
EP 0 226 613 B1 Description Background of the Invention 5  1. Field of the
Invention The present invention relates generally to acoustic noise
suppression systems, and, more particularly, to an improved method and
means for suppressing environmental background noise from speech signals to
obtain speech quality enhancement. 10 2. Description of the Prior Art
Acoustic noise suppression systems generally serve the purpose of improving
the overall quality of the desired signal by distinguishing the signal from
the ambient background noise. More specifically, in speech 15
communications systems, it is highly desirable to improve the
signal-to-noise ratio (SNR) of the voice signal to enhance the quality of
speech. This speech enhancement process is particularly necessary in
environ- ments having abnormally high levels of ambient background noise,
such as an aircraft, a moving vehicle, or a noisy factory. A typical
application for noise suppression is in a hearing aid. Environmental
background noise is not 20  only annoying to the hearing-impaired, but
often interferes with their ability to understand speech. One method of
addressing this problem may be found In U.S. Patent No. 4,461,025, entitled
"Automatic Background Noise Suppressor." According to this approach, the
speech signal is enhanced by automati- cally suppressing the audio signal
in the absence of speech, and increasing the audio system gain when speech
is present. This variation of an automatic gain control (AGC) circuit
examines the incoming audio 26  waveform itself to determine if the desired
speech component is present. A second method for enhancing the
intelligiblity of speech in a hearing aid application is described in U.S.
Patent No. 4,454,609. This technique emphasizes the spectral content of
consonant sounds of speech to equalize the intensity of consonant sounds
with that of vowel sounds. The estimated spectral shape of the input speech
is used to modify the spectral shape of the actual speech signal so as to
produce an 30  enhanced output speech signal. For example, a control signal
may select one of a plurality of different filters having particularized
frequency responses for modifying the spectral shape of the input speech
signal, thereby producing an enhanced consonant output signal. A more
sophisticated approach to a noise suppression system implementation is the
spectral subtrac- tion -- or spectral gain modification --technique. Using
this approach, the audio input signal spectrum is 35  divided into
individual spectral bands by a bank of bandpass filters, and particular
spectral bands are attenuated according to their noise energy content. A
spectral subtraction noise suppression prefilter is described in R. J.
McAulay and M. L. Malpass, "Speech Enhancement Using a Soft-Decision Noise
Suppression Filter," IEEE Trans. Acoust., Speech, Signal Processing, vol.
ASSP-28, no. 2, (April 1980), pp. 137-145. This prefilter utilizes an
estimate of the background noise power spectral density to generate the 40
speech SNR, which, in turn, is used to compute a gain factor for each
individual channel. The gain factor is used as a pointer for a look-up
table to determine the attenuation for that particular spectral band. The
channels are then attenuated and recombined to produce the noise-suppressed
output waveform. However, in specialized applications involving relatively
high background noise environments, a more effective noise suppression
technique is being sought. For example, some cellular mobile radio
telephone 45 systems currently offer a vehicle speakerphone option
providing hands-free operation for the automobile driver. The mobile
hands-free microphone is typically located at a greater distance from the
user, such as being mounted overhead on the visor. The more distant
microphone delivers a much poorer signal-to-noise level to the land-end
party due to road and wind noise within the vehicle. Although the received
speech at the land end is usually intelligible, the high background noise
level can be very annoying. 50     Although the aforementioned prior art
techniques may perform sufficiently well under nominal back- ground noise
conditions, the performance of these approaches becomes severely limited
when used under such high background noise conditions. Utilizing typical
noise suppression systems, the noise level over most of the audio band can
be reduced by 10 dB without seriously affecting the voice quality. However,
when these prior art techniques are used in relatively high background
noise environments requiring noise 55  suppression levels approaching 20
dB, there is a substantial degradation in voice quality. A need, therefore,
exists for an improved acoustic noise suppression system which provides
sufficient background noise attenuation in high ambient noise environments
without significantly affecting the quality of the desired signal. 3    EP
0 226 613 B1 



Summary of the Invention Accordingly, it is an object of the present
invention to provide an improved system according to independent Claims 1
and 3 for suppressing background noise in high background noise
environments. 5     Another object of the present invention is to provide
an improved noise suppression system for speech communication which attains
the optimum compromise between noise suppression depth and voice quality
