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Description

Field of the Invention

[0001] The present invention relates to sound activity detection, background noise estimation and sound signal clas-
sification where sound is understood as a useful signal. The present invention also relates to corresponding sound
activity detector, background noise estimator and sound signal classifier.
[0002] In particular but not exclusively:

- The sound activity detection is used to select frames to be encoded using techniques optimized for inactive frames.

- The sound signal classifier is used to discriminate among different speech signal classes and music to allow for
more efficient encoding of sound signals, i.e. optimized encoding of unvoiced speech signals, optimized encoding
of stable voiced speech signals, and generic encoding of other sound signals.

- An algorithm is provided and uses several relevant parameters and features to allow for a better choice of coding
mode and more robust estimation of the background noise.

- Tonality estimation is used to improve the performance of sound activity detection in the presence of music signals,
and to better discriminate between unvoiced sounds and music. For example, the tonality estimation may be used
in a super-wideband codec to decide the codec model to encode the signal above 7 kHz.

Background of the Invention

[0003] Demand for efficient digital narrowband and wideband speech coding 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, telephone bandwidth constrained into a range of 200-3400 Hz has mainly been
used in speech coding applications (signal sampled at 8 kHz). However, wideband speech applications provide increased
intelligibility and naturalness in communication compared to the conventional telephone bandwidth. In wideband services
the input signal is sampled at 16 kHz and the encoded bandwidth is in the range 50-7000 Hz. This bandwidth has been
found sufficient for delivering a good quality giving an impression of nearly face-to-face communication. Further quality
improvement is achieved with so-called super-wideband, in which the signal is sampled at 32 kHz and the encoded
bandwidth is in the range 50-15000 Hz. For speech signals this provides a face-to-face quality since almost all energy
in human speech is below 14000 Hz. This bandwidth also gives significant quality improvement with general audio
signals including music (wideband is equivalent to AM radio and super-wideband is equivalent to FM radio). Higher
bandwidth has been used for general audio signals with the full-band 20-20000 Hz (CD quality sampled at 44.1 kHz or
48 kHz).
[0004] A sound encoder converts a sound signal (speech or audio) into a digital bit stream which is transmitted over
a communication channel or stored in a storage medium. The sound signal is digitized, that is, sampled and quantized
with usually 16-bits per sample. The sound encoder has the role of representing these digital samples with a smaller
number of bits while maintaining a good subjective quality. The sound decoder operates on the transmitted or stored bit
stream and converts it back to a sound signal.
[0005] Code-Excited Linear Prediction (CELP) coding is one of the best prior techniques for achieving a good com-
promise between the subjective quality and bit rate. This coding technique is a basis of several speech coding standards
both in wireless and wireline applications. In CELP coding, 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 L-sample frame is divided into smaller blocks called
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.
[0006] The use of source-controlled variable bit rate (VBR) speech coding significantly improves the system capacity.
In source-controlled VBR coding, the codec uses a signal classification module and an optimized coding model is used
for encoding each speech frame based on the nature of the speech frame (e.g. voiced, unvoiced, transient, background
noise). Further, different bit rates can be used for each class. The simplest form of source-controlled VBR coding is to
use voice activity detection (VAD) and encode the inactive speech frames (background noise) at a very low bit rate.
Discontinuous transmission (DTX) can further be used where no data is transmitted in the case of stable background
noise. The decoder uses comfort noise generation (CNG) to generate the background noise characteristics.
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VAD/DTX/CNG results in significant reduction in the average bit rate, and in packet-switched applications it reduces
significantly the number of routed packets. VAD algorithms work well with speech signals but may result in severe
problems in case of music signals. Segments of music signals can be classified as unvoiced signals and consequently
may be encoded with unvoiced-optimized model which severely affects the music quality. Moreover, some segments
of stable music signals may be classified as stable background noise and this may trigger the update of background
noise in the VAD algorithm which results in degradation in the performance of the algorithm. Therefore, it would be
advantageous to extend the VAD algorithm to better discriminate music signals. In the present disclosure, this algorithm
will be referred to as Sound Activity Detection (SAD) algorithm where sound could be speech or music or any useful
signal. The present disclosure also describes a method for tonality detection used to improve the performance of the
SAD algorithm in case of music signals.
[0007] Another aspect in speech and audio coding is the concept of embedded coding, also known as layered coding.
In embedded coding, the signal is encoded in a first layer to produce a first bit stream, and then the error between the
original signal and the encoded signal from the first layer is further encoded to produce a second bit stream. This can
be repeated for more layers by encoding the error between the original signal and the coded signal from all preceding
layers. The bit streams of all layers are concatenated for transmission. The advantage of layered coding is that parts of
the bit stream (corresponding to upper layers) can be dropped in the network (e.g. in case of congestion) while still being
able to decode the signal at the receiver depending on the number of received layers. Layered encoding is also useful
in multicast applications where the encoder produces the bit stream of all layers and the network decides to send different
bit rates to different end points depending on the available bit rate in each link.
[0008] Embedded or layered coding can be also useful to improve the quality of widely used existing codecs while
still maintaining interoperability with these codecs. Adding more layers to the standard codec core layer can improve
the quality and even increase the encoded audio signal bandwidth. Examples are the recently standardized ITU-T
Recommendation G.729.1 where the core layer is interoperable with widely used G.729 narrowband standard at 8 kbit/s
and upper layers produces bit rates up to 32 kbit/s (with wideband signal starting from 16 kbit/s). Current standardization
work aims at adding more layers to produce a super-wideband codec (14 kHz bandwidth) and stereo extensions. Another
example is ITU-T Recommendation G.718 for encoding wideband signals at 8, 12, 16, 24 and 32 kbit/s. The codec is
also being extended to encode super-wideband and stereo signals at higher bit rates.
[0009] The requirements for embedded codecs usually ask for good quality in case of both speech and audio signals.
Since speech can be encoded at relatively low bit rate using a model based approach, the first layer (or first two layers)
is (or are) encoded using a speech specific technique and the error signal for the upper layers is encoded using a more
generic audio encoding technique. This delivers a good speech quality at low bit rates and good audio quality as the bit
rate is increased. In G.718 and G.729.1, the first two layers are based on ACELP (Algebraic Code-Excited Linear
Prediction) technique which is suitable for encoding speech signals. In the upper layers, transform-based encoding
suitable for audio signals is used to encode the error signal (the difference between the original signal and the output
from the first two layers). The well known MDCT (Modified Discrete Cosine Transform) transform is used, where the
error signal is transformed in the frequency domain. In the super-wideband layers, the signal above 7 kHz is encoded
using a generic coding model or a tonal coding model. The above mentioned tonality detection can also be used to
select the proper coding model to be used.
[0010] An example of a known method and apparatus for determining the tonality of an input audio signal is disclosed
in the patent document US 2004/181393 A1.

Summary of the Invention

[0011] According to a first aspect of the present invention, there is provided a method for estimating a tonality of a
sound signal. The method comprises: calculating a current residual spectrum of the sound signal; detecting peaks in
the current residual spectrum; calculating a correlation map between the current residual spectrum and a previous
residual spectrum for each detected peak; and calculating a long-term correlation map based on the calculated correlation
map, the long-term correlation map being indicative of a tonality in the sound signal.
[0012] According to a further aspect of the present invention, there is provided a device for estimating a tonality of a
sound signal. The device comprises: a calculator a current residual spectrum of the sound signal; a detector for detecting
peaks in the current residual spectrum; a calculator for calculating a correlation map between the current residual
spectrum and a previous residual spectrum for each detected peak; and a calculator for calculating a long-term correlation
map based on the calculated correlation map, the long-term correlation map being indicative of a tonality in the sound
signal.
[0013] 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 an illustrative embodiment thereof, given by way of example
only with reference to the accompanying drawings.
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Brief Description of the Drawings

[0014] In the appended drawings:

Figure 1 is a schematic block diagram of a portion of an example of sound communication system including sound
activity detection, background noise estimation update, and sound signal classification;

Figure 2 is a non-limitative illustration of windowing in spectral analysis;

Figure 3 is a non-restrictive graphical illustration of the principle of spectral floor calculation and the residual spectrum;

Figure 4 is a non-limitative illustration of calculation of spectral correlation map in a current frame;

Figure 5 is an example of functional block diagram of a signal classification algorithm; and

Figure 6 is an example of decision tree for unvoiced speech discrimination.

Detailed description

[0015] In the non-restrictive, illustrative embodiment of the present invention, sound activity detection (SAD) is per-
formed within a sound communication system to classify short-time frames of signals as sound or background noise/si-
lence. The sound activity detection is based on a frequency dependent signal-to-noise ratio (SNR) and uses an estimated
background noise energy per critical band. A decision on the update of the background noise estimator is based on
several parameters including parameters discriminating between background noise/silence and music, thereby prevent-
ing the update of the background noise estimator on music signals.
[0016] The SAD corresponds to a first stage of the signal classification. This first stage is used to discriminate inactive
frames for optimized encoding of inactive signal. In a second stage, unvoiced speech frames are discriminated for
optimized encoding of unvoiced signal. At this second stage, music detection is added in order to prevent classifying
music as unvoiced signal. Finally, in a third stage, voiced signals are discriminated through further examination of the
frame parameters.
[0017] The herein disclosed techniques can be deployed with either narrowband (NB) sound signals sampled at 8000
sample/s or wideband (WB) sound signals sampled at 16000 sample/s, or at any other sampling frequency. The encoder
used in the non-restrictive, illustrative embodiment of the present invention is based on AMR-WB [AMR Wideband
Speech Codec: Transcoding Functions, 3GPP Technical Specification TS 26.190 (http://www.3gpp.org)] and VMR-WB
[Source-Controlled Variable-Rate Multimode Wideband Speech Codec (VMR-WB), Service Options 62 and 63 for Spread
Spectrum Systems, 3GPP2 Technical Specification C.S0052-A v1.0, April 2005 (http://www.3gpp2.org)] codecs which
use an internal sampling conversion to convert the signal sampling frequency to 12800 sample/s (operating in a 6.4 kHz
bandwidth). Thus the sound activity detection technique in the non-restrictive, illustrative embodiment operates on either
narrowband or wideband signals after sampling conversion to 12.8 kHz.
[0018] Figure 1 is a block diagram of a sound communication system 100 according to the non-restrictive illustrative
embodiment of the invention, including sound activity detection.
[0019] The sound communication system 100 of Figure 1 comprises a pre-processor 101. Preprocessing by module
101 can be performed as described in the following example (high-pass filtering, resampling and pre-emphasis).
[0020] Prior to the frequency conversion, the input sound signal is high-pass filtered. In this non-restrictive, illustrative
embodiment, the cut-off frequency of the high-pass filter is 25 Hz for WB and 100 Hz for NB. The high-pass filter serves
as a precaution against undesired low frequency components. For example, the following transfer function can be used: 

where, for WB, b0 = 0.9930820, b1 = -1.98616407, b2 = 0.9930820, a1 = -1.9861162, a2 = 0.9862119292 and, for NB,
b0 = 0.945976856, b1 = -1.891953712, b2 = 0.945976856, a1 = -1.889033079, a2 = 0.894874345. Obviously, the high-
pass filtering can be alternatively carried out after resampling to 12.8 kHz.
[0021] In the case of WB, the input sound signal is decimated from 16 kHz to 12.8 kHz. The decimation is performed
by an upsampler that upsamples the sound signal by 4. The resulting output is then filtered through a low-pass FIR



