filtrage de la partie
d’innovation du signal d’excitation à travers un filtre passe-haut ; et
- si la dernière trame reçue correctement est non voisée, l’utilisation uniquement de la partie d’innovation
du signal d’excitation.

29. Procédé selon la revendication 1, dans lequel :

la dissimulation d’effacement de trame et la récupération de décodeur comprennent, lorsqu’une trame de début
est perdue, ce qui est indiqué par la présence d’une trame voisée suite à l’effacement de trame et d’une trame
non voisée avant effacement de trame, la reconstruction artificielle de la trame de début perdue par la cons-
truction d’une partie périodique d’un signal d’excitation en tant que train d’impulsions périodique à filtrage passe-
bas séparées par une période de hauteur tonale.

30. Procédé selon la revendication 29, dans lequel la dissimulation d’effacement de trame et la récupération de décodeur
comprennent la construction d’une partie d’innovation du signal d’excitation au moyen d’un décodage normal.

31. Procédé selon la revendication 30, dans lequel la construction d’une partie d’innovation du signal d’excitation com-
prend le choix aléatoire d’entrées d’un livre de codes d’innovation.

32. Procédé selon la revendication 29, dans lequel la reconstruction artificielle de la trame de début perdue comprend
la limitation d’une longueur du début reconstruit artificiellement de sorte qu’au moins une période de hauteur tonale
entière soit construite par la reconstruction artificielle de début, ladite reconstruction étant poursuivie jusqu’à la fin
d’une sous-trame actuelle.

33. Procédé selon la revendication 32, dans lequel la dissimulation d’effacement de trame et la récupération de décodeur
comprennent, après reconstruction artificielle du début perdu, la reprise d’un traitement de CELP régulier dans
lequel la période de hauteur tonale est une moyenne arrondie de périodes de hauteur tonale décodées de sous-
trames où la reconstruction de début artificielle est utilisée.

34. Procédé selon la revendication 1, dans lequel la dissimulation d’effacement de trame et la récupération de décodeur
comprennent :

la commande d’une énergie d’un signal sonore synthétisé produit par le décodeur, la commande d’énergie du
signal sonore synthétisé comprenant la mise à l’échelle du signal sonore synthétisé pour rendre une énergie
dudit signal sonore synthétisé au commencement d’une première trame non effacée reçue suite à un effacement
de trame similaire à une énergie dudit signal sonore synthétisé à la fin d’une dernière trame effacée pendant
ledit effacement de trame ; et
la convergence de l’énergie du signal sonore synthétisé dans la première trame non effacée reçue en une
énergie correspondant au paramètre d’information d’énergie reçu vers la fin de ladite première trame non effacée
reçue tout en limitant une augmentation d’énergie.

35. Procédé selon la revendication 1, dans lequel :
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le paramètre d’information d’énergie n’est pas transmis du codeur au décodeur ; et
la dissimulation d’effacement de trame et la récupération d’énergie comprennent, lorsqu’un gain d’un filtre LP
d’une première trame non effacée reçue suite à l’effacement de trame est plus élevé qu’un gain d’un filtre LP
d’une dernière trame effacée pendant ledit effacement de trame, l’ajustement d’une énergie d’un signal d’ex-
citation de filtre LP produit dans le décodeur pendant la première trame non effacée reçue à un gain du filtre
LP de ladite première trame non effacée reçue.

36. Procédé selon la revendication 35, dans lequel :

l’ajustement de l’énergie du signal d’excitation de filtre LP produit dans le décodeur pendant la première trame
non effacée reçue à un gain du filtre LP de ladite première trame non effacée reçue comprend l’utilisation de
la relation suivante : 

où E1 est une énergie à une fin de la trame actuelle, ELP0 est une énergie d’une réponse impulsionnelle du
filtre LP d’une dernière trame non effacée reçue avant l’effacement de trame, et ELP1 est une énergie d’une
réponse impulsionnelle du filtre LP de la première trame non effacée reçue suite à l’effacement de trame.

