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Description

BACKGROUND OF THE INVENTION

I. Field of the Invention

[0001] The present invention relates to speech processing. More particularly, the present invention relates to a noise
suppression system and method for use in speech processing.

II. Description of the Related Art

[0002] Transmission of voice by digital techniques has become widespread, particularly in cellular telephone and
personal communication system (PCS) applications. This, in turn, has created an interest in improving speech processing
techniques. One area in which improvements are being developed is that of noise suppression techniques.
[0003] Noise suppression in a speech communication system generally serves the purpose of improving the overall
quality of the desired audio signal by filtering environmental background noise from the desired speech signal. This
speech enhancement process is particularly necessary in environments having abnormally high levels of ambient back-
ground noise, such as an aircraft, a moving vehicle, or a noisy factory.
[0004] One noise suppression technique is the spectral subtraction, or spectral gain modification, technique. Using
this approach, the input audio signal is divided into frequency channels, and particular frequency channels are attenuated
according to their noise energy content. A background noise estimate for each frequency channel is utilized to generate
a signal-to-noise ratio (SNR) of the speech in the channel, and the SNR is used to compute a gain factor for each
channel. The gain factor then determines the attenuation for the particular channel. The attenuated channels are re-
combined to produce the noise-suppressed output signal.
[0005] In specialized applications involving relatively high background noise environments, most noise suppression
techniques exhibit significant performance limitations. One example of such an application is the vehicle speakerphone
option to a cellular mobile communication system. The speakerphone option provides hands-free operation for the
automobile driver. The hands-free microphone is typically located at a greater distance from the user, such as being
mounted overhead on the visor. The distant microphone delivers a poor SNR to the land-end party due to road and wind
noise conditions. Although the received speech at the land-end is usually intelligible, continuous exposure to such
background noise levels often increases listener fatigue.
[0006] For a noise suppression system to function properly, it is important to accurately determine the SNR of speech.
However, it is difficult to accurately determine the SNR for the speech signal because of the limitations of currently
available noise detectors. Spectral subtraction techniques update the background noise estimate during periods when
speech is absent. When speech is absent, the measured spectral energy is attributed to noise, and the noise estimate
is updated based on the measured spectral energy. Therefore, it is important to distinguish between periods of speech
and absence of speech in order to obtain an accurate noise energy estimate for computation of the SNR.
[0007] An exemplary technique for speech detection uses a voice metric calculator to perform the noise update
decision. A voice metric is a measurement of the overall voice-like characteristics of the channel energy. First, raw SNR
estimates are used to index a voice metric table to obtain voice metric values for each channel. The individual channel
voice metric values are summed to create an energy parameter, which is compared with a background noise update
threshold. If the voice metric sum meets or exceeds the threshold, then the signal is said to contain speech. If the voice
metric sum does not meet the threshold, the input frame is deemed to be noise, and a background noise update is
performed. However, for the case of a high background noise condition, a sudden background noise, or an increasing
noise source, SNR measurements will be large, resulting in a high voice metric, which negates a noise estimate update.
[0008] A refinement to the voice metric calculator technique measures the channel energy deviation. This method
assumes that noise exhibits constant spectral energy over time, while speech exhibits variable spectral energy over
time. Thus, the channel energy is integrated over time, and speech is detected if there is substantial channel energy
deviation, while noise is detected if there is little channel energy deviation. A speech detector which measures channel
energy deviation will detect a sudden increase in the level of noise. However, the channel energy deviation method
provides an inaccurate result when the input speech signal is of constant energy. Furthermore, for the case of an
increasing noise source, changes in the input energy will cause the energy deviation to be large, negating a noise
estimate update even though an update is necessary.
[0009] In addition to an accurate speech detector, the noise suppression system must appropriately adjust channel
gains. Channel gains should be adjusted so that noise suppression is achieved without sacrificing the voice quality. One
method of channel gain adjustment computes the gain as a function of the total noise estimate and the SNR of the
speech signal. In general, an increase in the total noise estimate results in a lower gain factor for a given SNR. A lower
gain factor is indicative of a greater attenuation factor. This technique imposes a minimum gain value to prevent excess
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attenuation of the channel gain when the total noise estimate is very high. By using a hard clamped minimum gain value,
a tradeoff between noise suppression and voice quality is introduced. When the clamp is relatively low, noise suppression
is improved but voice quality is degraded. When the clamp is relatively high, noise suppression is degraded but the voice
quality is improved.
[0010] US Patent No. 4, 811, 404 "Motorola Inc.", discloses a method and apparatus for suppressing background
noise in high background noise environments. This US Patent includes the addition of a signal to noise ratio (SNR)
threshold mechanism to reduce background noise flutter by off-setting the gain rise of a gain table until a certain SNR
threshold is reached.
[0011] In order to provide an improved noise suppression system, the limitations of the current techniques for speech
detection and channel gain computation need to be addressed. These problems and deficiencies are solved by the
present invention in the manner described below.

SUMMARY OF THE INVENTION

[0012] The present invention as set out in the appended claims is a noise suppression system and method for use in
speech processing systems. An objective of the present invention is to provide a speech detector which determines the
presence of speech in an input signal. A reliable speech detector is needed for an accurate determination of the signal-
to-noise ratio (SNR) of speech. When speech is determined to be absent, the input signal is assumed to be entirely a
noise signal, and the noise energy may be measured. The noise energy is then used for determination of the SNR.
Another objective of the present invention is to provide an improved gain determination element for realization of noise
suppression.
[0013] In accordance with the present invention, the noise suppression system comprises a speech detector which
determines if speech is present in a frame of the input signal. The speech decision may be based on the SNR measure
of speech in an input signal. A SNR estimator estimates the SNR based on the signal energy estimate generated by an
energy estimator and the noise energy estimate generated by a noise energy estimator. The speech decision may also
be based on the encoding rate of the input signal. In a variable rate communication system, each input frame is assigned
an encoding rate selected from a predetermined set of rates based on the content of the input frame. Generally, the rate
is dependent on the level of speech activity, so that a frame containing speech would be assigned -a high rate, whereas
a frame not containing speech would be assigned a low rate. Further, the speech decision may be based on one or
more mode measures which are descriptive of the characteristics of the input signal. If it is determined that speech is
not present in the input frame, then the noise energy estimator updates the noise energy estimate.
[0014] A channel gain estimator determines the gain for the frame of input signal. If speech is not present in the frame,
then the gain is set to be a predetermined minimum. Otherwise, the gain is determined based on the frequency content
of the frame. In a preferred embodiment, a gain factor is determined for each of a set of predefined frequency channels.
For each channel, the gain is determined in accordance with the SNR of the speech in the channel. For each channel,
the gain is defined using a function that is suitable for the characteristics of the frequency band within which the channel
is located. Typically, for a predefined frequency band, the gain is set to increase linearly with increasing SNR. Additionally,
the minimum gain for each frequency band may be adjustable based on the environmental characteristics. For example,
a user-selectable minimum gain may be implemented. The channel SNRs are based on channel energy estimates
generated by an energy estimator and channel noise energy estimates generated by a noise energy estimator. The gain
factors are used to adjust the gain of the signal in the different channels, and the gain adjusted channels are combined
to produce the noise suppressed output signal.