EP 2 162 880 B1

5

5

10

15

20

25

30

35

40

45

50

55

(Finite Impulse Response) filter with a cut off frequency at 6.4 kHz. Then, the low-pass filtered signal is downsampled
by 5 by an appropriate downsampler. The filtering delay is 15 samples at a 16 kHz sampling frequency.
[0022] In the case of NB, the sound signal is upsampled from 8 kHz to 12.8 kHz. For that purpose, an upsampler
performs on the sound signal an upsampling by 8. The resulting output is then filtered through a low-pass FIR filter with
a cut off frequency at 6.4 kHz. A downsampler then downsamples the low-pass filtered signal by 5. The filtering delay
is 16 samples at 8 kHz sampling frequency.
[0023] After the sampling conversion, a pre-emphasis is applied to the sound signal prior to the encoding process. In
the pre-emphasis, a first order high-pass filter is used to emphasize higher frequencies. This first order high-pass filter
forms a pre-emphasizer and uses, for example, the following transfer function: 

[0024] Pre-emphasis is used to improve the codec performance at high frequencies and improve perceptual weighting
in the error minimization process used in the encoder.
[0025] As described hereinabove, the input sound signal is converted to 12.8 kHz sampling frequency and preproc-
essed, for example as described above. However, the disclosed techniques can be equally applied to signals at other
sampling frequencies such as 8 kHz or 16 kHz with different preprocessing or without preprocessing.
[0026] In the non-restrictive illustrative embodiment of the present invention, the encoder 109 (Figure 1) using sound
activity detection operates on 20 ms frames containing 256 samples at the 12.8 kHz sampling frequency. Also, the
encoder 109 uses a 10 ms look ahead from the future frame to perform its analysis (Figure 2). The sound activity detection
follows the same framing structure.
[0027] Referring to Figure 1, spectral analysis is performed in spectral analyzer 102. Two analyses are performed in
each frame using 20 ms windows with 50% overlap. The windowing principle is illustrated in Figure 2. The signal energy
is computed for frequency bins and for critical bands [J. D. Johnston, "Transform coding of audio signal using perceptual
noise criteria," IEEE J. Select. Areas Commun., vol. 6, pp. 314-323, February 1988].
[0028] Sound activity detection (first stage of signal classification) is performed in the sound activity detector 103 using
noise energy estimates calculated in the previous frame. The output of the sound activity detector 103 is a binary variable
which is further used by the encoder 109 and which determines whether the current frame is encoded as active or inactive.
[0029] Noise estimator 104 updates a noise estimation downwards (first level of noise estimation and update), i.e. if
in a critical band the frame energy is lower than an estimated energy of the background noise, the energy of the noise
estimation is updated in that critical band.
[0030] Noise reduction is optionally applied by an optional noise reducer 105 to the speech signal using for example
a spectral subtraction method. An example of such a noise reduction scheme is described in [M. Jelínek and R. Salami,
"Noise Reduction Method for Wideband Speech Coding," in Proc. Eusipco, Vienna, Austria, September 2004].
[0031] Linear prediction (LP) analysis and open-loop pitch analysis are performed (usually as a part of the speech
coding algorithm) by a LP analyzer and pitch tracker 106. In this non-restrictive illustrative embodiment, the parameters
resulting from the LP analyzer and pitch tracker 106 are used in the decision to update the noise estimates in the critical
bands as performed in module 107. Alternatively, the sound activity detector 103 can also be used to take the noise
update decision. According to a further alternative, the functions implemented by the LP analyzer and pitch tracker 106
can be an integral part of the sound encoding algorithm.
[0032] Prior to updating the noise energy estimates in module 107, music detection is performed to prevent false
updating on active music signals. Music detection uses spectral parameters calculated by the spectral analyzer 102.
[0033] Finally, the noise energy estimates are updated in module 107 (second level of noise estimation and update).
This module 107 uses all available parameters calculated previously in modules 102 to 106 to decide about the update
of the energies of the noise estimation.
[0034] In signal classifier 108, the sound signal is further classified as unvoiced, stable voiced or generic. Several
parameters are calculated to support this decision. In this signal classifier, the mode of encoding the sound signal of the
current frame is chosen to best represent the class of signal being encoded.
[0035] Sound encoder 109 performs encoding of the sound signal based on the encoding mode selected in the sound
signal classifier 108. In other applications, the sound signal classifier 108 can be an automatic speech recognition system.

Spectral analysis

[0036] The spectral analysis is performed by the spectral analyzer 102 of Figure 1.
[0037] Fourier Transform is used to perform the spectral analysis and spectrum energy estimation. The spectral
analysis is done twice per frame using a 256-point Fast Fourier Transform (FFT) with a 50 percent overlap (as illustrated
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in Figure 2). The analysis windows are placed so that all look ahead is exploited. The beginning of the first window is at
the beginning of the encoder current frame. The second window is placed 128 samples further. A square root Harming
window (which is equivalent to a sine window) has been used to weight the input sound signal for the spectral analysis.
This window is particularly well suited for overlap-add methods (thus this particular spectral analysis is used in the noise
suppression based on spectral subtraction and overlap-add analysis/synthesis). The square root Harming window is
given by: 

where LFFT=256 is the size of the FTT analysis. Here, only half the window is computed and stored since this window
is symmetric (from 0 to LFFTl2).
[0038] The windowed signals for both spectral analyses (first and second spectral analyses) are obtained using the
two following relations: 

where s’(0) is the first sample in the current frame. In the non-restrictive, illustrative embodiment of the present invention,
the beginning of the first window is placed at the beginning of the current frame. The second window is placed 128
samples further.
[0039] FFT is performed on both windowed signals to obtain following two sets of spectral parameters per frame: 

where N= LFFT.
[0040] The FFT provides the real and imaginary parts of the spectrum denoted by XR(k), k=0 to 128, and XI(k), k=1
to 127. XR(0) corresponds to the spectrum at 0 Hz (DC) and XR(128) corresponds to the spectrum at 6400 Hz. The
spectrum at these points is only real valued.
[0041] After FFT analysis, the resulting spectrum is divided into critical bands using the intervals having the following
upper limits [M. Jelinek and R. Salami, "Noise Reduction Method for Wideband Speech Coding," in Proc. Eusipco,
Vienna, Austria, September 2004] (20 bands in the frequency range 0-6400 Hz):
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.
[0042] The 256-point FFT results in a frequency resolution of 50 Hz (6400/128). Thus after ignoring the DC component
of the spectrum, the number of frequency bins per critical band is MCB = {2, 2, 2, 2, 2, 2, 3, 3, 3, 4, 4, 5, 6, 6, 8, 9, 11,
14, 18, 21}, respectively.
[0043] The average energy in a critical band is computed using the following relation: 
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where KR(k) and Xl(k) are, respectively, the real and imaginary parts of the kth frequency bin and ji is the index of the
first bin in the ith critical band given by ji ={1, 3, 5, 7, 9, 11, 13, 16, 19, 22, 26, 30, 35, 41, 47, 55, 64, 75, 89, 107}.
[0044] The spectral analyzer 102 also computes the normalized energy per frequency bin, EBIN(k), in the range 0-6400
Hz, using the following relation: 

Furthermore, the energy spectra per frequency bin in both analyses are combined together to obtain the average log-
energy spectrum (in decibels), i.e. 

where the superscripts (1) and (2) are used to denote the first and the second spectral analysis, respectively.
[0045] Finally, the spectral analyzer 102 computes the average total energy for both the first and second spectral
analyses in a 20 ms frame by adding the average critical band energies ECB. That is, the spectrum energy for a certain
spectral analysis is computed using the following relation: 

and the total frame energy is computed as the average of spectrum energies of both the first and second spectral
analyses in a frame. That is 

[0046] The output parameters of the spectral analyzer 102, that is the average energy per critical band, the energy
per frequency bin and the total energy, are used in the sound activity detector 103 and in the rate selection. The average
log-energy spectrum is used in the music detection.
[0047] In narrowband input signals sampled at 8000 sample/s, after sampling conversion to 12800 sample/s, there is
no content at both ends of the spectrum, thus the first lower frequency critical band as well as the last three high frequency
bands are not considered in the computation of relevant parameters (only bands from i=1 to 16 are considered). However,
equations (3) and (4) are not affected.

Sound activity detection (SAD)

[0048] The sound activity detection is performed by the SNR-based sound activity detector 103 of Figure 1.
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[0049] The spectral analysis described above is performed twice per frame by the analyzer 102. Let and

as computed in Equation (2) denote the energy per critical band information in the first and second spectral

analyses, respectively. The average energy per critical band for the whole frame and part of the previous frame is
computed using the following relation: 

where  denotes the energy per critical band information from the second spectral analysis of the previous

frame. The signal-to-noise ratio (SNR) per critical band is then computed using the following relation: 

where NCB(i) is the estimated noise energy per critical band as will be explained below. The average SNR per frame is
then computed as 

where bmin=0 and bmax=19 in the case of wideband signals, and bmin=1 and bmax=16 in case of narrowband signals.
[0050] The sound activity is detected by comparing the average SNR per frame to a certain threshold which is a
function of the long-term SNR. The long-term SNR is given by the following relation: 

where Ef and Nf are computed using equations (13) and (14), respectively, which will be described later. The initial value

of Ef is 45 dB.

[0051] The threshold is a piece-wise linear function of the long-term SNR. Two functions are used, one optimized for
clean speech and one optimized for noisy speech.
[0052] For wideband signals, If SNRLT < 35 (noisy speech) then the threshold is equal to: 

else (clean speech): 

[0053] For narrowband signals, If SNRLT < 20 (noisy speech) then the threshold is equal to: 
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else (clean speech): 

[0054] Furthermore, a hysteresis in the SAD decision is added to prevent frequent switching at the end of an active
sound period. The hysteresis strategy is different for wideband and narrowband signals and comes into effect only if the
signal is noisy.
[0055] For wideband signals, the hysteresis strategy is applied in the case the frame is in a "hangover period" the
length of which varies according to the long-term SNR as follows:

[0056] The hangover period starts in the first inactive sound frame after three (3) consecutive active sound frames.
Its function consists of forcing every inactive frame during the hangover period as an active frame. The SAD decision
will be explained later.
[0057] For narrowband signals, the hysteresis strategy consists of decreasing the SAD decision threshold as follows: 

Thus, for noisy signals with low SNR, the threshold becomes lower to give preference to active signal decision. There
is no hangover for narrowband signals.
[0058] Finally, the sound activity detector 103 has two outputs - a SAD flag and a local SAD flag. Both flags are set
to one if active signal is detected and set to zero otherwise. Moreover, the SAD flag is set to one in hangover period.
The SAD decision is done by comparing the average SNR per frame with the SAD decision threshold (via a comparator
for example), that is:

           if SNRav > thSAD
               SADlocal = 1
               SAD = 1
           else
               SADlocal = 0
               if in hangover period
                    SAD = 1
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               else
                    SAD = 0
               end
           end.

First level of noise estimation and update

[0059] A noise estimator 104 as illustrated in Figure 1 calculates the total noise energy, relative frame energy, update
of long-term average noise energy and long-term average frame energy, average energy per critical band, and a noise
correction factor. Further, the noise estimator 104 performs noise energy initialization and update downwards.
[0060] The total noise energy per frame is calculated using the following relation: 

where NCB(i) is the estimated noise energy per critical band.
[0061] The relative energy of the frame is given by the difference between the frame energy in dB and the long-term
average energy. The relative frame energy is calculated using the following relation: 

 where Et is given in Equation (6).
[0062] The long-term average noise energy or the long-term average frame energy is updated in every frame. In case
of active signal frames (SAD flag = 1), the long-term average frame energy is updated using the relation: 

with initial value Ef = 45dB.