degradation. A more particular object of the present invention is to
provide a noise suppression system particularly adapted for use in
hands-free cellular mobile radio telephone applications. 10     A further
object of the present invention is to provide a low-cost acoustic noise
suppression system capable of being implemented in an eight-bit
microcomputer. Briefly described, the present invention is an improved
noise suppression system which performs speech quality enhancement by
attenuating the background noise from a noisy pre-processed input signal --
the speech-plus-noise signal available at the input of the noise
suppression system -- to produce a noise- 15 suppressed post-processed
output signal -- the speech-minus-noise signal provided at the output of
the noise suppression system -- by spectral gain modification. The noise
suppression system of the present Invention includes a means for separating
the input signal into a plurality of pre-processed signals representative
of selected frequency channels, and a means for modifying an operating
parameter, such as the gain, of each of these pre-processed signals
according to a modification signal to provide post- 20 processed
noise-suppressed output signals. The means for generating the modification
signal produces gain factors for each channel by automatically selecting
one of a plurality of gain table sets in response to the overall average
background noise level of the input signal, and by selecting one of a
plurality of gain values from each gain table in response to the individual
channel signal-to-noise ratio estimate. Thus, each individual channel gain
value is selected as a function of (a) the channel number, (b) the current
channel 25 SNR estimate, and (c) the overall average background noise
level. Accordingly, the noise suppression system of the present invention
utilizes post-processed signal energy -- signal energy available at the
output of the noise suppression system -- to generate a modification signal
to control the noise suppression parameters. It is these techniques of
implementing the post-processed signal to generate the modification signal,
and automatically selecting one of a plurality of gain table sets per the
average overall background 30 noise level, that allows the present
invention to perform acoustic noise suppression in high ambient noise
backgrounds with significantly less voice quality degradation. Brief
Description of the Drawings 35     The features of the present invention
which are believed to be novel are set forth with particularity in the
appended claims. The invention itself, however, together with further
objects and advantages thereof, may best be understood by reference to the
following description when taken in conjunction with the accom- panying
drawings, in which: Figure 1 is a block diagram of a basic noise
suppression system known in the art which illustrates the spectral gain
modification technique; Figure 2 is a block diagram of an alternate
implementation of a prior art noise suppression system illustrating the
channel filter-bank technique; Figure 3 is a block diagram of an improved
acoustic noise suppression system employing the background noise estimation
technique of the present invention; 45    Figure 4 is a block diagram of an
alternate implementation of the present invention utilizing simulated
post-processed signal energy to generate the background noise estimate;
Figure 5 is a detailed block diagram illustrating the preferred embodiment
of the improved noise suppression system according to the present
invention; Figure 6 is a flowchart illustrating the general sequence of
operations performed in accordance with the 50    practice of the present
invention; and Figure 7 is a detailed flowchart illustrating specific
sequences of operations shown in Figure 6. Description of the Preferred
Embodiment 55     Referring now to the accompanying drawings, Figure 1
illustrates the general principle of spectral subtraction noise suppression
as known in the art. A continuous time signal containing speech plus noise
is applied to input 102 of noise suppression system 100. This signal is
then converted to digital form by analog-to-digital converter 105. The
digital data is then segmented into blocks of data by the windowing 4    EP
0 226 613 B1 operation (e.g., Hamming, Hanning, or Kaiser windowing
techniques) performed by window 110. The choice of the window is similar to
the choice of the filter response in an analog spectrum analysis. The noisy



speech signal is then converted into the frequency domain by Fast Fourier
Transform (FFT) 115. The power spectrum of the noisy speech signal is
calculated by magnitude squaring operation 120, and applied to 5
background noise estimator 125 and to power spectrum modifier 130. The
background noise estimator performs two functions: (1) it determines when
the incoming speech- plus-noise signal contains only background noise; and
(2) it updates the old background noise power spectral density estimate
when only background noise is present. The current estimate of the
background noise power spectrum is subtracted from the speech-plus-noise
power spectrum by power spectrum 10 modifier 130, which ideally leaves only
the power spectrum of clean speech. The square root of the clean speech
power spectrum is then calculated by magnitude square root operation 135.