BRIEF DESCRIPTION OF THE DRAWINGS

[0015] The features, objects, and advantages of the present invention will become more apparent from the detailed
description set forth below when taken in conjunction with the drawings in which like reference characters identify
correspondingly throughout and wherein:

FIG. 1 is a block diagram of a communications system in which a noise suppressor is utilized;
FIG. 2 is a block diagram illustrating a noise suppressor in accordance with the present invention;
FIG. 3 is a graph of gain factors based on frequency, for realization of noise suppression in accordance with the
present invention; and
FIG. 4 is a flow chart illustrating an exemplary embodiment of the processing steps involved in noise suppression
as implemented by the processing elements of FIG. 2.
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DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

[0016] In speech communication systems, noise suppressors are commonly used to suppress undesirable environ-
mental background noise. Most noise suppressors operate by estimating the background noise characteristics of the
input data signal in one or more frequency bands and subtracting an average of the estimate(s) from the input signal.
The estimate of the average background noise is updated during periods of the absence of speech. Noise suppressors
require an accurate determination of the background noise level for proper operation. In addition, the level of noise
suppression must be properly adjusted based on the speech and noise characteristics of the input signal. These re-
quirements are addressed by the noise suppression system of the present invention.
[0017] An exemplary speech processing system 100 in which the present invention may be embodied is illustrated in
FIG. 1. System 100 comprises microphone 102, A/D converter 104, speech processor 106, transmitter 110, and antenna
112. Microphone 102 may be located in a cellular telephone together with the other elements illustrated in FIG. 1.
Alternatively, microphone 102 may be the hands-free microphone of the vehicle speakerphone option to a cellular
communication system. The vehicle speakerphone assembly is sometimes referred to as a carkit. Where microphone
102 is part of a carkit, the noise suppression function is particularly important. Because the hands-free microphone is
generally positioned at some distance from the user, the received acoustic signal tends to have a poor speech SNR due
to road and wind noise conditions.
[0018] Referring still to FIG. 1, the input audio signal, comprising speech and/or background noise, is received by
microphone 102. The input audio signal is transformed by microphone 102 into an electro-acoustic signal represented
by the term s(t). The electro-acoustic signal may be converted from an analog signal to pulse code modulated (PCM)
samples by Analog-to-Digital converter 104. In an exemplary embodiment, PCM samples are output by A/D converter
104 at 64 kbps and are represented by signal s(n) as shown in FIG. 1. Digital signal s(n) is received by speech processor
106, which comprises, among other elements, noise suppressor 108. Noise suppressor 108 suppresses noise in signal
s(n) in accordance with the present invention. In a carkit application, noise suppressor 108 determines the level of
background environmental noise and adjusts the gain of the signal to mitigate the effects of such environmental noise.
In addition to noise suppressor 108, speech processor 106 generally comprises a voice coder, or a vocoder (not shown),
which compresses speech by extracting parameters that relate to a model of human speech generation. Speech processor
106 may also comprise an echo canceller (not shown), which eliminates acoustic echo resulting from the feedback
between a speaker (not shown) and microphone 102.
[0019] Following processing by speech processor 106, the signal is provided to transmitter 110, which performs
modulation in accordance with a predetermined format such as Code Division Multiple Access (CDMA), Time Division
Multiple Access (TDMA), or Frequency Division Multiple Access (FDMA). In the exemplary embodiment, transmitter 110
modulates the signal in accordance with a CDMA modulation format as described in U.S. Pat. No. 4,901,307, entitled
"SPREAD SPECTRUM MULTIPLE ACCESS COMMUNICATION SYSTEM USING SATELLITE OR TERRESTRIAL
REPEATERS," which is assigned to the assignee of the present invention. Transmitter 110 then upconverts and amplifies
the modulated signal, and the modulated signal is transmitted through antenna 112.
[0020] It should be recognized that noise suppressor 108 may be embodied in speech processing systems that are
not identical to system 100 of FIG. 1. For example, noise suppressor 108 may be utilized within an electronic mail
application having a voice mail option. For such an application, transmitter 110 and antenna 112 of FIG. 1 will not be
necessary. Instead, the noise suppressed signal will be formatted by speech processor 106 for transmission through
the electronic mail network.
[0021] An exemplary embodiment of noise suppressor 108 is illustrated in FIG. 2. The input audio signal is received
by preprocessor 202, as shown in FIG. 2. Preprocessor 202 prepares the input signal for noise suppression by performing
preemphasis and frame generation. Preemphasis redistributes the power spectral density of the speech signal by em-
phasizing the high frequency speech components of the signal. Essentially performing a high pass filtering function,
preemphasis emphasizes the important speech components to enhance the SNR of these components in the frequency
domain. Preprocessor 202 may also generate frames from the samples of the input signal. In a preferred embodiment,
10 ms frames of 80 samples/frame are generated. The frames may have overlapped samples for- better processing
accuracy. The frames may be generated by windowing and zero padding of the samples of the input signal. The pre-
processed signal is presented to transform element 204. In a preferred embodiment, transform element 204 generates
a 128 point Fast Fourier Transform (FFT) for each frame of input signal. It should be understood, however, that alternative
schemes may be used to analyze the frequency components of the input signal.
[0022] The transformed components are provided to channel energy estimator 206a, which generates an energy
estimate for each of N channels of the transformed signal. For each channel, one technique for updating the channel
energy estimates the update to be the current channel energy smoothed over channel energies of previous frames as
follows: 
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where the updated estimate, Eu(t), is defined as a function of the current channel energy, Ech, and the previous estimated
channel noise energy, Eu(t-1). An exemplary embodiment sets α = 0.55.
[0023] A preferred embodiment determines an energy estimate for a low frequency channel and an energy estimate
for a high frequency channel, so that N=2. The low frequency channel corresponds to frequency range from 250 to 2250
Hz, while the high frequency channel corresponds to frequency range from 2250 to 3500 Hz. The current channel energy
of the low frequency channel may be determined by summing the energy of the FFT points corresponding to 250-2250
Hz, and the current channel energy of the high frequency channel may be determined by summing the energy of the
FFT points corresponding to 2250-3500 Hz.
[0024] The energy estimates are provided to speech detector 208, which determines whether or not speech is present
in the received audio signal. SNR estimator 210a of speech detector 208 receives the energy estimates. SNR estimator
210a determines the signal-to-noise ratio (SNR) of the speech in each of the N channels based on the channel energy
estimates and the channel noise energy estimates. The channel noise energy estimates are provided by noise energy
estimator 214a, and generally correspond to the estimated noise energy smoothed over the previous frames which do
not contain speech.
[0025] Speech detector 208 also comprises rate decision element 212, which selects the data rate of the input signal
from a predetermined set of data rates. In certain communication systems, data is encoded so that the data rate may
be varied from one frame to another. This is known as a variable rate communication system. The voice coder which
encodes data based on a variable rate scheme is typically called a variable rate vocoder. An exemplary embodiment of
a variable rate vocoder is described in U.S. Pat. No. 5,414,796, entitled "VARIABLE RATE VOCODER," assigned to
the assignee of the present invention. The use of a variable rate communications channel eliminates unnecessary
transmissions when there is no useful speech to be transmitted. Algorithms are utilized within the vocoder for generating
a varying number of information bits in each frame in accordance with variations in speech activity. For example, a
vocoder with a set of four rates may produce 20 millisecond data frames containing 16, 40, 80, or 171 information bits,
depending on the activity of the speaker. It is desired to transmit each data frame in a fixed amount of time by varying
the transmission rate of communications.
[0026] Because the rate of a frame is dependent on the speech activity during a time frame, determining the rate will
provide information on whether speech is present or not. In a system utilizing variable rates, a determination that a frame
should be encoded at the highest rate generally indicates the presence of speech, while a determination that a frame
should be encoded at the lowest rate generally indicates the absence of speech. Intermediate rates typically indicate
transitions between the presence and the absence of speech.
[0027] Rate decision element 212 may implement any of a number of rate decision algorithms. One such rate decision
algorithm is disclosed in copending U.S. patent application Serial No. 08/286,842, entitled "METHOD AND APPARATUS
FOR PERFORMING REDUCED RATE VARIABLE RATE VOCODING," assigned to the assignee of the present inven-
tion. This technique provides a set of rate decision criteria referred to as mode measures. A first mode measure is the
target matching signal to noise ratio (TMSNR) from the previous encoding frame, which provides information on how
well the encoding model is performing by comparing a synthesized speech signal with the input speech signal. A second
mode measure is the normalized autocorrelation function (NACF), which measures periodicity in the speech frame. A
third mode measure is the zero crossings (ZC) parameter, which measures high frequency content in an input speech
frame. A fourth measure, the prediction gain differential (PGD), determines if the encoder is maintaining its prediction
efficiency. A fifth measure is the energy differential (ED), which compares the energy in the current frame to an average
frame energy. Using these mode measures, a rate determination logic selects an encoding rate for the frame of input.
[0028] It should be understood that although rate decision element 212 is shown in FIG. 2 as an included element of
noise suppressor 108, the rate information may instead be provided to noise suppressor 108 by another component of
speech processor 106 (FIG. 1). For example, speech processor 106 may comprise a variable rate vocoder (not shown)
which determines the encoding rate for each frame of input signal. Instead of having noise suppressor 108 independently
perform rate determination, the rate information may be provided to noise suppressor 108 by the variable rate vocoder.
[0029] It should also be understood that instead of using the rate decision to determine the presence of speech, speech
detector 208 may use a subset of the mode measures that contribute to the rate decision. For instance, rate decision
element 212 may be substituted by a NACF element (not shown), which, as explained earlier, measures periodicity in
the speech frame. The NACF is evaluated in accordance with the relationship below: 
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where N refers to the numbers of samples of the speech frame, t1 and t2 refer to the boundaries within the T samples
for which the NACF is evaluated. The NACF is evaluated based on the formant residual signal, e(n). Formant frequencies
are the resonance frequencies of speech. A short term filter is used to filter the speech signal to obtain the formant
frequencies. The residual signal obtained after filtering by the short term filter is the formant residual signal, and contains
the long term speech information, such as the pitch, of the signal.
[0030] The NACF mode measure is suitable for determining the presence of speech because the periodicity of a signal
containing voiced speech is different from a signal which does not contain voiced speech. A voiced speech signal tends
to be characterized by periodic components.When voiced speech is not present, the signal generally will not have periodic
components. Thus, the NACF measure is a good indicator which may be used by speech detector 208.
[0031] Speech detector 208 may use measures such as the NACF instead of the rate decision in situations where it
is not practicable to generate the rate decision. For example, if the rate decision is not available from the variable rate
vocoder, and noise processor 108 does not have the processing power to generate its own rate decision, then mode
measures like the NACF offer a desirable alternative. This may be the case in a carkit application where processing
power is generally limited.
[0032] Additionally, it should be understood that speech detector 208 may make a determination regarding the presence
of speech based on the rate decision, the mode measure(s), or the SNR estimate alone. Although additional measures
should improve the accuracy of the determination, any one of the measures alone may provide an adequate result.
[0033] The rate decision (or the mode measure(s)) and the SNR estimate generated by SNR estimator 210a are
provided to speech decision element 216. Speech decision element 216 generates a decision on whether or not speech
is present in the input signal based on its inputs. The decision on the presence of speech will determine if a noise energy
estimate update should be performed. The noise energy estimate is used by SNR estimator 210a to determine the SNR
of the speech in the input signal. The SNR will in turn will be used to compute the level of attenuation of the input signal
for noise suppression. If it is determined that speech is present, then speech decision element 216 opens switch 218a,
preventing noise energy estimator 214a from updating the noise energy estimate. If it is determined that speech is not
present, then the input signal is assumed to be noise, and speech decision element 216 closes switch 218a, causing
noise energy estimator 214a to update the noise estimate. Although shown in FIG. 2 as switch 218a, it should be
understood that an enable signal provided by speech decision element 216 to noise energy estimator 214a may perform
the same function.
[0034] In a preferred embodiment in which two channel SNRs are evaluated, speech decision element 216 generates
the noise update decision based on the procedure below:
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The channel SNR estimates provided by SNR estimator 210a are denoted by chsnr1 and chsnr2. The rate of the input
signal, provided by rate decision element 212, is denoted by rate. A counter, ratecount, keeps track of the number of
frames based on certain conditions as described below.
[0035] Speech decision element 216 determines that speech is not present, and that the noise estimate should be
updated, if the rate is the minimum rate of the variable rates, either chsnr1 is greater than threshold T1 or chsnr2 is
greater than threshold T2, and ratecount is greater than threshold T3. If the rate is minimum, and either chsnr1 is greater
than T1 or chsnr2 is greater than T2, but ratecount is less than T3, then the ratecount is increased by one but no noise
estimate update is performed. The counter, ratecount, detects the case of a sudden increased level of noise or an
increasing noise source by counting the number of frames having minimum rate but also having high energy in at least
one of the channels. The counter, which provides an indicator that the high SNR signal contains no speech, is set to
count until speech is detected in the signal. A preferred embodiment sets T1 = T2 = 5 dB, and T2 = 100 frames where
10 ms frames are evaluated.
[0036] If the rate is minimum, chsnr1 is less than T1, and chsnr2 is less than T2, then speech decision element 216
will determine that speech is not present and that a noise estimate update should be performed. In addition, ratecount
is reset to zero.
[0037] If the rate is not minimum, then speech decision element 216 will determine that the frame contains speech,
and no noise estimate update is performed, but ratecount is reset to zero.
[0038] Instead of using the rate measure to determine the presence of speech, recall that mode measures such as a
NACF measure may be utilized instead. Speech decision element 216 may make use of the NACF measure to determine
the presence of speech; and thus the noise update decision, in accordance with the procedure below:
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where pitchPresent is defined as follows:

Again, channel SNR estimates provided by SNR estimator 210a are denoted by chsnr1 and chsnr2. A NACF element
(not shown) generates a measure indicative of the presence of pitch, pitchPresent, as defined above. A counter, pitch-
Count, keeps track of the number of frames based on certain conditions as described below.
[0039] The measure pitchPresent determines that pitch is present if NACF is above threshold TT1. If NACF falls within
a mid range (TT2 ≤ NACF ≤ TT1) for a number of frames greater than threshold TT3, then pitch is also determined to
be present. A counter, NACFcount, keeps track of the number of frames for which TT2 ≤ NACF ≤ TT1. In a preferred
embodiment, TT1 = 0.6, TT2 = 0.4, and TT3 = 8 frames where 10 ms frames are evaluated.
[0040] Speech decision element 216 determines that speech is not present, and that the noise estimate should be
updated, if the pitchPresent measure indicates that pitch is not present (pitchPresent = FALSE), either chsnr1 is greater
than threshold TH1 or chsnr2 is greater than threshold TH2, and pitchCount is greater than threshold TH3. If pitchPresent
= FALSE, and either chsnr1 is greater than TH1 or chsnr2 is greater than TH2, but pitchCount is less than TH3, then
pitchCount is increased by one but no noise estimate update is performed. The counter, pitchCount, is used to detect
the case of a sudden increased level of noise or an increasing noise source. A preferred embodiment sets T1 = T2 = 5
dB, and T2 = 100 frames where 10 ms frames are evaluated.
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[0041] If pitchPresent indicates that pitch is not present, and chsnr1 is less than TH1 and chsnr2 is less than TH2,
then speech decision element 216 will determine that speech is not present and that a noise estimate update should be
performed. In addition, pitchCount is reset to zero.
[0042] If pitchPresent indicates that pitch is present (pitchPresent = TRUE), then speech decision element 216 will
determine that the frame contains speech, and no noise estimate update is performed. However, pitchCount is reset to
zero.
[0043] Upon determination that speech is not present, switch 218a is closed, causing noise energy estimator 214a to
update the noise estimate. Noise energy estimator 214a generally generates a noise energy estimate for each of the N
channels of the input signal. Since speech is not present, the energy is presumed to be wholly contributed by noise. For
each channel, the noise energy update is estimated to be the current channel energy smoothed over channel energies
of previous frames which do not contain speech. For example, the updated estimate may be obtained based on the
relationship below: 