[0063] In case of inactive speech frames (SAD flag = 0), the long-term average noise energy is updated as follows: 

[0064] The initial value of Nf is set equal to Ntot for the first 4 frames. Also, in the first four (4) frames, the value of Ef

is bounded by Ef ≥ Ntot +10.

[0065] The frame energy per critical band for the whole frame is computed by averaging the energies from both the
first and second spectral analyses in the frame using the following relation: 

[0066] The noise energy per critical band NCB(i) is initialized to 0.03.
[0067] At this stage, only noise energy update downward is performed for the critical bands whereby the energy is
less than the background noise energy. First, the temporary updated noise energy is computed using the following relation: 
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where denotes the energy per critical band corresponding to the second spectral analysis from the previous

frame.
[0068] Then for i=0 to 19, if Ntmp(i) < NCB(i) then NCB(i) = Ntmp(i).
[0069] A second level of noise estimation and update is performed later by setting NCB(i) = Ntmp(i) if the frame is
declared as an inactive frame.

Second level of noise estimation and update

[0070] The parametric sound activity detection and noise estimation update module 107 updates the noise energy
estimates per critical band to be used in the sound activity detector 103 in the next frame. The update is performed
during inactive signal periods. However, the SAD decision performed above, which is based on the SNR per critical
band, is not used for determining whether the noise energy estimates are updated. Another decision is performed based
on other parameters rather independent of the SNR per critical band. The parameters used for the update of the noise
energy estimates are: pitch stability, signal non-stationarity, voicing, and ratio between the 2nd order and 16th order LP
residual error energies and have generally low sensitivity to the noise level variations. The decision for the update of
the noise energy estimates is optimized for speech signals. To improve the detection of active music signals, the following
other parameters are used: spectral diversity, complementary non-stationarity, noise character and tonal stability. Music
detection will be explained in detail in the following description.
[0071] The reason for not using the SAD decision for the update of the noise energy estimates is to make the noise
estimation robust to rapidly changing noise levels. If the SAD decision was used for the update of the noise energy
estimates, a sudden increase in noise level would cause an increase of SNR even for inactive signal frames, preventing
the noise energy estimates to update, which in turn would maintain the SNR high in the following frames, and so on.
Consequently, the update would be blocked and some other logic would be needed to resume the noise adaptation.
[0072] In the non-restrictive illustrative embodiment of the present invention, an open-loop pitch analysis is performed
in a LP analyzer and pitch tracker module 106 in Figure 1) to compute three open-loop pitch estimates per frame: d0,
d1 and d2 corresponding to the first half-frame, second half-frame, and the lookahead, respectively. This procedure is
well known to those of ordinary skill in the art and will not be further described in the present disclosure (e.g. VMR-WB
[Source-Controlled Variable-Rate Multimode Wideband Speech Codec (VMR-WB), Service Options 62 and 63 for Spread
Spectrum Systems, 3GPP2 Technical Specification C.S0052-A v1.0, April 2005 (http://www.3gpp2.org)]). The LP ana-
lyzer and pitch tracker module 106 calculates a pitch stability counter using the following relation: 

where d-1 is the lag of the second half-frame of the previous frame. For pitch lags larger than 122, the LP analyzer and
pitch tracker module 106 sets d2 = d1. Thus, for such lags the value of pc in equation (19) is multiplied by 3/2 to compensate
for the missing third term in the equation. The pitch stability is true if the value of pc is less than 14. Further, for frames
with low voicing, pc is set to 14 to indicate pitch instability. More specifically:

where Cnorm(d) is the normalized raw correlation and re is an optional correction added to the normalized correlation in
order to compensate for the decrease of normalized correlation in the presence of background noise. The voicing
threshold thCpc = 0.52 for WB, and thCpc = 0.65 for NB. The correction factor can be calculated using the following relation: 
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where Ntot is the total noise energy per frame computed according to Equation (11).
[0073] The normalized raw correlation can be computed based on the decimated weighted sound signal swd(n) using
the following equation: 

where the summation limit depends on the delay itself. The weighted signal swd(n) is the one used in open-loop pitch
analysis and given by filtering the pre-processed input sound signal from pre-processor 101 through a weighting filter
of the form A(z/γ)/(1-mz-1). The weighted signal swd(n) is decimated by 2 and the summation limits are given according to:

Lsec = 40 for d =10,...,16
Lsec = 40 for d =17, ..., 31
Lsec = 62 for d = 32, ..., 61
Lsec =115 for d = 62, ...,115

[0074] These lengths assure that the correlated vector length comprises at least one pitch period which helps to obtain
a robust open-loop pitch detection. The instants tstart are related to the current frame beginning and are given by:

tstart = 0 for first half-frame
tstart = 128 for second half-frame
tstart = 256 for look-ahead

at 12.8 kHz sampling rate.
[0075] The parametric sound activity detection and noise estimation update module 107 performs a signal non-sta-
tionarity estimation based on the product of the ratios between the energy per critical band and the average long term
energy per critical band.
[0076] The average long term energy per critical band is updated using the following relation: 

where bmin=0 and bmax=19 in the case of wideband signals, and bmin=1 and bmax=16 in case of narrowband signals,

and ECB(i) is the frame energy per critical band defined in Equation (15). The update factor αe is a linear function of the

total frame energy, defined in Equation (6), and it is given as follows:

For wideband signals: αe = 0.0245Et - 0.235 bounded by 0.5 ≤ αe ≤ 0.99.

For narrowband signals: αe = 0.00091Et + 0.3185 bounded by 0.5 ≤ αe ≤ 0.999.

[0077] Et is given by Equation (6).
[0078] The frame non-stationarity is given by the product of the ratios between the frame energy and average long
term energy per critical band. More specifically: 
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[0079] The parametric sound activity detection and noise estimation update module 107 further produces a voicing
factor for noise update using the following relation: 

[0080] Finally, the parametric sound activity detection and noise estimation update module 107 calculates a ratio
between the LP residual energy after the 2nd order and 16th order LP analysis using the relation: 

where E(2) and E(16) are the LP residual energies after 2nd order and 16th order LP analysis as computed in the LP
analyzer and pitch tracker module 106 using a Levinson-Durbin recursion which is a procedure well known to those of
ordinary skill in the art. This ratio reflects the fact that to represent a signal spectral envelope, a higher order of LP is
generally needed for speech signal than for noise. In other words, the difference between E(2) and E(16) is supposed
to be lower for noise than for active speech.
[0081] The update decision made by the parametric sound activity detection and noise estimation update module 107
is determined based on a variable noise_update which is initially set to 6 and is decreased by 1 if an inactive frame is
detected and incremented by 2 if an active frame is detected. Also, the variable noise_update is bounded between 0
and 6. The noise energy estimates are updated only when noise_update=0.
[0082] The value of the variable noise_update is updated in each frame as follows:

   If (nonstat > thstat) OR (pc < 14) OR (voicing > thCnorm) OR (resid_ratio >
   thresid)
             noise_update = noise_update + 2
   Else
             noise_update = noise_update - 1

where for wideband signals, thstat = thCnorm = 0.85 and thresid = 1.6, and for narrowband signals, thstat = 500000, thCnorm
= 0.7 and thresid= 10.4.
[0083] In other words, frames are declared inactive for noise update when 

and a hangover of 6 frames is used before noise update takes place.
[0084] Thus, if noise_update=0 then for i=0 to 19 NCB(i) = Ntmp(i) where Ntmp (i) is the temporary updated noise energy
already computed in Equation (18).

Improvement of noise detection for music signals

[0085] The noise estimation described above has its limitations for certain music signals, such as piano concerts or
instrumental rock and pop, because it was developed and optimized mainly for speech detection. To improve the detection
of music signals in general, the parametric sound activity detection and noise estimation update module 107 uses other
parameters or techniques in conjunction with the existing ones. These other parameters or techniques comprise, as
described hereinabove, spectral diversity, complementary non-stationarity, noise character and tonal stability, which are
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calculated by a spectral diversity calculator, a complementary non-stationarity calculator, a noise character calculator
and a tonality estimator, respectively. They will be described in detail herein below.

Spectral diversity

[0086] Spectral diversity gives information about significant changes of the signal in frequency domain. The changes
are tracked in critical bands by comparing energies in the first spectral analysis of the current frame and the second
spectral analysis two frames ago. The energy in a critical band i of the first spectral analysis in the current frame is

denoted as Let the energy in the same critical band calculated in the second spectral analysis two frames

ago be denoted as  Both of these energies are initialized to 0.0001. Then, for all critical bands higher than

9, the maximum and the minimum of the two energies are calculated as follows: 

Subsequently, a ratio between the maximum and the minimum energy in a specific critical band is calculated as 

[0087] Finally, the parametric sound activity detection and noise estimation update module 107 calculates a spectral
diversity parameter as a normalized weighted sum of the ratios with the weight itself being the maximum energy Emax(i).
This spectral diversity parameter is given by the following relation: 

[0088] The spec_div parameter is used in the final decision about music activity and noise energy update. The spec_div
parameter is also used as an auxiliary parameter for the calculation of a complementary non-stationarity parameter
which is described bellow.

Complementary non-stationarity

[0089] The inclusion of a complementary non-stationarity parameter is motivated by the fact that the non-stationarity
parameter, defined in Equation (22), fails when a sharp energy attack in a music signal is followed by a slow energy
decrease. In this case the average long term energy per critical band, ECB,LT(i), defined in Equation (21), slowly increases
during the attack whereas the frame energy per critical band, defined in Equation (15), slowly decreases. In a certain
frame after the attack these two energy values meet and the nonstat parameter results in a small value indicating an
absence of active signal. This leads to a false noise update and subsequently a false SAD decision.
[0090] To overcome this problem an alternative average long term energy per critical band is calculated using the
following relation:
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[0091] The variable E2CB,LT(i) is initialized to 0.03 for all i. Equation (26) closely resembles equation (21) with the only
difference being the update factor βe which is given as follows:

   if (spec_div > thspec_div)
       βe = 0
   else
       βe = αe
   end,

where thspec_div = 5. Thus, when an energy attack is detected (spec_div > 5) the alternative average long term energy

is immediately set to the average frame energy, i.e. E2CB,LT (i) = ECB(i). Otherwise this alternative average long term

energy is updated in the same way as the conventional non-stationarity, i.e. using the exponential filter with the update
factor αe. The complementary non-stationarity parameter is calculated in the same way as nonstat, but using E2CB,LT(i),

i.e. 

[0092] The complementary non-stationarity parameter, nonstat2, may fail a few frames right after an energy attack,
but should not fail during the passages characterized by a slowly-decreasing energy. Since the nonstat parameter works
well on energy attacks and few frames after, a logical disjunction of nonstat and nonstat2 therefore solves the problem
of inactive signal detection on certain musical signals. However, the disjunction is applied only in passages which are
"likely to be active". The likelihood is calculated as follows:

   if ((nonstat > thstat) OR (tonal_stability = 1))
      act_pred_LT = ka act_pred_LT + (1- ka).1
   else
      act_pred_LT = ka act_pred_LT + (1- ka).0
   end.

The coefficient ka is set to 0.99. The parameter act_pred_LT which is in the range <0:1> may be interpreted as a predictor
of activity. When it is close to 1, the signal is likely to be active, and when it is close to 0, it is likely to be inactive. The
act_pred_LT parameter is initialized to one. In the condition above, tonal_stability is a binary parameter which is used
to detect stable tonal signal. This tonal_stability parameter will be described in the following description.
[0093] The nonstat2 parameter is taken into consideration (in disjunction with nonstat) in the update of noise energy
only if act_pred_LT is higher than certain threshold, which has been set to 0.8. The logic of noise energy update is
explained in detail at the end of the present section.