37. Procédé selon la revendication 34,
lorsque la première trame non effacée reçue après un effacement de trame est classifiée en tant que trame de
début, la dissimulation d’effacement de trame et la récupération de décodeur comprennent la limitation à une valeur
donnée d’un gain utilisé pour mettre à l’échelle le signal sonore synthétisé.

38. Procédé selon la revendication 34,
comprenant le fait de rendre un gain utilisé pour mettre à l’échelle le signal sonore synthétisé au commencement
de la première trame non effacée reçue après l’effacement de trame égal à un gain utilisé à une fin de ladite première
trame non effacée reçue :

- pendant une transition d’une trame voisée à une trame non voisée, dans le cas d’une dernière trame non
effacée reçue avant effacement de trame classifiée en tant que transition voisée, voisée ou de début et d’une
première trame non effacée reçue après effacement de trame classifiée en tant que non voisée ; et
- pendant une transition d’une période de parole non active à une période de parole active, lorsque la dernière
trame non effacée reçue avant effacement de trame est codée en tant que bruit de confort et la première trame
non effacée reçue après effacement de trame est codée en tant que parole active.

39. Procédé de dissimulation d’effacement de trame provoqué par des trames effacées pendant la transmission d’un
signal sonore codé sous forme de paramètres de codage de signal d’un codeur à un décodeur, et d’accélération
de récupération du décodeur après que des trames non effacées du signal sonore codé ont été reçues, comprenant :

la détermination, dans le décodeur, de paramètres de dissimulation/récupération à partir des paramètres de
codage de signal, les paramètres de dissimulation/récupération comprenant au moins deux paramètres choisis
dans le groupe constitué d’un paramètre de classification de signal, d’un paramètre d’information d’énergie,
d’un paramètre d’information de voisement et d’un paramètre d’information de phase ; et
dans le décodeur, la conduite de dissimulation de trame effacée et de récupération de décodeur en réponse
aux paramètres de dissimulation/récupération déterminés dans le décodeur ;
dans lequel :

le signal sonore est un signal de parole ;

caractérisé en ce que :

la détermination, dans le décodeur, des paramètres de dissimulation/récupération comprend la classification
de trames successives du signal sonore codé en tant que trame non voisée, transition non voisée, transition
voisée, trame voisée, ou trame de début ; et
la détermination des paramètres de dissimulation/récupération comprend le calcul du paramètre d’information
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d’énergie en lien avec un maximum d’une énergie de signal pour des trames classifiées en tant que voisées
ou de début, et le calcul du paramètre d’information d’énergie en lien avec une énergie moyenne par échantillon
pour d’autres trames.

40. Procédé selon la revendication 39, dans lequel la détermination, dans le décodeur, de paramètres de dissimula-
tion/récupération comprend le calcul informatisé du paramètre d’information de voisement.

41. Procédé selon la revendication 39, dans lequel la conduite de dissimulation d’effacement de trame et de récupération
de décodeur comprend :

suite à la réception d’une trame non voisée non effacée après effacement de trame, la génération d’une partie
non périodique d’un signal d’excitation de filtre LP ;
suite à la réception, après effacement de trame, d’une trame non effacée autre que non voisée, la construction
d’une partie périodique du signal d’excitation de filtre LP par répétition d’une dernière période de hauteur tonale
d’une trame précédente.

42. Procédé selon la revendication 41, dans lequel la construction de la partie périodique du signal d’excitation comprend
le filtrage de la dernière période de hauteur tonale répétée de la trame précédente à travers un filtre passe-bas.

43. Procédé selon la revendication 42, dans lequel :

la détermination, dans le décodeur, de paramètres de dissimulation/récupération comprend le calcul informatisé
du paramètre d’information de voisement ;
le filtre passe-bas a une fréquence de coupure ; et
la construction de la partie périodique du signal d’excitation de filtre LP comprend l’ajustement dynamique de
la fréquence de coupure en lien avec le paramètre d’information de voisement.