where the updated estimate, En(t), is defined as a function of the current channel energy, Ech, and the previous estimated
channel noise energy, En(t-1). An exemplary embodiment sets β = 0.1. The updated channel noise energy estimates
are presented to SNR estimator 210a. These channel noise energy estimates will be used to obtain channel SNR
estimate updates for the next frame of input signal.
[0044] The determination regarding the presence of speech is also provided to channel gain estimator 220. Channel
gain estimator 220 determines the gain, and thus the level of noise suppression, for the frame of input signal. If speech
decision element 216 has determined that speech is not present, then the gain for the frame is set at a predetermined
minimum gain level. Otherwise, the gain is determined as a function of frequency. In a preferred embodiment, the gain
is computed based on the graph shown in FIG. 3. Although shown in graphical form in FIG. 3, it should be understood
that the function illustrated in FIG. 3 may be implemented as a look-up table in channel gain estimator 220.
[0045] Referring to FIG. 3, it can be seen that a preferred embodiment of the present invention defines a separate
gain curve for each of L frequency bands. In FIG. 3, three bands (L = 3) are represented, although L may be any number
greater than or equal to one. Thus, the gain factor for a channel in the low band may be determined using the low band
curve, the gain factor for a channel in the mid band may be determined using the mid band curve, and the gain factor
for a channel in the high band may be determined using the high band curve.
[0046] Although noise suppression may be performed by utilizing just one gain curve for the input signal (L = 1), the
use of multiple bands has been found to provide less voice quality degradation. In the case of environmental noise, such
as road and wind noise, the energy of the noise signal is greater at the lower frequencies, and the energy generally
decreases with increasing frequency.
[0047] In FIG. 3, a line equation with a fixed slope and a y-intercept is used to determine the gain factor for each band.
Determination of the gain factors may be described by the following relationships: 

[0048] The preferred embodiment assigns the low band as 125 - 375 Hz, the mid band as 375 - 2625 Hz, and the
high band as 2625 - 4000 Hz. The slopes and the y intercepts are experimentally determined. The preferred embodiment
uses the same slope, 0.39, for each of the three bands, although a different slope may be used for each frequency band.
Also, lowBandYintercept is set at -17 dB, midBandYintercept is set at -13 dB, and highBandYintercept is set at -13 dB.
[0049] An optional feature would provide the user of the device comprising the noise suppressor to select the desired
y-intercepts. Thus, more noise suppression (a lower y-intercept) may be chosen at the expense of some voice degra-
dation. Alternatively, the y-intercepts may be variable as a function of some measure determined by noise suppressor
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108. For example, more noise suppression (a lower y-intercept) may be desired when an excessive noise energy is
detected for a predetermined period of time. Alternatively, less noise suppression (a high y-intercept) may be desired
when a condition such as babble is detected. During a babble condition, background speakers are present, and less
noise suppression may be warranted to prevent cut out of the main speaker. Another optional feature would provide for
selectable slopes of the gain curves. Further, it should be understood that a curve other than the lines described by
equations (4)-(6) may be found to be more suitable for determining the gain factor under certain circumstances.
[0050] For each frame containing speech, a gain factor is determined for each of M frequency channels of the input
signal, where M is the predetermined number of channels to be evaluated. A preferred embodiment evaluates sixteen
channels (M=16). Referring again to FIG. 3, the gain factors for the channels having frequency components in the range
of the low band are determined using the low band curve. The gain factors for the channels having frequency components
in the range of the mid band are determined using the mid band curve. The gain factors for the channels having frequency
components in the range of the high band are determined using the high band curve.
[0051] For each channel evaluated, the channel SNR is used to derive the gain factor based on the appropriate curve.
The channel SNRs are shown, in FIG. 2, to be evaluated by channel energy estimator 206b, noise energy estimator
214b, and SNR estimator 210b. For each frame of input signal, channel energy estimator 206b generates energy
estimates for each of M channels of the transformed input signal, and provides the energy estimates to SNR estimator
210b. The channel energy estimates may be updated using the relationship of Equation (1) above. If it is determined
by speech decision element 216 that no speech is present in the input signal, then switch 218b is closed, and noise
energy estimator 214b updates the estimates of the channel noise energy. For each of the M channels, the updated
noise energy estimate is based on the channel energy estimate determined by channel energy estimator 206b. The
updated estimate may be evaluated using the relationship of Equation (3) above. The channel noise estimates are
provided to SNR estimator 210b. Thus, SNR estimator 210b determines channel SNR estimates for each frame of
speech based on the channel energy estimates for the particular frame of speech and the channel noise energy estimates
provided by noise energy estimator 214b.
[0052] An artisan skilled in the art would recognize that channel energy estimator 206a, noise energy estimator 214a,
switch 218a, and SNR estimator 210a perform functions similar to channel energy estimator 206b, noise energy estimator
214b, switch 218b, and SNR estimator 210b, respectively. Thus, although shown as separate processing elements in
FIG. 2, channel energy estimators 206a and 206b may be combined as one processing element, noise energy estimators
214a and 214b may be combined as one processing element, switches 218a and 218b may be combined as one
processing element, and SNR estimators 210a and 210b may be combined as one processing element. As combined
elements, the channel energy estimator would determine channel energy estimates for both the N channels used for
speech detection and the M channels used for determining channel gain factors. Note that it is possible for N = M.
Likewise, the noise energy estimator and the SNR estimator would operate on both the N channels and the M channels.
The SNR estimator then provides the N SNR estimates to speech decision element 216, and provides the M SNR
estimates to channel gain estimator 220.
[0053] The channel gain factors are provided by channel gain estimator 220 to gain adjuster 224. Gain adjuster 224
also receives the FFT transformed input signal from transform element 204. The gain of the transformed signal is
appropriately adjusted according to the channel gain factors. For example, in the embodiment described above wherein
M = 16, the transformed (FFT) points belonging to the particular one of the sixteen channels are adjusted based on the
appropriate channel gain factor.
[0054] The gain adjusted signal generated by gain adjuster 224 is then provided to inverse transform element 226,
which in a preferred embodiment generates the Inverse Fast Fourier Transform (IFFT) of the signal. The inverse trans-
formed signal is provided to post processing element 228. If the frames of input had been formed with overlapped
samples, then post processing element 228 adjusts the output signal for the overlap. Post processing element 228 also
performs deemphasis if the signal had undergone preemphasis. Deemphasis attenuates the frequency components
that were emphasized during preemphasis. The preemphasis/deemphasis process effectively contributes to noise sup-
pression by reducing the noise components lying outside of the range of the processed frequency components.
[0055] It should be understood that the various processing blocks of the noise suppressor shown in FIG. 2 may be
configured in a digital signal processor (DSP) or an application specific integrated circuit (ASIC). The description of the
functionality of the present invention would enable one of ordinary skill to implement the present invention in a DSP or
an ASIC without undue experimentation.
[0056] Referring now to FIG. 4, a flow chart is shown illustrating some of the steps involved in the processing as
discussed with reference to FIGS. 2 and 3. Although shown as consecutive steps, one skilled in the art would recognize
that ordering of some of the steps are interchangeable.
[0057] The process begins at step 402. At step 404, transform element 204 transforms the input audio signal into a
transformed signal, generally a FFT signal. At step 406, SNR estimator 210b determines the speech SNR for M channels
of the input signal based on the channel energy estimates provided by channel energy estimator 206b and the channel
noise energy estimates provided by noise energy estimator 214b. At step 408, channel gain estimator 220 determines
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gain factors for the M channels of the input signal based on the frequency of the channels. Channel gain estimator 220
sets the gain at a minimum level if speech has been found to be absent in the frame of input signal. Otherwise, a gain
factor is determined, for each of the M channels, based on a predetermined function. For example, referring to FIG. 3,
a function defined by line equations having fixed slopes and y-intercepts, wherein each line equation defines the gain
for a predetermined frequency band, may be used. At step 410, gain adjuster 224 adjusts the gain of the M channels
of the transformed signal using the M gain factors. At step 412, inverse transform element 226 inverse transforms the
gain adjusted transformed signal, producing the noise suppressed audio signal.
[0058] At step 414, SNR estimator 210a determines the speech SNR for N channels of the input signal based on the
channel energy estimates provided by channel energy estimator 206a and the channel noise energy estimates provided
by noise energy estimator 214a. At step 416, rate decision element 212 determines the encoding rate for the input signal
through analysis of the input signal. Alternatively, one or more mode measures, such as the NACF, may be determined.
At step 418, speech decision element 216 determines if speech is present in the input signal based on the SNR provided
by SNR estimator 210a, the rate provided by rate decision element 212, and/or the mode measure(s). If it is determined,
at decision black 420, that speech is not present, then the input signal is assumed to be entirely noise, and a noise
estimate update is performed by noise energy estimator 214a at step 422. Noise energy estimator 214a updates the
noise estimate based on the channel energy determined by channel energy estimator 206a. Whether or not speech is
detected, the procedure continues to process the next frame of the input signal.
[0059] The previous description of the preferred embodiments is provided to enable any person skilled in the art to
make or use the present invention. The scope of the invention is defined by the appended claims.