Noise character

[0094] Noise character is another parameter which is used in the detection of certain noise-like music signals such
as cymbals or low-frequency drums. This parameter is calculated using the following relation: 
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[0095] The noise_char parameter is calculated only for the frames whose spectral content has at least a minimal
energy, which is fulfilled when both the numerator and the denominator of Equation (28) are larger than 100. The
noise_char parameter is upper limited by 10 and its long-term value is updated using the following relation: 

[0096] The initial value of noise_char_LT is 0 and αn is set equal to 0.9. This noise_char_LT parameter is used in the
decision about noise energy update which is explained at the end of the present section.

Tonal stability

[0097] Tonal stability is the last parameter used to prevent false update of the noise energy estimates. Tonal stability
is also used to prevent declaring some music segments as unvoiced frames. Tonal stability is further used in an embedded
super-wideband codec to decide which coding model will be used for encoding the sound signal above 7 kHz. Detection
of tonal stability exploits the tonal nature of music signals. In a typical music signal there are tones which are stable over
several consecutive frames. To exploit this feature, it is necessary to track the positions and shapes of strong spectral
peaks since these may correspond to the tones. The tonal stability detection is based on a correlation analysis between
the spectral peaks in the current frame and those of the past frame. The input is the average log-energy spectrum defined
in Equation (4). The number of spectral bins is denoted as NSPEC (bin 0 is the DC component and NSPEC=LFFT/2). In
the following disclosure, the term "spectrum" will refer to the average log-energy spectrum, as defined by Equation (4).
[0098] Detection of tonal stability proceeds in three stages. Furthermore, detection of tonal stability uses a calculator
of a current residual spectrum, a detector of peaks in the current residual spectrum and a calculator of a correlation map
and a long-term correlation map, which will be described hereinabelow.
[0099] In the first stage, the indexes of local minima of the spectrum are searched (by a spectrum minima locator for
example), in a loop described by the following formula and stored in a buffer imin that can be expressed as follows: 

where the symbol ∧ means logical AND.
[0100] In Equation (30), EdB(i) denotes the average log-energy spectrum calculated through Equation (4). The first
index in imin is 0, if EdB(0) < EdB(1). Consequently, the last index in imin is NSPEC-1, if EdB(NSPEC -1) < EdB(NSPEC - 2).
Let us denote the number of minima found as Nmin.
[0101] The second stage consists of calculating a spectral floor (through a spectral floor estimator for example) and
subtracting it from the spectrum (via a suitable subtractor for example). The spectral floor is a piece-wise linear function
which runs through the detected local minima. Every linear piece between two consecutive minima imin (x) and imin (x +
1) can be described as: 

where k is the slope of the line and q = EdB(imin(x)). The slope k can be calculated using the following relation: 
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[0102] Thus, the spectral floor is a logical connection of all pieces:

[0103] The leading bins up to imin (0) and the terminating bins from imin (Nmin - 1) of the spectral floor are set to the
spectrum itself. Finally, the spectral floor is subtracted from the spectrum using the following relation: 

and the result is called the residual spectrum. The calculation of the spectral floor is illustrated in Figure 3.
[0104] In the third stage, a correlation map and a long-term correlation map are calculated from the residual spectrum
of the current and the previous frame. This is again a piece-wise operation. Thus, the correlation map is calculated on
a peak-by-peak basis since the minima delimit the peaks. In the following disclosure, the term "peak" will be used to
denote a piece between two minima in the residual spectrum Edb,res.

[0105] Let us denote the residual spectrum of the previous frame as For every peak in the current residual

spectrum a normalized correlation is calculated with the shape in the previous residual spectrum corresponding to the
position of this peak. If the signal was stable, the peaks should not move significantly from frame to frame and their
positions and shapes should be approximately the same. Thus, the correlation operation takes into account all indexes
(bins) of a specific peak, which is delimited by two consecutive minima. More specifically, the normalized correlation is
calculated using the following relation:

[0106] The leading bins of cor_map up to imin(0) and the terminating bins cor_map from imin(Nmin -1) are set to zero.
The correlation map is shown in Figure 4.
[0107] The correlation map of the current frame is used to update its long term value which is described by: 

where αmap = 0.9. The cor_map_LT is initialized to zero for all k.
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[0108] Finally, all values of the cor_map_LT are summed together (through an adder for example) as follows: 

[0109] If any value of the cor_map_LT(j),j=0,...,NSPEC-1, exceeds a threshold of 0.95, a flag cor_strong (which can be
viewed as a detector) is set to one, otherwise it is set to zero.
[0110] The decision about tonal stability is calculated by subjecting cor_map_sum to an adaptive threshold, thr_tonal.
This threshold is initialized to 56 and is updated in every frame as follows:

   if (cor_map_sum > 56)
      thr_tonal = thr_tonal - 0.2
   else
      thr_tonal = thr_tonal + 0.2
   end.

[0111] The adaptive threshold thr_tonal is upper limited by 60 and lower limited by 49. Thus, the adaptive threshold
thr_tonal decreases when the correlation is relatively good indicating an active signal segment and increases otherwise.
When the threshold is lower, more frames are likely to be classified as active, especially at the end of active periods.
Therefore, the adaptive threshold may be viewed as a hangover.
[0112] The tonal_stability parameter is set to one whenever cor_map_sum is higher than thr_tonal or when cor_strong
flag is set to one. More specifically:

   if ((cor_map_sum > thr_tonal) OR (cor_strong = 1))
      tonal_stability = 1
   else
      tonal_stability = 0
   end.

Use of the music detection parameters in noise energy update

[0113] All music detection parameters are incorporated in the final decision made in the parametric sound activity
detection and noise estimation update (Up) module 107 about update of the noise energy estimates. The noise energy
estimates are updated as long as the value of noise_update is zero. Initially, it is set to 6 and updated in each frame as
follows:

   if (nonstat > thstat) OR (pc < 14) OR (voicing > thCnorm) OR (resid_ratio >
   thresid) OR (tonal_stability = 1) OR (noise_char_LT > 0.3) OR
   ((act_pred_LT > 0.8) AND (nonstat2 > thstat))
      noise_update = noise_update + 2
   else
      noise_update = noise_update - 1
   end.

[0114] If the combined condition has a positive result, the signal is active and the noise_update parameter is increased.
Otherwise, the signal is inactive and the parameter is decreased. When it reaches 0, the noise energy is updated with
the current signal energy.
[0115] In addition to the noise energy update, the tonal_stability parameter is also used in the classification algorithm
of unvoiced sound signal. Specifically, the parameter is used to improve the robustness of unvoiced signal classification
on music as will be described in the following section.

Sound signal classification (Sound signal classifier 108)

[0116] The general philosophy under the sound signal classifier 108 (Figure 1) is depicted in Figure 5. The approach
can be described as follows. The sound signal classification is done in three steps in logic modules 501, 502, and 503,
each of them discriminating a specific signal class. First, a signal activity detector (SAD) 501 discriminates between
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active and inactive signal frames. This signal activity detector 501 is the same as that referred to as signal activity detector
103 in Figure 1. The signal activity detector has already been described in the foregoing description.
[0117] If the signal activity detector 501 detects an inactive frame (background noise signal), then the classification
chain ends and, if Discontinuous Transmission (DTX) is supported, an encoding module 541 that can be incorporated
in the encoder 109 (Figure 1) encodes the frame with comfort noise generation (CNG). If DTX is not supported, the
frame continues into the active signal classification, and is most often classified as unvoiced speech frame.
[0118] If an active signal frame is detected by the sound activity detector 501, the frame is subjected to a second
classifier 502 dedicated to discriminate unvoiced speech frames. If the classifier 502 classifies the frame as unvoiced
speech signal, the classification chain ends, an encoding module 542 that can be incorporated in the encoder 109 (Figure
1) encodes the frame with an encoding method optimized for unvoiced speech signals.
[0119] Otherwise, the signal frame is processed through to a "stable voiced" classifier 503. If the frame is classified
as a stable voiced frame by the classifier 503, then an encoding module 543 that can be incorporated in the encoder
109 (Figure 1) encodes the frame using a coding method optimized for stable voiced or quasi periodic signals.
[0120] Otherwise, the frame is likely to contain a non-stationary signal segment such as a voiced speech onset or
rapidly evolving voiced speech or music signal. These frames typically require a general purpose encoding module 544
that can be incorporated in the encoder 109 (Figure 1) to encode the frame at high bit rate for sustaining good subjective
quality.
[0121] In the following, the classification of unvoiced and voiced signal frames will be disclosed. The SAD detector
501 (or 103 in Figure 1) used to discriminate inactive frames has been already described in the foregoing description.
[0122] The unvoiced parts of the speech 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. The non-restrictive illustrative embodiment of the present invention pro-
poses a method for the classification of unvoiced frames using the following parameters:

• voicing measure, computed as an averaged normalized correlation (rx);

• average spectral tilt measure (e);
• maximum short-time energy increase from low level (dE0) designed to efficiently detect speech plosives in a signal;
• tonal stability to discriminate music from unvoiced signal (described in the foregoing description); and
• relative frame energy (Erel) to detect very low-energy signals.

Voicing measure

[0123] The normalized correlation, used to determine the voicing measure, is computed as part of the open-loop pitch
analysis made in the LP analyzer and pitch tracker module 106 of Figure 1. Frames of 20 ms, for example, can be used.
The LP analyzer and pitch tracker module 106 usually outputs an open-loop pitch estimate every 10 ms (twice per frame).
Here, the LP analyzer and pitch tracker module 106 is also used to produce and output the normalized correlation
measures. These normalized correlations are computed on a weighted signal and a past weighted signal at the open-
loop pitch delay. The weighted speech signal sw(n) is computed using a perceptual weighting filter. For example, a
perceptual weighting filter with fixed denominator, suited for wideband signals, can be used. An example of a transfer
function for the perceptual weighting filter is given by the following relation: 

where 0 < γ2 < γ1 ≤ 1
where A(z) is the transfer function of a linear prediction (LP) filter computed in the LP analyzer and pitch tracker module
106, which is given by the following relation:

[0124] The details of the LP analysis and open-loop pitch analysis will not be further described in the present speci-
fication since they are believed to be well known to those of ordinary skill in the art.
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[0125] The voicing measure is given by the average correlation Cnorm which is defined as: 

where Cnorm(d0), Cnorm(d1) and Cnorm(d2) are respectively the normalized correlation of the first half of the current frame,
the normalized correlation of the second half of the current frame, and the normalized correlation of the lookahead (the
beginning of the next frame). The arguments to the correlations are the above mentioned open-loop pitch lags calculated
in the LP analyzer and pitch tracker module 106 of Figure 1. A lookahead of 10 ms can be used, for example. A correction
factor re is added to the average correlation in order to compensate for the background noise (in the presence of
background noise the correlation value decreases). The correction factor is calculated using the following relation: 

where Ntot is the total noise energy per frame computed according to Equation (11).