44. Procédé selon la revendication 39, dans lequel la conduite de dissimulation d’effacement de trame et de récupération
de décodeur comprend la génération aléatoire d’une partie d’innovation non périodique d’un signal d’excitation de
filtre LP.

45. Procédé selon la revendication 44, dans lequel la génération aléatoire de la partie d’innovation non périodique du
signal d’excitation de filtre LP comprend la génération d’un bruit aléatoire.

46. Procédé selon la revendication 44, dans lequel la génération aléatoire de la partie d’innovation non périodique du
signal d’excitation de filtre LP comprend la génération aléatoire d’indices vectoriels d’un livre de codes d’innovation.

47. Procédé selon la revendication 44, dans lequel :

la génération aléatoire de la partie d’innovation non périodique du signal d’excitation de filtre LP comprend :

- si une dernière trame non effacée reçue est différente d’une trame non voisée, le filtrage de la partie
d’innovation du signal d’excitation de filtre LP à travers un filtre passe-haut ; et
- si la dernière trame non effacée reçue est non voisée, l’utilisation uniquement de la partie d’innovation
du signal d’excitation de filtre LP.

48. Procédé selon la revendication 39, dans lequel :

la conduite de dissimulation d’effacement de trame et de récupération de décodeur comprend, lorsqu’une trame
de début est perdue, ce qui est indiqué par la présence d’une trame voisée suite à l’effacement de trame et
d’une trame non voisée avant effacement de trame, la reconstruction artificielle de la trame de début perdue
par la construction d’une partie périodique d’un signal d’excitation en tant que train d’impulsions périodique à
filtrage passe-bas séparées par une période de hauteur tonale.

49. Procédé selon la revendication 48, dans lequel la conduite de dissimulation d’effacement de trame et de récupération
de décodeur comprend la construction d’une partie d’innovation du signal d’excitation au moyen d’un décodage
normal.
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50. Procédé selon la revendication 48, dans lequel la conduite de dissimulation d’effacement de trame et de récupération
de décodeur comprend la construction d’une partie d’innovation du signal d’excitation par un choix aléatoire d’entrées
d’un livre de codes d’innovation.

51. Procédé selon la revendication 48, dans lequel la reconstruction artificielle de la trame de début perdue comprend
la limitation d’une longueur du début reconstruit artificiellement de sorte qu’au moins une période de hauteur tonale
entière soit construite par la reconstruction artificielle de début, ladite reconstruction étant poursuivie jusqu’à une
fin d’une sous-trame actuelle.

52. Procédé selon la revendication 51, dans lequel la conduite de dissimulation d’effacement de trame et de récupération
de décodeur comprend, après reconstruction artificielle du début perdu, la reprise d’un traitement de CELP régulier
dans lequel la période de hauteur tonale est une moyenne arrondie de périodes de hauteur tonale décodées de
sous-trames où la reconstruction de début artificielle est utilisée.

53. Procédé selon la revendication 39, dans lequel :

le paramètre d’information d’énergie n’est pas transmis du codeur au décodeur ; et
la conduite de dissimulation d’effacement de trame et de récupération de décodeur comprend, lorsqu’un gain
d’un filtre LP d’une première trame non effacée reçue suite à l’effacement de trame est plus élevé qu’un gain
d’un filtre LP d’une dernière trame effacée pendant ledit effacement de trame, l’ajustement d’une énergie d’un
signal d’excitation de filtre LP produit dans le décodeur pendant la première trame non effacée reçue à un gain
du filtre LP de ladite première trame non effacée reçue à l’aide de la relation suivante : 

où E1 est une énergie à une fin de la trame actuelle, ELP0 est une énergie d’une réponse impulsionnelle du
filtre LP d’une dernière trame non effacée reçue avant l’effacement de trame, et ELP1 est une énergie d’une
réponse impulsionnelle du filtre LP de la première trame non effacée reçue suite à l’effacement de trame.