Claims

1. A noise suppressor (108) for suppressing the background noise of an audio signal, comprising:

a signal to noise ratio (SNR) estimator (210b) for generating channel SNR estimates for a first predefined set
of frequency channels of said audio signal;
a gain estimator (220) for generating a gain factor for each of said frequency channels based on a corresponding
one of said channel SNR estimates, wherein said gain factor is derived using a gain function which defines gain
factor as an increasing function of SNR;
a gain adjuster (224) for adjusting the gain level of each of said frequency channels based on said corresponding
gain factor; and
a speech detector (208) for determining the presence of speech in said audio signal,
characterised in that
said speech detector (208) comprises a speech decision element (216) for determining the presence of speech
in accordance with SNR estimates for a second predefined set of frequency channels of said audio signal, and
in accordance with either

a) an encoding rate of a set of encoding rates for the audio signal, or
b) at least one mode measure characterizing the audio signal.

2. The noise suppressor (108) of claim 1 wherein the speech detector (208) further comprises a further signal to noise
ratio (SNR) estimator (210a) for generating said SNR estimates for a second predefined set of frequency channels
of said audio signal.

3. The noise suppressor (108) of claim 2 wherein the speech detector (208) further comprises a rate decision element
(212) for determining said encoding rate of a set of encoding rates for the audio signal.

4. The noise suppressor (108) of claim 2 wherein the speech detector (208) further comprises a mode measurement
element for determining said at least one mode measure.

5. The noise suppressor (108) of any preceding claim wherein said mode measures comprise a normalized autocor-
relation function (NACF) measure.

6. The noise suppressor (108) of any preceding claim wherein said gain function is frequency dependent.

7. The noise suppressor (108) of any preceding claim wherein said gain function is implemented as a look-up table.
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8. The noise suppressor (108) of any preceding claim wherein said gain function is a linear function having a slope
and a y-intercept.

9. The noise suppressor (108) of claim 8, wherein said y-intercept is user selectable.

10. The noise suppressor (108) of claim 8, wherein said y-intercept is adjustable based on the measured characteristics
of noise in said audio signal.

11. The noise suppressor (108) of claim 8, wherein said slope is user selectable.

12. The noise suppressor (108) of claim 8 wherein said slope is adjustable based on the measured characteristics of
noise in said audio signal.

13. The noise suppressor (108) of any preceding claim, further comprising:

a noise energy estimator (214b) for generating an updated channel noise energy estimate for each of said
frequency channels when said speech detector (208) determines that speech is not present in said audio signal,
said updated channel noise energy estimates provided to said SNR estimator (210b) for generating said channel
SNR estimates.

14. The noise suppressor (108) of any preceding claim wherein said gain estimator (220) determines a minimum gain
factor for each of said frequency channels if said speech detector determines that speech is not present.

15. The noise suppressor (108) of any preceding claim wherein said gain estimator (220) comprises:

means for determining a gain factor for each of said frequency channels if said means for determining the
presence of speech determines that speech is present, wherein a gain function is defined for each of a set of
frequency bands, and for each said frequency band, gain factor is defined to increase with increasing SNR, so
that for each of said frequency channels, a channel gain factor is determined based on the gain function for the
frequency band whose range contains the frequency channel.

16. The noise suppressor (108) of any preceding claim further comprising:

means for transforming said audio signal into a frequency representation of said audio signal; and
means for inverse transforming said gain adjusted frequency representation to generate a noise suppressed
audio signal.

17. A method for suppressing the background noise of an audio signal, comprising the steps of:

generating channel SNR estimates for a first predefined set of frequency channels of said audio signal;
generating a gain factor for each of said frequency channels based on a corresponding one of said channel
SNR estimates, wherein said gain factor is derived using a gain function which defines gain factor as an increasing
function of SNR:

adjusting the gain level of each of said frequency channels based on said corresponding gain factor; and
determining the presence of speech in said audio signal,

characterised in that
the presence of speech is determined in accordance with SNR estimates for a second predefined set of frequency
channels of said audio signal and in accordance with either

a) an encoding rate of a set of encoding rates for the audio signal, or
b) at least one mode measure characterizing the audio signal.