Spectral tilt

[0126] The spectral tilt parameter contains information about frequency distribution of energy. The spectral tilt can be
estimated in the frequency domain as a ratio between the energy concentrated in low frequencies and the energy
concentrated in high frequencies. However, it can be also estimated using other methods such as a ratio between the
two first autocorrelation coefficients of the signal.
[0127] The spectral analyzer 102 in Figure 1 is used to perform two spectral analyses per frame as described in the
foregoing description. The energy in high frequencies and in low frequencies is computed following the perceptual critical
bands [M. Jelinek and R. Salami, "Noise Reduction Method for Wideband Speech Coding," in Proc. Eusipco, Vienna,
Austria, September 2004], repeated here for convenience 

[0128] The energy in high frequencies is computed as the average of the energies of the last two critical bands using
the following relations: 

where the critical band energies ECB(i) are calculated according to Equation (2). The computation is performed twice
for both spectral analyses.
[0129] The energy in low frequencies is computed as the average of the energies in the first 10 critical bands (for NB
signals, the very first band is not included), using the following relation: 
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[0130] 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 increases
the decision confusion.
[0131] However, the energy in low frequencies is computed differently for harmonic unvoiced signals with high energy
content in low frequencies. This is due to the fact that for voiced female speech segments, the harmonic structure of the
spectrum can be exploited to increase the voiced-unvoiced discrimination. The affected signals are either those whose
pitch period is shorter than 128 or those which are not considered as a priori unvoiced. A priori unvoiced sound signals
must fulfill the following condition: 

[0132] Thus, for the signals discriminated by the above condition, the energy in low frequencies is computed bin-wise
and only frequency bins sufficiently close to the harmonics are taken into account into the summation. More specifically,
the following relation is used: 

where Kmin is the first bin (Kmin=1 for WB and Kmin=3 for NB) and EBIN(k) are the bin energies, as defined in Equation
(3), in the first 25 frequency bins (the DC component is omitted). These 25 bins correspond to the first 10 critical bands.
In the summation above, only terms close to the pitch harmonics are considered; wh(i) is set to 1 if the distance between
the nearest harmonics is not larger than a certain frequency threshold (for example 50 Hz) and is set to 0 otherwise;
therefore only bins closer than 50 Hz to the nearest harmonics are taken into account. The counter cnt is equal to the
number of non-zero terms in the summation. Hence, if the structure is harmonic in low frequencies, only high energy
terms 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 sound signals with high energy content in low frequencies can
be detected.
[0133] The spectral tilt is given by the following relation: 

where Nh and Nl are the averaged noise energies in the last two (2) critical bands and the first 10 critical bands (or the

first 9 critical bands for NB), respectively, computed in the same way as Eh and El in Equations (39) and (40). The

estimated noise energies have been included in the tilt computation to account for the presence of background noise.
For NB signals, the missing bands are compensated by multiplying et by 6. The spectral tilt computation is performed

twice per frame to obtain et(0) and et(1) corresponding to both the first and second spectral analyses per frame. The

average spectral tilt used in unvoiced frame classification is given by 



EP 2 162 880 B1

22

5

10

15

20

25

30

35

40

45

50

55

where eold is the tilt in the second half of the previous frame.

Maximum short-time energy increase at low level

[0134] The maximum short-time energy increase at low level dE0 is evaluated on the sound signal s(n), where n=0
corresponds to the beginning of the current frame. For example, 20 ms speech frames are used and every frame is
divided into 4 subframes for speech encoding purposes. The signal energy is evaluated twice per subframe, i.e. 8 times
per frame, based on short-time segments of a length of 32 samples (at a 12.8 kHz sampling rate). Further, the short-
term energies of the last 32 samples from the previous frame are also computed. The short-time energies are computed
using the following relation: 

where j=-1 and j=0,...,7 correspond to the end of the previous frame and the current frame, respectively. Another set of
9 maximum energies is computed by shifting the signal indices in Equation (45) by 16 samples. That is 

[0135] For those energies that are sufficiently low, i.e. which fulfill the condition 10log(Est(j)) < 37, the following ratio
is calculated: 

for the first set of indices and the same calculation is repeated for to obtain two sets of ratios rat(1)(j) and

rat(2)(j). The only maximum in these two sets is searched as follows: 

which is the maximum short-time energy increase at low level.

Measure on background noise spectrum flatness

[0136] In this example, inactive frames are usually coded with a coding mode designed for unvoiced speech in the
absence of DTX operation. However, in the case of a quasi-periodic background noise, like some car noises, more
faithful noise rendering is achieved if generic coding is instead used for WB.
[0137] To detect this type of background noise, a measure of background noise spectrum flatness is computed and
averaged over time. First, average noise energy is computed for first and last four critical bands as follows: 
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[0138] The flatness measure is then computed using the following relation: 

and averaged over time using the following relation: 

where is the averaged flatness measure of the past frame and  is the updated value of the averaged

flatness measure of the current frame.

Unvoiced signal classification

[0139] The classification of unvoiced signal frames is based on the parameters described above, namely: the voicing
measure Cnorm, the average spectral tilt et, the maximum short-time energy increase at low level dE0 and the measure

of background noise spectrum flatness,  The classification is further supported by the tonal stability parameter

and the relative frame energy calculated during the noise energy update phase (module 107 in Figure 1). The relative
frame energy is calculated using the following relation: 

where Et is the total frame energy (in dB) calculated in Equation (6) and Ef is the long-term average frame energy,

updated in each active frame using the following relation: 

[0140] The updating takes place only when SAD flag is set (variable SAD equal to 1).
[0141] The rules for unvoiced classification of WB signals are summarized below:

[((Cnorm < 0.695) AND (et < 4.0)) OR (Erel < -14)] AND

[last frame INACTIVE OR UNVOICED OR ((eold < 2.4) AND
(Cnorm(d0)+re < 0.66))] AND
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[dE0 < 250] AND
[et(1) < 2.7] AND

[(local SAD flag = 1) OR (  < 1.45) OR (Nf < 20)] AND

NOT [(tonal_stability AND (((Cnorm > 0.52) AND (et > 0.5)) OR (et > 0.85)) AND (Erel > -14) AND SAD flag set to 1]

[0142] The first line of the condition is related to low-energy signals and signals with low correlation concentrating their
energy in high frequencies. The second line covers voiced offsets, the third line covers explosive segments of a signal
and the fourth line is for the voiced onsets. The fifth line ensures flat spectrum in case of noisy inactive frames. The last
line discriminates music signals that would be otherwise declared as unvoiced.
[0143] For NB signals the unvoiced classification condition takes the following form:

[local SAD flag set to 0 OR (Erel < -25) OR

((Cnorm < 0.61) AND (et < 7.0) AND (last frame INACTIVE OR

UNVOICED OR ((eold < 7.0) AND (Cnorm(d0)+re < 0.52))))] AND

[dE0 < 250] AND
[et < 390] AND

NOT [(tonal_stability AND (((Cnorm > 0.52) AND (et > 0.5)) OR (et > 0.75)) AND

(Erel > -10) AND SAD flag set to 1]

[0144] The decision trees for the WB case and NB case are shown in Figure 6. If the combined conditions are fulfilled
the classification ends by selecting unvoiced coding mode.

Voiced signal classification

[0145] If a frame is not classified as inactive frame or as unvoiced frame then it is tested if it is a stable voiced frame.
The decision rule is based on the normalized correlation in each subframe (with 1/4 subsample resolution), the average
spectral tilt and open-loop pitch estimates in all subframes (with 1/4 subsample resolution).
[0146] The open-loop pitch estimation procedure is made by the LP analyzer and pitch tracker module 106 of Figure
1. In Equation (19), three open-loop pitch estimates are used: d0, d1 and d2, corresponding to the first half-frame, the
second half-frame and the look ahead. In order to obtain precise pitch information in all four subframes, 1/4 sample
resolution fractional pitch refinement is calculated. This refinement is calculated on the weighted sound signal swd(n).
In this exemplary embodiment, the weighted signal swd(n) is not decimated for open-loop pitch estimation refinement.
At the beginning of each subframe a short correlation analysis (64 samples at 12.8 kHz sampling frequency) with
resolution of 1 sample is done in the interval (-7,+7) using the following delays: do for the first and second subframes
and d1 for the third and fourth subframes. The correlations are then interpolated around their maxima at the fractional
positions dmax - 3/4, dmax - 1/2, dmax - 1/4, dmax, dmax + 1/4, dmax + 1/2, dmax + 3/4. The value yielding the maximum
correlation is chosen as the refined pitch lag.
[0147] Let the refined open-loop pitch lags in all four subframes be denoted as T(0), T(1), T(2) and T(3) and their
corresponding normalized correlations as C(0), C(1), C(2) and C(3). Then, the voiced signal classification condition is
given by:

[C(0) > 0.605] AND
[C(1) > 0.605] AND
[C(2) > 0.605] AND
[C(3) > 0.605] AND
[et > 4] AND

[|T(1) - T(0)| < 3] AND
[|T(2) - T(1)| < 3] AND
[|T(3) - T(2)| < 3]

[0148] The condition says that the normalized correlation is sufficiently high in all subframes, the pitch estimates do
not diverge throughout the frame and the energy is concentrated in low frequencies. If this condition is fulfilled the
classification ends by selecting voiced signal coding mode, otherwise the signal is encoded by a generic signal coding
mode. The condition applies to both WB and NB signals.
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Estimation of tonality in the super wideband content

[0149] In the encoding of super wideband signals, a specific coding mode is used for sound signals with tonal structure.
The frequency range which is of interest is mostly 7000 - 14000 Hz but can also be different. The objective is to detect
frames having strong tonal content in the range of interest so that the tonal-specific coding mode may be used efficiently.
This is done using the tonal stability analysis described earlier in the present disclosure. However, there are some
aberrations which are described in this section.
[0150] First, the spectral floor which is subtracted from the log-energy spectrum is calculated in the following way. The
log-energy spectrum is filtered using a moving-average (MA) filter, or FIR filter, the length of which is LMA=15 samples.
The filtered spectrum is given by: 

[0151] To save computational complexity, the filtering operation is done only for j=LMA and for the other lags, it is
calculated as: 

[0152] For the lags 0,.., LMA-1 and NSPEC-LMA,...,NSPEC-1, the spectral floor is calculated by means of extrapolation.
More specifically, the following relation is used:

[0153] In the first equation above the updating proceeds from LMA-1 downwards to 0.
[0154] The spectral floor is then subtracted from the log-energy spectrum in the same way as described earlier in the
present disclosure.
[0155] The residual spectrum, denoted as Eres,dB(j), is then smoothed over 3 samples as follows using a short-time
moving-average filter: 

[0156] The search of spectral minima and their indexes, the calculation of correlation map and the long term correlation

map are the same as in the method described earlier in the present disclosure, using the smoothed spectrum 

[0157] The decision about signal tonality in the super-wideband content is also the same as described earlier in the
present disclosure, i.e. based on an adaptive threshold. However, in this case a different fixed threshold and step are
used. The threshold thr_tonal is initialized to 130 and is updated in every frame as follows:

   if (cor_map_sum > 130)
      thr_tonal = thr_tonal - 1.0
   else
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      thr_tonal = thr_tonal + 1.0
   end.

[0158] The adaptive threshold thr_tonal is upper limited by 140 and lower limited by 120. The fixed threshold has been
set with respect to the frequency range 7000 - 14000 Hz. For a different range, it will have to be adjusted. As a general
rule of thumb, the following relationship may be applied thr_tonal=NSPEC/2.
[0159] The last difference to the method described earlier in the present disclosure is that the detection of strong tones
is not used in the super wideband content. This is motivated by the fact that strong tones are perceptually not suitable
for the purpose of encoding the tonal signal in the super wideband content.
[0160] The present invention has been described in the foregoing disclosure by way of a non-restrictive, illustrative
embodiment thereof. The scope of the present invention is defined by the appended claims.

Claims

1. A method for estimating a tonality of a sound signal, the method comprising:

calculating a current residual spectrum of the sound signal;
detecting peaks in the current residual spectrum;
calculating a correlation map between the current residual spectrum and a previous residual spectrum for each
detected peak; and
calculating a long-term correlation map based on the calculated correlation map, the long-term correlation map
being indicative of a tonality in the sound signal.