54. Dispositif de conduite de dissimulation d’effacement de trame provoqué par des trames d’un signal sonore codé
effacées pendant la transmission d’un codeur à un décodeur, et d’accélération de récupération du décodeur après
que des trames non effacées du signal sonore codé ont été reçues, comprenant :

un moyen de détermination, dans le codeur, de paramètres de dissimulation/récupération comprenant au moins
deux paramètres choisis dans le groupe constitué d’un paramètre de classification de signal, d’un paramètre
d’information d’énergie, d’un paramètre d’information de voisement et d’un paramètre d’information de phase ;
un moyen de quantification des paramètres de dissimulation/récupération ; et
un moyen de transmission au décodeur des paramètres de dissimulation/récupération quantifiés déterminés
dans le codeur ;
dans lequel :

les paramètres de dissimulation/récupération sont utilisables pour améliorer une dissimulation d’effacement
de trame et une récupération du décodeur après effacement de trame ; et
le signal sonore est un signal de parole ;

caractérisé en ce que :

le moyen de détermination, dans le codeur, des paramètres de dissimulation/récupération comprend un moyen
de classification de trames successives du signal sonore codé en tant que trame non voisée, transition non
voisée, transition voisée, trame voisée, ou trame de début ; et
le moyen de détermination des paramètres de dissimulation/récupération comprend un moyen de calcul du
paramètre d’information d’énergie en lien avec un maximum d’une énergie de signal pour des trames classifiées
en tant que voisées ou de début, et un moyen de calcul du paramètre d’information d’énergie en lien avec une
énergie moyenne par échantillon pour d’autres trames.

55. Dispositif selon la revendication 54, dans lequel le moyen de détermination du paramètre d’information de phase
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comprend un moyen de détermination d’une position d’une première impulsion glottique dans une trame du signal
sonore codé.

56. Dispositif selon la revendication 55, dans lequel le moyen de détermination du paramètre d’information de phase
comprend en outre un moyen de codage, dans le codeur, d’une forme, d’un signe et d’une amplitude de la première
impulsion glottique et un moyen de transmission de la forme, du signe et de l’amplitude codés du codeur au décodeur.

57. Dispositif selon la revendication 55, dans lequel le moyen de détermination de la position de la première impulsion
glottique comprend :

un moyen de mesure d’un échantillon d’amplitude maximale dans une période de hauteur tonale en tant que
première impulsion glottique ; et
un moyen de quantification de la position de l’échantillon d’amplitude maximale dans la période de hauteur tonale.

58. Dispositif selon la revendication 54, dans lequel le moyen de classification des trames successives comprend un
moyen de classification en tant que trame non voisée de chaque trame qui est une trame non voisée, de chaque
trame sans parole active, et de chaque trame décalée voisée ayant une fin tendant à être non voisée.

59. Dispositif selon la revendication 54, dans lequel le moyen de classification des trames successives comprend un
moyen de classification en tant que transition non voisée de chaque trame non voisée ayant une fin avec un début
voisé possible qui est trop court ou pas assez bien construit pour être traité en tant que trame voisée.

60. Dispositif selon la revendication 54, dans lequel le moyen de classification des trames successives comprend un
moyen de classification en tant que transition voisée de chaque trame voisée avec des caractéristiques voisées
relativement faibles, y compris des trames voisées avec des caractéristiques de changement rapide et des décalages
voisés qui durent pendant toute la trame, dans lequel une trame classifiée en tant que transition voisée suit unique-
ment des trames classifiées en tant que transition voisée, voisées ou de début.

61. Dispositif selon la revendication 54, dans lequel le moyen de classification des trames successives comprend un
moyen de classification en tant que trame voisée de chaque trame voisée avec des caractéristiques stables, dans
lequel une trame classifiée en tant que voisée suit uniquement des trames classifiées en tant que transition voisée,
voisées ou de début.

62. Dispositif selon la revendication 54, dans lequel le moyen de classification des trames successives comprend un
moyen de classification en tant que trame de début de chaque trame voisée avec des caractéristiques stables
suivant une trame classifiée en tant que trame non voisée ou transition non voisée.