18. The method of claim 17 further comprising the step of generating said SNR estimates for a second predefined set
of frequency channels of said audio signal.

19. The method of claim 18 further comprising the step of determining said encoding rate of a set of encoding rates for
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the audio signal.

20. The method of claim 18 further comprising the step of determining said at least one mode measure.

21. The method of any of claims 17 to 20, wherein said gain function is frequency dependent.

22. The method of any of claims 17 to 21 wherein said gain function is implemented as a look-up table.

23. The method of any of claims 17 to 22 wherein each of said gain functions is a linear function having a slope an a
y-intercept.

24. The method claim 23, wherein said y-intercept is user selectable.

25. The method of claim 23, wherein said y-intercept is adjustable based on the measured characteristics of noise in
said audio signal.

26. The method of claim 23, wherein said slope is user selectable.

27. The method of claim 23, wherein said slope is adjustable based on the measured characteristics of noise in said
audio signal.

28. The method of any of claims 17 to 27 further comprising the step of:

generating an updated channel noise energy estimate for each of said frequency channels when said step of
determining the presence of speech determines that speech is absent in said audio signal, said updated channel
noise energy estimates to be used for generating said channel SNR estimates.

29. The method of any of claims 17 to 28 further comprising the steps of:

transforming said audio signal into a frequency representation of said audio signal; and
inverse transforming said gain adjusted frequency representation to generate a noise suppressed audio signal.

30. The method of any of claims 17 to 29 wherein said step of generating a gain factor comprising the step of:

determining a gain factor for each of said frequency channels if speech is determined to be present in said
audio signal, wherein a gain function is defined for each of a set of frequency bands, and for each said frequency
band, gain is defined to increase with increasing SNR, so that for each of said frequency channels, a channel
gain factor is determined based on the gain function for the frequency band whose range contains the frequency
channel.

31. The method of any of claims 17 to 30 wherein said mode measures comprise a normalized autocorrelation function
(NACF) measure.

32. The method of any of claims 17 to 31 further comprising the step of:

determining a minimum gain factor for each of said frequency channels if speech is determined to be absent
in said audio signal.

Patentansprüche

1. Ein Rauschunterdrücker (108) zum Unterdrücken des Hintergrundrauschens eines Audiosignals, der folgendes
aufweist:

Ein Signal-zu-Rausch-Verhältnis bzw. SNR-Schätzelement (SNR = signal to noise ratio) (210b) zum Generieren
von Kanal-SNR-Schätzungen für einen ersten vordefinierten Satz von Frequenzkanälen des Audiosignals;
ein Verstärkungsschätzungselement (220) zum Generieren eines Verstärkungsfaktors für jeden der Frequenz-
kanäle basierend auf einer entsprechenden Schätzung der Kanal-SNR-Schätzungen, wobei der Verstärkungs-
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faktor hergeleitet wird unter Verwendung einer Verstärkungsfunktion, die den Verstärkungsfaktor als eine an-
steigende Funktion von SNR definiert;
ein Verstärkungsanpassungselement (224) zum Anpassen des Verstärkungspegels eines jeden Kanals der
Frequenzkanäle basierend auf den entsprechenden Verstärkungsfaktor;
ein Sprachdetektor (208) zum Bestimmen des Vorliegens von Sprache in dem Audiosignal, dadurch gekenn-
zeichnet, dass
der Sprachdetektor (208) ein Sprachentscheidungselement (216) zum Bestimmen des Vorliegens von Sprache,
gemäß der SNR-Schätzungen, für einen zweiten vordefinierten Satz von Frequenzkanälen des Audiosignals
aufweist, und zwar gemäß entweder

a) einer Codierungsrate aus einem Satz von Codierungsraten für das Audiosignal, oder
b) zumindest einer Modusmessung, die das Audiosignal charakterisiert.

2. Rauschunterdrücker (108) nach Anspruch 1, wobei der Sprachdetektor (208) weiterhin ein weiteres Signal-zu-
Rausch-Verhältnis bzw. SNR-Schätzelement (210) zum Generieren der SNR-Schätzungen für einen zweiten vor-
definierten Satz von Frequenzkanälen des Audiosignals aufweist.

3. Rauschunterdrücker (108) nach Anspruch 2, wobei der Sprachdetektor (208) weiterhin ein Ratenentscheidungs-
element (212) aufweist zum Bestimmen der Codierrate aus einem Satz von Codierraten für das Audiosignal.

4. Rauschunterdrücker (108) nach Anspruch 2, wobei der Sprachdetektor (208) weiterhin ein Modus-Messelement
aufweist zum Bestimmen der erwähnten mindestens einen Modusmessung.

5. Rauschunterdrücker (108) nach einem der vorhergehenden Ansprüche, wobei die Modusmessungen eine Messung
einer normalisierten Autokorrelationsfunktion (NACF = normalized autocorrelation function) aufweist.

6. Rauschunterdrücker (108) nach einem der vorhergehenden Ansprüche, wobei die Verstärkungsfunktion frequenz-
abhängig ist.

7. Rauschunterdrücker (108) nach einem der vorhergehenden Ansprüche, wobei die Verstärkungsfunktion als eine
Nachschlagetabelle implementiert ist.

8. Rauschunterdrücker (108) nach einem der vorhergehenden Ansprüche, wobei die Verstärkungsfunktion eine lineare
Funktion mit einer Steigung und einem y-Schnittpunkt bzw. Achsenabschnitt (intercept).

9. Rauschunterdrücker (108) nach Anspruch 8, wobei der y-Achsenabschnitt vom Benutzer auswählbar ist.

10. Rauschunterdrücker (108) nach Anspruch 8, wobei der y-Achsenabschnitt anpassbar ist basierend auf den gemes-
sen Charakteristiken des Rauschens in dem Audiosignal.

11. Rauschunterdrücker (108) nach Anspruch 8, wobei die Steigung vom Benutzer auswählbar ist.

12. Rauschunterdrücker (108) nach Anspruch 8, wobei die Steigung anpassbar ist basierend auf den gemessenen
Charakteristiken des Rauschens in dem Audiosignal.

13. Rauschunterdrücker (108) nach einem der vorhergehenden Ansprüche, der weiterhin folgendes aufweist:

ein Rauschenergieschätzelement (214b) zum Generieren einer aktualisierten Kanalrauschenergieschätzung
für jeden der Frequenzkanäle, wenn der Sprachdetektor (208) bestimmt, dass Sprache nicht in dem Audiosignal
vorliegt, wobei die aktualisierten Kanalrauschenergieschätzungen an das SNR-Schätzelement (210b) vorge-
sehen wird zum Generieren der Kanal-SNR-Schätzungen.

14. Rauschunterdrücker (108) nach einem der vorhergehenden Ansprüche, wobei das Verstärkungsschätzelement
(220) einen Minimalverstärkungsfaktor für jeden der Frequenzkanäle bestimmt, wenn der Sprachdetektor bestimmt,
dass Sprache nicht vorliegt.

15. Rauschunterdrücker (108) nach einem der vorhergehenden Ansprüche, wobei das Verstärkungsschätzelement
(220) folgendes aufweist:
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Mittel zum Bestimmen eines Verstärkungsfaktors für jeden der Frequenzkanäle, wenn die Mittel zum Bestimmen
des Vorliegens von Sprache bestimmen, dass Sprache vorliegt, wobei eine Verstärkungsfunktion für jedes
Frequenzband aus einem Satz von Frequenzbändern definiert ist, und für jedes Frequenzband ein Verstär-
kungsfaktor definiert ist, und zwar für einen Anstieg mit ansteigendem SNR, so dass für jeden Frequenzkanal
ein Kanalverstärkungsfaktor bestimmt wird basierend auf der Verstärkungsfunktion für das Frequenzband des-
sen Bereich den Frequenzkanal enthält.