2. A method as defined in claim 1, wherein calculating the current residual spectrum comprises:

searching for minima in the spectrum of the sound signal in a current frame;
estimating a spectral floor by connecting the minima with each other; and
subtracting the estimated spectral floor from the spectrum of the sound signal in the current frame so as to
produce the current residual spectrum.

3. A method as defined in claim 1 or 2, wherein detecting the peaks in the current residual spectrum comprises locating
a maximum between each pair of two consecutive minima.

4. A method as defined in claim 1, 2 or 3, wherein calculating the correlation map comprises:

for each detected peak in the current residual spectrum, calculating a normalized correlation value with the
previous residual spectrum, over frequency bins between two consecutive minima in the current residual spec-
trum that delimit the peak; and
assigning a score to each detected peak, the score corresponding to the normalized correlation value; and
for each detected peak, assigning the normalized correlation value of the peak over the frequency bins between
the two consecutive minima that delimit the peak so as to form the correlation map.

5. A method as defined in any of the preceding claim, wherein calculating the long-term correlation map comprises:

filtering the correlation map through an one-pole filter on a frequency bin by frequency bin basis; and
summing the filtered correlation map over the frequency bins so as to produce a summed long-term correlation
map.

6. A method for detecting sound activity in a sound signal, wherein the sound signal is classified as one of an inactive
sound signal and an active sound signal according to the detected sound activity in the sound signal, the method
comprising:

estimating a parameter related to a tonality of the sound signal used for distinguishing a music signal from a
background noise signal, wherein estimating the parameter related to the tonality of the sound signal prevents
updating of noise energy estimates when a music signal is detected;
wherein the tonality estimation is performed according to any one of claims 1 to 5.
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7. A method as defined in claim 6, further comprising calculating a complementary non-stationarity parameter and a
noise character parameter in order to distinguish a music signal from a background noise signal and prevent update
of noise energy estimates on the music signal.

8. A method as defined in claim 7, wherein calculating the complementary non-stationarity parameter comprises cal-
culating a parameter similar to a conventional non-stationarity with resetting a long-term energy when a spectral
attack is detected.

9. A method as defined in claim 8, wherein detecting the spectral attack and resetting the long-term energy comprises
calculating a spectral diversity parameter and wherein calculating the spectral diversity parameter comprises:

calculating a ratio between an energy of the sound signal in a current frame and an energy of the sound signal
in a previous frame, for frequency bands higher than a given number; and
calculating the spectral diversity as a weighted sum of the computed ratio over all the frequency bands higher
than the given number.

10. A method as defined in claim 8 or 9, wherein calculating the noise character parameter comprises:

dividing a plurality of frequency bands into a first group of a certain number of first frequency bands and a
second group of a rest of the frequency bands;
calculating a first energy value for the first group of frequency bands and a second energy value of the second
group of frequency bands;
calculating a ratio between the first and second energy values so as to produce the noise character parameter;
and
calculating a long-term value of the noise character parameter based on the calculated noise character param-
eter;
wherein the update of the noise energy estimates is prevented in response to having the noise character
parameter inferior than a given fixed threshold.

11. A method for classifying a sound signal in order to optimize encoding of the sound signal using the classification of
the sound signal, the method comprising:

detecting a sound activity in the sound signal;
classifying the sound signal as one of an inactive sound signal and an active sound signal according to the
detected sound activity in the sound signal; and
in response to the classification of the sound signal as an active sound signal, further classifying the active
sound signal as one of an unvoiced speech signal and a non-unvoiced speech signal;
wherein classifying the active sound signal as an unvoiced speech signal comprises estimating a tonality of the
sound signal in order to prevent classifying music signals as unvoiced speech signals, wherein the tonality
estimation is performed according to any one of claims 1 to 5.

12. A method as defined in claim 11, further comprising encoding the sound signal according to the classification of the
sound signal, wherein encoding the sound signal according to the classification of the sound signal comprises
encoding the inactive sound signal using comfort noise generation.

13. A method as defined in claim 11 or 12, wherein classifying the active sound signal as an unvoiced speech signal
comprises calculating a decision rule based on at least one of a voicing measure, an average spectral tilt measure,
a maximum short-time energy increase at low level, a tonal stability and a relative frame energy.

14. A method for encoding a higher band of a sound signal using a classification of the sound signal, the method
comprising:

classifying the sound signal as one of a tonal sound signal and a non-tonal sound signal;
wherein classifying the sound signal as a tonal signal comprises estimating a tonality of the sound signal
according to any one of claims 1 to 5.

15. A method as defined in claim 14, wherein estimating the tonality of the sound signal according to any one of claims
1 to 5 further comprises using an alternative method for calculating a spectral floor, wherein using the alternative
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method for calculating the spectral floor comprises filtering a log-energy spectrum of the sound signal in a current
frame using a moving-average filter.

16. A method as defined in claim 14 or 15, wherein estimating the tonality of the sound signal according to any one of
claims 1 to 5 further comprises smoothing the residual spectrum by means of a short-time moving-average filter.

17. A method as defined in any of claim 14 to 16, further comprising encoding the higher band of the sound signal
according to the classification of said sound signal.

18. A method as defined in any of claim 14 to 17, wherein the higher band of the sound signal comprises a frequency
range above 7 kHz.

19. A device for estimating a tonality of a sound signal, the device comprising:

a calculator for calculating a current residual spectrum of the sound signal;
a detector for detecting peaks in the current residual spectrum;
a calculator for calculating a correlation map between the current residual spectrum and a previous residual
spectrum for each detected peak; and
a calculator for calculating a long-term correlation map based on the calculated correlation map, the long-term
correlation map being indicative of a tonality in the sound signal.

20. A device as defined in claim 19, wherein the calculator of the current residual spectrum comprises:

a locator of minima in the spectrum of the sound signal in a current frame;
an estimator of a spectral floor which connects the minima with each other; and
a subtractor of the estimated spectral floor from the spectrum so as to produce the current residual spectrum.

21. A device as defined in claim 19 or 20, wherein the calculator of the long-term correlation map comprises:

a filter for filtering the correlation map on a frequency bin by frequency bin basis; and
an adder for summing the filtered correlation map over the frequency bins so as to produce a summed long-
term correlation map.

22. A device for detecting sound activity in a sound signal, wherein the sound signal is classified as one of an inactive
sound signal and an active sound signal according to the detected sound activity in the sound signal, the device
comprising:

a tonality estimator for the sound signal, used for distinguishing a music signal from a background noise signal;
wherein the tonality estimator comprises a device according to any one of claims 19 to 21.

23. A device for classifying a sound signal in order to optimize encoding of the sound signal using the classification of
the sound signal, the device comprising:

a detector for detecting sound activity in the sound signal;
a first sound signal classifier for classifying the sound signal as one of an inactive sound signal and an active
sound signal according to the detected sound activity in the sound signal; and
a second sound signal classifier in connection with the first sound signal classifier for classifying the active
sound signal as one of an unvoiced speech signal and a non-unvoiced speech signal;
wherein the sound activity detector comprises a tonality estimator for estimating a tonality of the sound signal
in order to prevent classifying music signals as unvoiced speech signals, wherein the tonality estimator comprises
a device according to any one of claims 19 to 21.

24. A device as defined in claim 23, further comprising a sound encoder for encoding the sound signal according to the
classification of the sound signal, wherein the sound encoder is selected from the group consisting of: a noise
encoder for encoding inactive sound signals; an unvoiced speech optimized coder; a voiced speech optimized coder
for coding stable voiced signals; and a generic sound signal coder for coding fast evolving voiced signals.

25. A device for encoding a higher band of a sound signal using a classification of the sound signal, the device comprising:
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a sound signal classifier for classifying the sound signal as one of a tonal sound signal and a non-tonal sound
signal; and
a sound encoder for encoding the higher band of the classified sound signal; wherein the sound signal classifier
comprises a device for estimating a tonality of the sound signal according to any one of claims 19 to 21.

26. A device as defined in claim 25, further comprising a moving-average filter for calculating a spectral floor derived
from the sound signal, wherein the spectral floor is used in estimating the tonality of the sound signal.

27. A device as defined in claim 25 or 26, further comprising a short-time moving-average filter for smoothing a residual
spectrum of the sound signal, wherein the residual spectrum is used in estimating the tonality of the sound signal.

Patentansprüche

1. Verfahren zum Schätzen der Tonalität eines Schallsignals, wobei das Verfahren umfasst:

Berechnen eines aktuellen Residualspektrums des Schallsignals;
Erkennen von Spitzen im aktuellen Residualspektrum;
Berechnen einer Korrelationskarte zwischen dem aktuellen Residualspektrum und einem vorherigen Residu-
alspektrum für jede erkannte Spitze; und
Berechnen einer Langzeit-Korrelationskarte basierend auf der berechneten Korrelationskarte, wobei die Lang-
zeit-Korrelationskarte eine Tonalität im Schallsignal anzeigt.

2. Verfahren wie in Anspruch 1 definiert, wobei das Berechnen des aktuellen Residualspektrums umfasst:

Suchen nach Minima im Spektrum des Schallsignals in einem aktuellen Rahmen;
Schätzen einer Spektrumsuntergrenze durch Verbinden der Minima miteinander; und
Subtrahieren der geschätzten Spektrumsuntergrenze vom Spektrum des Schallsignals im aktuellen Rahmen,
um so das aktuelle Residualspektrum zu erzeugen.

3. Verfahren wie in Anspruch 1 oder 2 definiert, wobei das Erkennen der Spitzen im aktuellen Residualspektrum
umfasst, ein Maximum zwischen jedem Paar von zwei aufeinander folgenden Minima zu lokalisieren.

4. Verfahren wie in Anspruch 1, 2 oder 3 definiert, wobei das Berechnen der Korrelationskarte umfasst:

für jede erkannte Spitze im aktuellen Residualspektrum,
Berechnen eines normalisierten Korrelationswertes mit dem vorherigen Residualspektrum über Frequenzbins
zwischen zwei aufeinander folgenden Minima im aktuellen Residualspektrum, die die Spitze begrenzen; und
Zuweisen eines Punktwertes zu jeder erkannten Spitze,
wobei der Punktwert dem normalisierten Korrelationswert entspricht; und
für jede erkannte Spitze, Zuweisen des normalisierten Korrelationswertes der Spitze über die Frequenzbins
zwischen den beiden aufeinander folgenden Minima, die die Spitze begrenzen, um die Korrelationskarte zu
erstellen.

5. Verfahren wie in einem der vorstehenden Ansprüche definiert, wobei das Berechnen der Langzeit-Korrelationskarte
umfasst:

Filtern der Korrelationskarte durch ein einpoliges Filter für jedes einzelne Frequenzbin; und
Summieren der gefilterten Korrelationskarte über die Frequenzbins, um eine summierte Langzeit-Korrelations-
karte zu erzeugen.

6. Verfahren zum Erkennen von Schallaktivität in einem Schallsignal, wobei das Schallsignal je nach der erkannten
Schallaktivität im Schallsignal entweder als ein inaktives Schallsignal oder als ein aktives Schallsignal eingestuft
wird, wobei das Verfahren umfasst:

Schätzen eines auf eine Tonalität des Schallsignals bezogenen Parameters, der herangezogen wird, um ein
Musiksignal von einem Hintergrundrauschsignal zu unterscheiden, wobei das Schätzen des auf die Tonalität
des Schallsignals bezogenen Parameters verhindert, dass Rauschenergieschätzwerte aktualisiert werden,
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wenn ein Musiksignal erkannt wird;
wobei die Tonalitätsschätzung gemäß einem der Ansprüche 1 bis 5 durchgeführt wird.