63. Dispositif selon la revendication 54, comprenant un moyen de détermination de la classification des trames suc-
cessives du signal sonore codé d’après au moins une partie des paramètres suivants : un paramètre de corrélation
normalisée, un paramètre d’inclinaison spectrale, un paramètre de rapport signal sur bruit, un paramètre de stabilité
de hauteur tonale, un paramètre d’énergie de trame relative, et un paramètre de passage par zéro.

64. Dispositif selon la revendication 63, dans lequel le moyen de détermination de la classification des trames succes-
sives comprend :

un moyen de calcul informatisé d’un facteur de mérite d’après le paramètre de corrélation normalisée, le para-
mètre d’inclinaison spectrale, le paramètre de rapport signal sur bruit, le paramètre de stabilité de hauteur
tonale, le paramètre d’énergie de trame relative, et le paramètre de passage par zéro ; et
un moyen de comparaison du facteur de mérite à des seuils pour déterminer la classification.

65. Dispositif selon la revendication 63, comprenant un moyen de calcul du paramètre de corrélation normalisée d’après
une version pondérée actuelle du signal de parole et d’une version pondérée passée dudit signal de parole.

66. Dispositif selon la revendication 63, comprenant un moyen d’estimation du paramètre d’inclinaison spectrale en
tant que rapport entre une énergie concentrée dans des basses fréquences et une énergie concentrée dans des
hautes fréquences.

67. Dispositif selon la revendication 63, comprenant un moyen d’estimation du paramètre de rapport signal sur bruit en
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tant que rapport entre une énergie d’une version pondérée du signal de parole d’une trame actuelle et une énergie
d’une erreur entre ladite version pondérée du signal de parole de la trame actuelle et une version pondérée d’un
signal de parole synthétisé de ladite trame actuelle.

68. Dispositif selon la revendication 63, comprenant un moyen de calcul informatisé du paramètre de stabilité de hauteur
tonale en réponse à des estimations de hauteur tonale à boucle ouverte pour une première moitié d’une trame
actuelle, une seconde moitié de la trame actuelle et une anticipation.

69. Dispositif selon la revendication 63, comprenant un moyen de calcul informatisé du paramètre d’énergie de trame
relative en tant que différence entre une énergie d’une trame actuelle et une moyenne à long terme d’une énergie
de trames de parole active.

70. Dispositif selon la revendication 63, comprenant un moyen de détermination du paramètre de passage par zéro en
tant qu’un nombre de fois qu’un signe du signal de parole change d’une première polarité à une seconde polarité.

71. Dispositif selon la revendication 63, comprenant un moyen de calcul informatisé d’au moins l’un parmi le paramètre
de corrélation normalisée, le paramètre d’inclinaison spectrale, le paramètre de rapport signal sur bruit, le paramètre
de stabilité de hauteur tonale, le paramètre d’énergie de trame relative, et le paramètre de passage par zéro à l’aide
d’une anticipation disponible pour prendre en considération un comportement du signal de parole dans une trame
suivante.

72. Dispositif selon la revendication 63, comprenant en outre un moyen de détermination de la classification des trames
successives du signal sonore codé également d’après un drapeau de détection d’activité vocale.

73. Dispositif selon la revendication 63, dans lequel le moyen de détermination, dans le codeur, de paramètres de
dissimulation/récupération comprend un moyen de calcul informatisé du paramètre d’information de voisement.

74. Dispositif selon la revendication 73, dans lequel :

ledit dispositif comprend un moyen de détermination de la classification des trames successives du signal
sonore codé d’après un paramètre de corrélation normalisée ; et
le moyen de calcul informatisé du paramètre d’information de voisement comprend un moyen d’estimation dudit
paramètre d’information de voisement d’après la corrélation normalisée.