16. Rauschunterdrücker (108) nach einem der vorhergehenden Ansprüche, der weiterhin folgendes aufweist:

Mittel zum Transformieren des Audiosignals in eine Frequenzdarstellung des Audiosignals; und
Mittel zum inversen Transformieren der verstärkungsangepassten Frequenzdarstellung, um ein rauschunter-
drücktes Audiosignal zu generieren.

17. Ein Verfahren zum Unterdrücken des Hintergrundrauschens eines Audiosignals, das folgende Schritte aufweist:

Generieren von Kanal-SNR-Schätzungen für einen ersten vordefinierten Satz von Frequenzkanälen des Au-
diosignals;
Generieren eines Verstärkungsfaktors für jeden der Frequenzkanäle basierend auf einer entsprechenden Schät-
zung der Kanal-SNR-Schätzungen, wobei der Verstärkungsfaktor hergeleitet wird unter Verwendung einer
Verstärkungsfunktion, die dem Verstärkungsfaktor als eine ansteigende Funktion von SNR definiert;
Anpassen des Verstärkungspegels eines jeden Frequenzkanals basierend auf dem entsprechenden Verstär-
kungsfaktor; und
Bestimmen des Vorliegens von Sprache in dem Audiosignal, dadurch gekennzeichnet, dass
das Vorliegen von Sprache gemäß SNR-Schätzungen für einen zweiten vordefinierten Satz von Frequenzka-
nälen des Audiosignals bestimmt wird, und gemäß entweder

a) einer Codierrate eines Satzes von Codierraten für das Audiosignal oder
b) mindestens einer Modusmessung, die das Audiosignal charakterisiert.

18. Verfahren nach Anspruch 17, das weiterhin den Schritt des Generierens der SNR-Schätzungen für einen zweiten
vordefinierten Satz von Frequenzkanälen des Audiosignals aufweist.

19. Verfahren nach Anspruch 18, das weiterhin den Schritt des Bestimmens der Codierrate aus einem Satz von Co-
dierraten für das Audiosignal aufweist.

20. Verfahren nach Anspruch 18, das weiterhin den Schritt des Bestimmens der mindestens einen Modusmessung
aufweist.

21. Verfahren nach einem der Ansprüche 17 bis 20, wobei die Verstärkungsfunktion frequenzabhängig ist.

22. Verfahren nach einem der Ansprüche 17 bis 21, wobei die Verstärkungsfunktion als eine Nachschlagetabelle im-
plementiert ist.

23. Verfahren nach einem der Ansprüche 17 bis 22, wobei jedem der Verstärkungsfunktionen eine lineare Funktion mit
einer Steigung und einem y-Achsenabschnitt ist.

24. Verfahren nach Anspruch 23, wobei der y-Achsenabschnitt durch einen Benutzer auswählbar ist.

25. Verfahren nach Anspruch 23, wobei der y-Achsenabschnitt anpassbar ist basierend auf den gemessenen Charak-
teristiken des Rauschens in dem Audiosignal.

26. Verfahren nach Anspruch 23, wobei die Steigung vom Benutzer auswählbar ist.

27. Verfahren nach Anspruch 23, wobei die Steigung anpassbar ist basierend auf den gemessenen Charakteristiken
des Rauschens in dem Audiosignal.

28. Verfahren nach einem der Ansprüche 17 bis 27, das weiterhin den folgenden Schritt aufweist:
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Generieren einer aktualisierten Kanalrauschenergieschätzung für einen jeden der Frequenzkanäle, wenn der
Schritt des Bestimmens des Vorliegens von Sprache bestimmt, dass Sprache nicht in dem Audiosignal vorliegt,
wobei die aktualisierten Kanalrauschenergieschätzungen dafür verwendet werden, die Kanal-SNR-Schätzun-
gen zu generieren.

29. Verfahren nach einem der Ansprüche 17 bis 28, das weiterhin folgende Schritte aufweist:

Transformieren des Audiosignals in einer Frequenzdarstellung des Audiosignals; und
inverses Transformieren der verstärkungsangepassten Frequenzdarstellung um ein rauschunterdrücktes Au-
diosignal zu generieren.

30. Verfahren nach einem der Ansprüche 17 bis 29, wobei der Schritt des Generierens eines Verstärkungsfaktors
folgenden Schritt aufweist:

Bestimmen eines Verstärkungsfaktors für jeden der Frequenzkanäle, wenn bestimmt wird, dass Sprache in
dem Audiosignal vorliegt, wobei eine Verstärkungsfunktion für jedes Frequenzband aus einem Satz von Fre-
quenzbändern definiert ist, und für jedes der Frequenzbänder die Verstärkung definiert ist, so dass sie mit
ansteigendem SNR ansteigt, so dass für jeden der Frequenzkanäle ein Kanalverstärkungsfaktor bestimmt wird
basierend auf der Verstärkungsfunktion für das Frequenzband, dessen Bereich den Frequenzkanal enthält.

31. Verfahren nach einem der Ansprüche 17 bis 30, wobei die Modusmessung eine Messung der normalisierten Auto-
korrelationsfunktionen (NACF) aufweist.

32. Verfahren nach einem der Ansprüche 17 bis 31, das weiterhin den Schritt des Bestimmens eines Minimalverstär-
kungsfaktors für jeden der Frequenzkanäle aufweist, und zwar wenn bestimmt wird, dass Sprache nicht in den
Audiosignal vorliegt.

Revendications

1. Suppresseur de bruit (108) pour supprimer le bruit de fond d’un signal audio comprenant :

un estimateur (210b) de rapport signal-sur-bruit (SNR) pour produire des estimations de SNR de canal pour
un premier ensemble prédéterminé de canaux de fréquence du signal audio ;
un estimateur de gain (220) pour produire un facteur de gain pour chacun des canaux de fréquence sur la base
de l’une correspondante des estimations de SNR de canal, dans lequel le facteur de gain est obtenu en utilisant
une fonction de gain qui définit un facteur de gain sous forme d’une fonction croissante du SNR ;
un moyen de réglage de gain (224) pour régler le niveau de gain de chacun des canaux de fréquence sur la
base du facteur de gain correspondant ; et
un détecteur de parole (208) pour déterminer la présence de parole dans le signal audio,
caractérisé en ce que le détecteur de parole (208) comprend un élément de décision de parole (216) pour
déterminer la présence de parole en fonction des estimations de SNR pour un second ensemble prédéterminé
de canaux de fréquence du signal audio et en fonction

a) du débit de codage d’un ensemble de débits de codage pour le signal audio, ou
b) d’au moins une mesure de mode caractérisant le signal audio.

2. Suppresseur de bruit (108) selon la revendication 1, dans lequel le détecteur de parole (208) comprend un autre
estimateur (210a) de rapport signal-sur-bruit (SNR) pour produire les estimations de SNR pour un second ensemble
prédéterminé de canaux de fréquence du signal audio.