7. Verfahren wie in Anspruch 6 definiert, ferner umfassend ein Berechnen eines komplementären Nicht-Stationaritäts-
parameters und eines Rauschcharakterparameters, um ein Musiksignal von einem Hintergrundrauschsignal zu
unterscheiden und zu verhindern, dass Rauschenergieschätzwerte auf dem Musiksignal aktualisiert werden.

8. Verfahren wie in Anspruch 7 definiert, wobei das Berechnen des komplementären Nicht-Stationaritätsparameters
umfasst, einen Parameter ähnlich einer herkömmlichen Nicht-Stationarität zu berechnen, mit Rücksetzen einer
Langzeitenergie, wenn eine Spektralattacke erkannt wird.

9. Verfahren wie in Anspruch 8 definiert, wobei das Erkennen der Spektralattacke und das Rücksetzen der Langzei-
tenergie umfassen, einen Spektraldiversitätsparameter zu berechnen, und wobei das Berechnen des Spektraldi-
versitätsparameters umfasst:

Berechnen eines Verhältnisses zwischen einer Energie des Schallsignals in einem aktuellen Rahmen und einer
Energie des Schallsignals in einem vorherigen Rahmen für Frequenzbänder höher als eine gegebene Zahl; und
Berechnen der Spektraldiversität als eine gewichtete Summe des berechneten Verhältnisses über alle Fre-
quenzbänder höher als die gegebene Zahl hinweg.

10. Verfahren wie in Anspruch 8 oder 9 definiert, wobei das Berechnen des Rauschcharakterparameters umfasst:

Einteilen einer Mehrzahl von Frequenzbändern in eine erste Gruppe mit einer bestimmten Anzahl erster Fre-
quenzbänder und eine zweite Gruppe mit einer restlichen Anzahl der Frequenzbänder;
Berechnen eines ersten Energiewertes für die erste Gruppe von Frequenzbändern und eines zweiten Ener-
giewertes der zweiten Gruppe von Frequenzbändern;
Berechnen eines Verhältnisses zwischen dem ersten und
dem zweiten Energiewert, um den Rauschcharakterparameter zu erzeugen; und
Berechnen eines Langzeitwertes des Rauschcharakterparameters basierend auf dem berechneten Rausch-
charakterparameter;
wobei die Aktualisierung der Rauschenergieschätzwerte verhindert wird in Reaktion auf das Vorliegen eines
Rauschcharakterparameters, der unterhalb eines gegebenen festen Schwellwertes liegt.

11. Verfahren zum Einstufen eines Schallsignals mit dem Ziel, die Codierung des Schallsignals mithilfe der Einstufung
des Schallsignals zu optimieren, wobei das Verfahren umfasst:

Erkennen einer Schallaktivität im Schallsignal;
Einstufen des Schallsignals entweder als ein inaktives Schallsignal oder als ein aktives Schallsignal gemäß der
erkannten Schallaktivität im Schallsignal; und
in Reaktion auf die Einstufung des Schallsignals als ein aktives Schallsignal, weiteres Einstufen des aktiven
Schallsignals entweder als ein stimmloses Sprachsignal oder als ein nicht stimmloses Sprachsignal;
wobei das Einstufen des aktiven Schallsignals als stimmloses Sprachsignal umfasst, eine Tonalität des Schall-
signals zu schätzen, um eine Einstufung von Musiksignalen als stimmlose Sprachsignale zu verhindern, wobei
die Tonalitätsschätzung gemäß einem der Ansprüche 1 bis 5 durchgeführt wird.

12. Verfahren wie in Anspruch 11 definiert, ferner umfassend ein Codieren des Schallsignals gemäß der Einstufung
des Schallsignals, wobei das Codieren des Schallsignals gemäß der Einstufung des Schallsignals umfasst, das
inaktive Schallsignal unter Verwendung von Behaglichkeitsgeräuscherzeugung zu codieren.

13. Verfahren wie in Anspruch 11 oder 12 definiert, wobei das Einstufen des aktiven Schallsignals als stimmloses
Sprachsignal umfasst, eine Entscheidungsregel zu berechnen, basierend auf wenigstens einem von einem Stimm-
haftigkeitsmaß, einem durchschnittlichen spektralen Verkippungsmaß, einem maximalen kurzzeitigen Energiean-
stieg bei niedrigem Pegel, einer tonalen Stabilität und einer relativen Rahmenenergie.

14. Verfahren zum Codieren eines höheren Bandes eines Schallsignals anhand einer Einstufung des Schallsignals,
wobei das Verfahren umfasst:

Einstufen des Schallsignals entweder als ein tonales Schallsignal oder als ein nicht tonales Schallsignal;
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wobei das Einstufen des Schallsignals als tonales Schallsignal umfasst, die Tonalität des Schallsignals gemäß
einem der Ansprüche 1 bis 5 zu schätzen.

15. Verfahren wie in Anspruch 14 definiert, wobei das Schätzen der Tonalität des Schallsignals gemäß einem der
Ansprüche 1 bis 5 ferner umfasst, ein alternatives Verfahren zum Berechnen einer Spektrumsuntergrenze zu ver-
wenden, wobei das Verwenden des alternativen Verfahrens zum Berechnen der Spektrumsuntergrenze umfasst,
ein logarithmisches Energiespektrum des Schallsignals in einem aktuellen Rahmen mithilfe eines Gleitmittelwert-
filters zu filtern.

16. Verfahren wie in Anspruch 14 oder 15 definiert, wobei das Schätzen der Tonalität des Schallsignals gemäß einem
der Ansprüche 1 bis 5 ferner umfasst, das Residualspektrum mithilfe eines Kurzzeit-Gleitmittelwertfilters zu glätten.

17. Verfahren wie in einem der Ansprüche 14 bis 16 definiert, ferner umfassend das Codieren des höheren Bandes
des Schallsignals gemäß der Einstufung des Schallsignals.

18. Verfahren wie in einem der Ansprüche 14 bis 17 definiert, wobei das höhere Band des Schallsignals einen Fre-
quenzbereich oberhalb von 7 kHz umfasst.

19. Vorrichtung zum Schätzen einer Tonalität eines Schallsignals, wobei die Vorrichtung umfasst:

einen Berechner zum Berechnen eines aktuellen Residualspektrums des Schallsignals;
einen Detektor zum Erkennen von Spitzen im aktuellen Residualspektrum;
einen Berechner zum Berechnen einer Korrelationskarte zwischen dem aktuellen Residualspektrum und einem
vorherigen Residualspektrum für jede erkannte Spitze;
und
einen Berechner zum Berechnen einer Langzeit-Korrelationskarte basierend auf der berechneten Korrelations-
karte, wobei die Langzeit-Korrelationskarte eine Tonalität im Schallsignal anzeigt.

20. Vorrichtung wie in Anspruch 19 definiert, wobei der Berechner des aktuellen Residualspektrums umfasst:

einen Lokalisierer von Minima im Spektrum des Schallsignals in einem aktuellen Rahmen;
einen Schätzer einer Spektrumsuntergrenze, die die Minima miteinander verbindet; und
einen Subtrahierer der geschätzten Spektrumsuntergrenze vom Spektrum, um ein aktuelles Residualspektrum
zu erzeugen.

21. Vorrichtung wie in einem der Ansprüche 19 oder 20 definiert, wobei der Berechner der Langzeit-Korrelationskarte
umfasst:

ein Filter zum Filtern der Korrelationskarte für jedes einzelne Frequenzbin; und
einen Addierer zum Summieren der gefilterten Korrelationskarte über die Frequenzbins, um eine summierte
Langzeit-Korrelationskarte zu erzeugen.

22. Vorrichtung zum Erkennen von Schallaktivität in einem Schallsignal, wobei das Schallsignal je nach der erkannten
Schallaktivität im Schallsignal entweder als ein inaktives Schallsignal oder als ein aktives Schallsignal eingestuft
wird, wobei die Vorrichtung umfasst:

einen Tonalitätsschätzer für das Schallsignal, der verwendet wird, um ein Musiksignal von einem Hinter-
grundrauschsignal zu unterscheiden;
wobei der Tonalitätsschätzer eine Vorrichtung gemäß einem der Ansprüche 19 bis 21 umfasst.

23. Vorrichtung zum Einstufen eines Schallsignals mit dem Ziel, die Codierung des Schallsignals mithilfe der Einstufung
des Schallsignals zu optimieren, wobei die Vorrichtung umfasst:

einen Detektor zum Erkennen einer Schallaktivität im Schallsignal;
einen ersten Schallsignaleinstufer zum Einstufen des Schallsignals entweder als ein inaktives Schallsignal oder
als ein aktives Schallsignal gemäß der erkannten Schallaktivität im Schallsignal; und
einen zweiten Schallsignaleinstufer in Verbindung mit dem ersten Schallsignaleinstufer zum Einstufen des
aktiven Schallsignals entweder als ein stimmloses Sprachsignal oder als ein nicht stimmloses Sprachsignal;
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wobei der Schallaktivitätsdetektor einen Tonalitätsschätzer zum Schätzen einer Tonalität des Schallsignals
umfasst, um eine Einstufung von Musiksignalen als stimmlose Sprachsignale zu verhindern, wobei der Tona-
litätsschätzer eine Vorrichtung gemäß einem der Ansprüche 19 bis 21 umfasst.

24. Vorrichtung wie in Anspruch 23 definiert, ferner umfassend einen Schallcodierer zum Codieren des Schallsignals
gemäß der Einstufung des Schallsignals, wobei der Schallcodierer aus der Gruppe ausgewählt ist, die besteht aus:
einem Rauschcodierer zum Codieren inaktiver Schallsignale; einem für stimmlose Sprache optimierten Codierer;
einem für stimmhafte Sprache optimierten Codierer zum Codieren stabiler stimmhafter Signale; und einem generi-
schen Schallsignalcodierer zum Codieren sich schnell entwickelnder stimmhafter Signale.

25. Vorrichtung zum Codieren eines höheren Bandes eines Schallsignals anhand einer Einstufung des Schallsignals,
wobei die Vorrichtung umfasst:

einen Schallsignaleinstufer zum Einstufen des Schallsignals entweder als ein tonales Schallsignal oder als ein
nicht tonales Schallsignal; und
einen Schallcodierer zum Codieren des höheren Bandes des eingestuften Schallsignals; wobei der Schallsig-
naleinstufer eine Vorrichtung zum Schätzen einer Tonalität des Schallsignals gemäß einem der Ansprüche 19
bis 21 umfasst.

26. Vorrichtung wie in Anspruch 25 definiert, ferner umfassend ein Gleitmittelwertfilter zum Berechnen einer von dem
Schallsignal abgeleiteten Spektrumsuntergrenze, wobei die Spektrumsuntergrenze für die Schätzung der Tonalität
des Schallsignals herangezogen wird.

27. Vorrichtung wie in Anspruch 25 oder 26 definiert, ferner umfassend ein Kurzzeit-Gleitmittelwertfilter zum Glätten
eines Residualspektrums des Schallsignals, wobei das Residualspektrum für die Schätzung der Tonalität des Schall-
signals herangezogen wird.

Revendications

1. Procédé d’estimation d’une tonalité d’un signal sonore, le procédé comprenant :

le calcul d’un spectre résiduel actuel du signal sonore ;
la détection de pics dans le spectre résiduel actuel ;
le calcul d’une carte de corrélation entre le spectre résiduel actuel et un spectre résiduel précédent pour chaque
pic détecté ; et
le calcul d’une carte de corrélation à long terme sur la base de la carte de corrélation calculée, la carte de
corrélation à long terme indiquant une tonalité dans le signal sonore.