75. Dispositif de dissimulation d’effacement de trame provoqué par des trames effacées pendant la transmission d’un
signal sonore codé sous forme de paramètres de codage de signal d’un codeur à un décodeur, et d’accélération
de récupération du décodeur après que des trames non effacées du signal sonore codé ont été reçues, comprenant :

un moyen de détermination, dans le décodeur, de paramètres de dissimulation/récupération à partir des para-
mètres de codage de signal, les paramètres de dissimulation/récupération comprenant au moins deux para-
mètres choisis dans le groupe constitué d’un paramètre de classification de signal, d’un paramètre d’information
d’énergie, d’un paramètre d’information de voisement et d’un paramètre d’information de phase ;
dans le décodeur, un moyen de conduite de dissimulation de trame effacée et de récupération de décodeur en
réponse aux paramètres de dissimulation/récupération déterminés par le moyen de détermination ;
dans lequel :

le signal sonore est un signal de parole ;

caractérisé en ce que :

le moyen de détermination, dans le décodeur, des paramètres de dissimulation/récupération comprend un
moyen de classification de trames successives du signal sonore codé en tant que trame non voisée, transition
non voisée, transition voisée, trame voisée, ou trame de début ; et
le moyen de détermination des paramètres de dissimulation/récupération comprend un moyen de calcul du
paramètre d’information d’énergie en lien avec un maximum d’une énergie de signal pour des trames classifiées
en tant que voisées ou de début, et un moyen de calcul du paramètre d’information d’énergie en lien avec une
énergie moyenne par échantillon pour d’autres trames.
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76. Dispositif selon la revendication 75, dans lequel le moyen de détermination, dans le décodeur, de paramètres de
dissimulation/récupération comprend un moyen de calcul informatisé du paramètre d’information de voisement.

77. Dispositif selon la revendication 75, dans lequel le moyen de conduite de dissimulation d’effacement de trame et
de récupération de décodeur comprend :

suite à la réception d’une trame non voisée non effacée après effacement de trame, un moyen de génération
d’une partie non périodique d’un signal d’excitation de filtre LP ;
suite à la réception, après effacement de trame, d’une trame non effacée autre que non voisée, un moyen de
construction d’une partie périodique du signal d’excitation de filtre LP par répétition d’une dernière période de
hauteur tonale d’une trame précédente.

78. Dispositif selon la revendication 77, dans lequel le moyen de construction de la partie périodique du signal d’excitation
comprend un filtre passe-bas pour filtrer la dernière période de hauteur tonale répétée de la trame précédente.

79. Dispositif selon la revendication 78, dans lequel :

le moyen de détermination, dans le décodeur, de paramètres de dissimulation/récupération comprend un moyen
de calcul informatisé du paramètre d’information de voisement ;
le filtre passe-bas a une fréquence de coupure ; et
le moyen de construction de la partie périodique du signal d’excitation de filtre LP comprend un moyen d’ajus-
tement dynamique de la fréquence de coupure en lien avec le paramètre d’information de voisement.

80. Dispositif selon la revendication 75, dans lequel le moyen de conduite de dissimulation d’effacement de trame et
de récupération de décodeur comprend un moyen de génération aléatoire d’une partie d’innovation non périodique
d’un signal d’excitation de filtre LP.

81. Dispositif selon la revendication 80, dans lequel le moyen de génération aléatoire de la partie d’innovation non
périodique du signal d’excitation de filtre LP comprend un moyen de génération d’un bruit aléatoire.

82. Dispositif selon la revendication 80, dans lequel le moyen de génération aléatoire de la partie d’innovation non
périodique du signal d’excitation de filtre LP comprend un moyen de génération aléatoire d’indices vectoriels d’un
livre de codes d’innovation.

83. Dispositif selon la revendication 80, dans lequel :

le moyen de génération aléatoire de la partie d’innovation non périodique du signal d’excitation de filtre LP
comprend :

- si une dernière trame non effacée reçue est différente d’une trame non voisée, un filtre passe-haut pour
filtrer la partie d’innovation du signal d’excitation de filtre LP ; et
- si la dernière trame non effacée reçue est non voisée, un moyen d’utilisation uniquement de la partie
d’innovation du signal d’excitation de filtre LP.