3. Suppresseur de bruit (108) selon la revendication 2, dans lequel le détecteur de parole (208) comprend en outre
un élément de décision de débit (212) pour déterminer le débit de codage d’ensemble de débit de codage pour le
signal audio.

4. Suppresseur de bruit (108) selon la revendication 2, dans lequel le détecteur de parole (208) comprend en outre
un élément de mesure de mode pour déterminer ladite au moins une mesure de mode.
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5. Suppresseur de bruit (108) selon l’une quelconque des revendications précédentes, dans lequel les mesures de
mode comprennent une mesure de fonction d’auto-corrélation normalisée (NACF).

6. Suppresseur de bruit (108) selon l’une quelconque des revendications précédentes dans lequel la fonction de gain
dépend de la fréquence.

7. Suppresseur de bruit (108) selon l’une quelconque des revendications précédentes, dans lequel la fonction de gain
est mise en oeuvre sous forme d’une table.

8. Suppresseur de bruit (108) selon l’une quelconque des revendications précédentes, dans lequel la fonction de gain
est une fonction linéaire ayant une pente et un point d’intersection de l’axe y.

9. Suppresseur de bruit (108) selon la revendication 8, dans lequel l’intersection avec l’axe y est sélectionnable par
l’utilisateur.

10. Suppresseur de bruit (108) selon la revendication 8, dans lequel l’intersection avec l’axe y est ajustable sur la base
de la caractéristique de bruit mesurée dans le signal audio.

11. Suppresseur de bruit (108) selon la revendication 8, dans lequel la pente est sélectionnable par l’utilisateur.

12. Suppresseur de bruit (108) selon la revendication 8, dans lequel la pente est réglable sur la base de la caractéristique
de bruit mesurée dans le signal audio.

13. Suppresseur de bruit (108) selon l’une quelconque des revendications précédentes, comprenant en outre un esti-
mateur de bruit (214b) pour produire une estimation d’énergie de bruit de canal mise à jour pour chacun des canaux
de fréquence quand le détecteur de parole (208) détermine que de la parole n’est pas présente dans le signal audio,
les estimations d’énergie de bruit de canal mises à jour étant fournies par l’estimateur SNR (210b) pour produire
les estimations du SNR du canal.

14. Suppresseur de bruit (108) selon l’une quelconque des revendications précédentes, dans lequel l’estimateur de
gain (220) détermine un facteur de gain minimum pour chacun des canaux de fréquence si le détecteur de parole
détermine une absence de parole.

15. Suppresseur de bruit (108) selon l’une quelconque des revendications précédentes, dans lequel l’estimateur de
gain (220) comprend des moyens pour déterminer un facteur de gain pour chacun des canaux de fréquence si les
moyens pour déterminer la présence de parole déterminent que de la parole est présente, une fonction de gain
étant définie pour chacun d’un ensemble de bandes de fréquence et, pour chaque bande de fréquence, un facteur
de gain est défini pour augmenter avec un SNR croissant de sorte que, pour chacun des canaux de fréquence, un
facteur de gain de canal est déterminé sur la base de la fonction de gain pour la bande de fréquence dont la plage
contient le canal de fréquence.

16. Suppresseur de bruit (108) selon l’une quelconque des revendications précédentes, comprenant en outre :

des moyens pour transformer le signal audio en une représentation fréquentielle du signal audio ; et
des moyens de transformation inverse de la représentation fréquentielle ajustée en gain pour produire un signal
audio à bruit supprimé.

17. Procédé de suppression du bruit de fond d’un signal audio comprenant les étapes suivantes:

produire des estimations de SNR de canal pour un premier ensemble prédéterminé de canaux de fréquence
du signal audio;
produire un facteur de gain pour chacun des canaux de fréquence sur la base de l’une correspondante des
estimations de SNR de canal, le facteur de gain étant obtenu en utilisant une fonction de gain qui définit un
facteur de gain sous forme d’une fonction croissante du SNR ;
régler le niveau de gain de chacun des canaux de fréquence sur la base du facteur de gain correspondant ; et
déterminer la présence de parole dans le signal audio,
caractérisé en ce que la présence de parole est déterminée en fonction des estimations de SNR pour un
second ensemble prédéterminé de canaux de fréquence du signal audio et en fonction
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a) du débit de codage d’un ensemble de débit de codage pour le signal audio, ou
b) d’au moins une mesure de mode caractérisant le signal audio.

18. Procédé selon la revendication 17, comprenant en outre l’étape de production des estimations de SNR pour un
second ensemble prédéfini de canaux de fréquence du signal audio.

19. Procédé selon la revendication 18, comprenant en outre l’étape de détermination du débit de codage de l’ensemble
de débit de codage du signal audio.

20. Procédé selon la revendication 18, comprenant en outre l’étape de détermination de ladite au moins une mesure
de mode.

21. Procédé selon l’une quelconque des revendications 17 à 20, dans lequel la fonction de gain dépend de la fréquence.

22. Procédé selon l’une quelconque des revendications 17 à 21, dans lequel la fonction de gain est mise en oeuvre
sous forme d’une table.

23. Procédé selon l’une quelconque des revendications 17 à 22, dans lequel chacune des fonctions de gain est une
fonction linéaire ayant une pente et un point d’intersection avec l’axe y.

24. Procédé selon la revendication 23, dans lequel le l’intersection avec l’axe y est sélectionnable par l’utilisateur.

25. Procédé selon la revendication 23, dans lequel le l’intersection avec l’axe y est réglable sur la base des caractéris-
tiques de bruit mesurées dans le signal audio.

26. Procédé selon la revendication 23, dans lequel la pente est sélectionnable par l’utilisateur.

27. Procédé selon la revendication 23, dans lequel la pente est réglable sur la base des caractéristiques de bruit
mesurées dans le signal audio.

28. Procédé selon l’une quelconque des revendications 17 à 27, comprenant en outre l’étape consistant à produire une
estimation d’énergie de bruit de canal mise à jour pour chacun des canaux de fréquence quand l’étape de déter-
mination de la présence de parole détermine que de la parole est absente du signal audio, les estimations d’énergie
de bruit de canal mises à jour devant être utilisées pour produire des estimations de SNR de canal.

29. Procédé selon l’une quelconque des revendications 17 à 28, comprenant en outre les étapes suivantes :

transformer le signal audio en une représentation fréquentielle du signal audio ; et
transformer en inverse la représentation fréquentielle ajustée en gain pour produire un signal audio à bruit
supprimé.

30. Procédé selon l’une quelconque des revendications 17 à 29, dans lequel l’étape de génération d’un facteur de gain
comprend l’étape consistant à déterminer un facteur de gain pour chacun des canaux de fréquence si on détermine
la présence de parole dans le signal audio, une fonction de gain étant définie pour chacun d’un ensemble de bandes
de fréquence et, pour chaque bande de fréquence, un gain est défini pour augmenter avec un SNR croissant, de
sorte que, pour chacun des canaux de fréquence, un facteur de gain de canal est déterminé sur la base de la
fonction de gain pour la bande de fréquence dont la plage contient le canal de fréquence.

31. Procédé selon l’une quelconque des revendications 17 à 30, dans lequel les mesures de mode comprennent une
mesure de fonction d’auto-corrélation normalisée (NACF).

32. Procédé selon l’une quelconque des revendications 17 à 31, comprenant en outre l’étape consistant à déterminer
un facteur de gain minimum pour chacun des canaux de fréquence si de la parole est déterminée comme étant
absente du signal audio.
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