2. Procédé selon la revendication 1, dans lequel le calcul du spectre résiduel actuel comprend :

la recherche de minima dans le spectre du signal sonore dans une trame actuelle ;
l’estimation d’un plancher spectral par jonction des minima ; et
la soustraction du plancher spectral estimé par rapport au spectre du signal sonore dans la trame actuelle de
manière à produire le spectre résiduel actuel.

3. Procédé selon la revendication 1 ou 2, dans lequel la détection des pics dans le spectre résiduel actuel comprend
la localisation d’un maximum entre chaque paire de deux minima consécutifs.

4. Procédé selon la revendication 1, 2 ou 3, dans lequel le calcul de la carte de corrélation comprend :

pour chaque pic détecté dans le spectre résiduel actuel, le calcul d’une valeur de corrélation normalisée avec
le spectre résiduel précédent, sur des bins de fréquence entre deux minima consécutifs dans le spectre résiduel
actuel qui délimitent le pic ; et
l’assignation d’un score à chaque pic détecté, le score correspondant à la valeur de corrélation normalisée ; et
pour chaque pic détecté, l’assignation de la valeur de corrélation normalisée du pic sur les bins de fréquence
entre les deux minima consécutifs qui délimitent le pic de manière à former la carte de corrélation.
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5. Procédé selon l’une quelconque des revendications précédentes, dans lequel le calcul de la carte de corrélation à
long terme comprend :

le filtrage de la carte de corrélation par un filtre à un pôle, un bin de fréquence à la fois ; et
la sommation de la carte de corrélation filtrée sur les bins de fréquence de manière à produire une carte de
corrélation à long terme sommée.

6. Procédé de détection d’une activité sonore dans un signal sonore, dans lequel le signal sonore est classifié comme
un signal sonore inactif ou bien comme un signal sonore actif selon l’activité sonore détectée dans le signal sonore,
le procédé comprenant :

l’estimation d’un paramètre relatif à une tonalité du signal sonore servant à distinguer un signal de musique
d’un signal de bruit de fond, l’estimation du paramètre relatif à la tonalité du signal sonore bloquant la mise à
jour d’estimations d’énergie du bruit en cas de détection d’un signal de musique ;
l’estimation de tonalité étant réalisée selon l’une quelconque des revendications 1 à 5.

7. Procédé selon la revendication 6, comprenant en outre le calcul d’un paramètre de non-stationnarité complémentaire
et d’un paramètre de caractère du bruit afin de distinguer un signal de musique d’un signal de bruit de fond et de
bloquer la mise à jour d’estimations d’énergie du bruit sur le signal de musique.

8. Procédé selon la revendication 7, dans lequel le calcul du paramètre de non-stationnarité complémentaire comprend
le calcul d’un paramètre similaire à une non-stationnarité classique avec une réinitialisation d’une énergie à long
terme en cas de détection d’une attaque spectrale.

9. Procédé selon la revendication 8, dans lequel la détection de l’attaque spectrale et la réinitialisation de l’énergie à
long terme comprennent le calcul d’un paramètre de diversité spectrale, et dans lequel le calcul du paramètre de
diversité spectrale comprend :

le calcul d’un rapport entre une énergie du signal sonore dans une trame actuelle et une énergie du signal
sonore dans une trame précédente, pour des bandes de fréquence supérieures à un nombre donné ; et
le calcul de la diversité spectrale sous la forme d’une moyenne pondérée du rapport calculé sur toutes les
bandes de fréquence supérieures au nombre donné.

10. Procédé selon la revendication 8 ou 9, dans lequel le calcul du paramètre de caractère du bruit comprend :

la subdivision d’une pluralité de bandes de fréquence en un premier groupe d’un certain nombre de premières
bandes de fréquence et un deuxième groupe du reste des bandes de fréquence ;
le calcul d’une première valeur d’énergie pour le premier groupe de bandes de fréquence et d’une deuxième
valeur d’énergie pour le deuxième groupe de bandes de fréquence ;
le calcul d’un rapport entre la première et la deuxième valeur d’énergie de manière à produire le paramètre de
caractère du bruit ; et
le calcul d’une valeur à long terme du paramètre de caractère du bruit sur la base du paramètre de caractère
du bruit calculé ;
la mise à jour des estimations d’énergie du bruit étant bloquée si le paramètre de caractère du bruit est inférieur
à un seuil fixe donné.

11. Procédé de classification d’un signal sonore dans le but d’optimiser le codage du signal sonore à partir de la
classification du signal sonore, le procédé comprenant :

la détection d’une activité sonore dans le signal sonore ;
la classification du signal sonore comme un signal sonore inactif ou bien comme un signal sonore actif selon
l’activité sonore détectée dans le signal sonore ; et
en réponse à la classification du signal sonore comme un signal sonore actif, la classification plus poussée du
signal sonore actif comme un signal de parole non voisée ou bien comme un signal de parole qui n’est pas non
voisée ;
la classification du signal sonore actif comme un signal de parole non voisée comprenant l’estimation d’une
tonalité du signal sonore dans le but de bloquer la classification de signaux de musique comme des signaux
de parole non voisée, l’estimation de tonalité étant réalisée selon l’une quelconque des revendications 1 à 5.
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12. Procédé selon la revendication 11, comprenant en outre le codage du signal sonore selon la classification du signal
sonore, le codage du signal sonore selon la classification du signal sonore comprenant le codage du signal sonore
inactif par génération de bruit de confort.

13. Procédé selon la revendication 11 ou 12, dans lequel la classification du signal sonore actif comme un signal de
parole non voisée comprend le calcul d’une règle de décision sur la base d’au moins un des éléments du groupe
constitué par une mesure de voisement, une mesure de pente spectrale moyenne, une augmentation d’énergie à
court terme maximale à bas niveau, une stabilité tonale et une énergie de trame relative.

14. Procédé de codage d’une bande supérieure d’un signal sonore à l’aide d’une classification du signal sonore, le
procédé comprenant :

la classification du signal sonore comme un signal sonore tonal ou bien comme un signal sonore non tonal ;
la classification du signal sonore comme un signal tonal comprenant l’estimation d’une tonalité du signal sonore
selon l’une quelconque des revendications 1 à 5.

15. Procédé selon la revendication 14, dans lequel l’estimation de la tonalité du signal sonore selon l’une quelconque
des revendications 1 à 5 comprend en outre l’utilisation d’un procédé différent de calcul d’un plancher spectral,
l’utilisation du procédé différent de calcul du plancher spectral comprenant le filtrage du logarithme d’un spectre
d’énergie du signal sonore dans une trame actuelle à l’aide d’un filtre à moyenne glissante.

16. Procédé selon la revendication 14 ou 15, dans lequel l’estimation de la tonalité du signal sonore selon l’une quel-
conque des revendications 1 à 5 comprend en outre le lissage du spectre résiduel au moyen d’un filtre à moyenne
glissante à court terme.

17. Procédé selon l’une quelconque des revendications 14 à 16, comprenant en outre le codage de la bande supérieure
du signal sonore selon la classification dudit signal sonore.

18. Procédé selon l’une quelconque des revendications 14 à 17, dans lequel la bande supérieure du signal sonore
comprend une plage de fréquence au-dessus de 7 kHz.

19. Dispositif d’estimation d’une tonalité d’un signal sonore, le dispositif comprenant :

un calculateur permettant le calcul d’un spectre résiduel actuel du signal sonore ;
un détecteur permettant la détection de pics dans le spectre résiduel actuel ;
un calculateur permettant le calcul d’une carte de corrélation entre le spectre résiduel actuel et un spectre
résiduel précédent pour chaque pic détecté ; et
un calculateur permettant le calcul d’une carte de corrélation à long terme sur la base de la carte de corrélation
calculée, la carte de corrélation à long terme indiquant une tonalité dans le signal sonore.

20. Dispositif selon la revendication 19, dans lequel le calculateur du spectre résiduel actuel comprend :

un localisateur de minima dans le spectre du signal sonore dans une trame actuelle ;
un estimateur d’un plancher spectral qui joint les minima ; et
un soustracteur du plancher spectral estimé par rapport au spectre de manière à produire le spectre résiduel
actuel.

21. Dispositif selon la revendication 19 ou 20, dans lequel le calculateur de la carte de corrélation à long terme comprend :

un filtre permettant le filtrage de la carte de corrélation, un bin de fréquence à la fois ; et
un additionneur permettant la sommation de la carte de corrélation filtrée sur les bins de fréquence de manière
à produire une carte de corrélation à long terme sommée.

22. Dispositif de détection d’une activité sonore dans un signal sonore, dans lequel le signal sonore est classifié comme
un signal sonore inactif ou bien comme un signal sonore actif selon l’activité sonore détectée dans le signal sonore,
le dispositif comprenant :

un estimateur de tonalité pour le signal sonore, servant à distinguer un signal de musique d’un signal de bruit
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de fond ;
l’estimateur de tonalité comprenant un dispositif selon l’une quelconque des revendications 19 à 21.

23. Dispositif de classification d’un signal sonore dans le but d’optimiser le codage du signal sonore à l’aide de la
classification du signal sonore, le dispositif comprenant :

un détecteur permettant la détection d’une activité sonore dans le signal sonore ;
un premier classificateur de signal sonore permettant la classification du signal sonore comme un signal sonore
inactif ou bien comme un signal sonore actif selon l’activité sonore détectée dans le signal sonore ; et
un deuxième classificateur de signal sonore en relation avec le premier classificateur de signal sonore permettant
la classification du signal sonore actif comme un signal de parole non voisée ou bien comme un signal de parole
qui n’est pas non voisée ;
le détecteur d’activité sonore comprenant un estimateur de tonalité permettant l’estimation d’une tonalité du
signal sonore dans le but de bloquer la classification de signaux de musique comme des signaux de parole
non voisée, l’estimateur de tonalité comprenant un dispositif selon l’une quelconque des revendications 19 à 21.

24. Dispositif selon la revendication 23, comprenant en outre un codeur sonore permettant le codage du signal sonore
selon la classification du signal sonore, le codeur sonore étant choisi parmi le groupe constitué par : un codeur de
bruit permettant le codage de signaux sonores inactifs ; un codeur optimisé de parole non voisée ; un codeur optimisé
de parole voisée permettant le codage de signaux voisés stables ; et un codeur de signal sonore générique permettant
le codage de signaux voisés évoluant rapidement.

25. Dispositif de codage d’une bande supérieure d’un signal sonore à l’aide d’une classification du signal sonore, le
dispositif comprenant :

un classificateur de signal sonore permettant la classification du signal sonore comme un signal sonore tonal
ou bien comme un signal sonore non tonal ; et
un codeur sonore permettant le codage de la bande supérieure du signal sonore classifié ;
le classificateur de signal sonore comprenant un dispositif d’estimation d’une tonalité du signal sonore selon
l’une quelconque des revendications 19 à 21.

26. Dispositif selon la revendication 25, comprenant en outre un filtre à moyenne glissante permettant le calcul d’un
plancher spectral déduit du signal sonore, le plancher spectral servant à l’estimation de la tonalité du signal sonore.

27. Dispositif selon la revendication 25 ou 26, comprenant en outre un filtre à moyenne glissante à court terme permettant
le lissage d’un spectre résiduel du signal sonore, le spectre résiduel servant à l’estimation de la tonalité du signal
sonore.
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