84. Dispositif selon la revendication 75, dans lequel :

le moyen de conduite de dissimulation d’effacement de trame et de récupération de décodeur comprend,
lorsqu’une trame de début est perdue, ce qui est indiqué par la présence d’une trame voisée suite à l’effacement
de trame et d’une trame non voisée avant effacement de trame, un moyen de reconstruction artificielle du début
perdu par la construction d’une partie périodique d’un signal d’excitation en tant que train d’impulsions périodique
à filtrage passe-bas séparées par une période de hauteur tonale.

85. Dispositif selon la revendication 83, dans lequel le moyen de conduite de dissimulation d’effacement de trame et
de récupération de décodeur comprend en outre un moyen de construction d’une partie d’innovation du signal
d’excitation de filtre LP au moyen d’un décodage normal.

86. Dispositif selon la revendication 85, dans lequel le moyen de construction d’une partie d’innovation du signal d’ex-
citation de filtre LP comprend un moyen de choix aléatoire d’entrées d’un livre de codes d’innovation.
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87. Dispositif selon la revendication 84, dans lequel le moyen de reconstruction artificielle du début perdu comprend
un moyen de limitation d’une longueur du début reconstruit artificiellement de sorte qu’au moins une période de
hauteur tonale entière soit construite par la reconstruction artificielle de début, ladite reconstruction étant poursuivie
jusqu’à la fin d’une sous-trame actuelle.

88. Dispositif selon la revendication 87, dans lequel le moyen de conduite de dissimulation d’effacement de trame et
de récupération de décodeur comprend en outre, après reconstruction artificielle du début perdu, un moyen de
reprise d’un traitement de CELP régulier dans lequel la période de hauteur tonale est une moyenne arrondie de
périodes de hauteur tonale décodées de sous-trames où la reconstruction de début artificielle est utilisée.

89. Dispositif selon la revendication 75, dans lequel :

le paramètre d’information d’énergie n’est pas transmis du codeur au décodeur ; et
le moyen de conduite de dissimulation d’effacement de trame et de récupération de décodeur comprend,
lorsqu’un gain d’un filtre LP d’une première trame non effacée reçue suite à l’effacement de trame est plus
élevé qu’un gain d’un filtre LP d’une dernière trame effacée pendant ledit effacement de trame, un moyen
d’ajustement de l’énergie d’un signal d’excitation de filtre LP produit dans le décodeur pendant la première
trame non effacée reçue à un gain du filtre LP de ladite première trame non effacée reçue à l’aide de l’équation
suivante : 

où E1 est une énergie à une fin d’une trame actuelle, ELP0 est une énergie d’une réponse impulsionnelle d’un
filtre LP d’une dernière trame non effacée reçue avant l’effacement de trame, et ELP1 est une énergie d’une
réponse impulsionnelle du filtre LP à la première trame non effacée reçue suite à l’effacement de trame.

90. Décodeur pour décoder un signal sonore codé comprenant :

un moyen en réponse au signal sonore codé de récupération à partir dudit signal sonore codé d’un ensemble
de paramètres de codage de signal ;
un moyen de synthèse du signal sonore en réponse à l’ensemble de paramètres de codage de signal ; et
un dispositif selon l’une quelconque des revendications 75 à 89, de dissimulation d’effacement de trame pro-
voqué par des trames du signal sonore codé effacées pendant une transmission d’un codeur au décodeur.

91. Codeur pour coder un signal sonore comprenant :

un moyen en réponse au signal sonore de production d’un ensemble de paramètres de codage de signal ;
un moyen de transmission de l’ensemble de paramètres de codage de signal à un décodeur en réponse aux
paramètres de codage de signal pour récupérer le signal sonore ; et
un dispositif selon l’une quelconque des revendications 54 à 74, pour conduire une dissimulation d’effacement
de trame provoqué par des trames effacées pendant la transmission des paramètres de codage de signal du
codeur au décodeur.
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