This magnitude of the clean speech signal is added to phase information 145
of the original signal, and converted from the frequency domain back into
the time domain by Inverse Fast Fourier Transform (IFFT) 140. The discrete
data segments off the clean speech signal are then applied to
overlap-and-add operation 150 to reconstruct is the processed signal. This
digital signal is then re-converted by digital-to-analog converter 155 to
an analog waveform available at output 158. Thus, an acoustic noise
suppression system employing the spectral subtraction technique requires an
accurate estimate of the current background noise power spectral density to
perform the noise cancellation function. One drawback of the Fourier
Transform approach of Figure 1 is that it is a digital signal processing 20
technique requiring considerable computational power to implement the noise
suppression system in the frequency domain. Another disadvantage of the FFT
approach is that the output signal is delayed by the time required to
accumulate the samples for the FFT calculation. An alternate implementation
of a spectral subtraction noise suppression system is the channel filter-
bank technique illustrated in Figure 2. In noise suppression system 200,
the speech-plus-noise signal 25 available at input 205 is separated into a
number of selected frequency channels by channel divider 210. The gain of
these individual pre-processed speech channels 215 is then adjusted by
channel gain modifier 250 in response to modification signal 245 such that
the gain of the channels exhibiting a low speech-to- noise ratio is
reduced. The individual channels comprising post-processed speech 255 are
then recombined in channel combiner 260 to form the noise-suppressed speech
signal available at output 265. 30     Channel divider 210 is typically
comprised of a number N of contiguous bandpass filters. The filters overlap
at the 3 dB points such that the reconstructed output signal exhibits less
than 1 dB of ripple in the entire voice frequency range. In the present
embodiment, 14 Butterworth bandpass filters are used to span the frequency
range 250-3400 Hz., although any number and type of filters my be used.
Also, in the preferred embodiment, the filter-bank of channel divider 210
is digitally implemented. This particular 35 implementation will
subsequently be described in Figures 6 and 7. Channel gain modifier 250
serves to adjust the gain of each of the individual channels containing
pre- processed speech 215. This modification is performed by multiplying
the amplitude of the pre-processed input signal in a particular channel by
its corresponding channel gain value obtained from modification signal 245.
The channel gain modification function may readily be implemented in
software utilizing digital 40  signal processing (DSP) techniques.
Similarly, the summing function of channel combiner 260 may be implemented
either in software, using DSP, or in hardware utilizing a summation circuit
to combine the N post-processed channels into a single post-processed
output signal. Hence, the channel filter-bank technique separates the noisy
input signal into individual channels, attenuates those channels having a
low speech-to-noise ratio, and recombines the 46 individual channels to
form a low-noise output signal. The individual channels comprising
pre-processed speech 215 are also applied to channel energy estimator 220
which serves to generate energy envelope values E[err] for each channel.
These energy values, which comprise channel energy estimate 225, are
utilized by channel noise estimator 230 to provide an SNR estimate X[err]
for each channel. The SNR estimates 235 are then fed to channel gain
controller 50 240 which provides the individual channel gain values G[err]
comprising modification signal 245. Channel energy estimator 220 is
comprised of a set of N energy detectors to generate an estimate of the
pre-processed signal energy in each of the N channels. Each energy detector
may consist of a full-wave rectifier, followed by a second-order
Butterworth low-pass filter, possibly followed by another full-wave
rectifier. The preferred embodiment of the invention utilizes DSP
implementation techniques in software, 55 although numerous other
approaches may be used. An appropriate DSP algorithm is described in
Chapter 11 of L. R. Rabiner and B. Gold, Theory and Application of Digital
Signal Processing, (Prentice Hall, Englewood Cliffs, N.J., 1975). 5    EP 0
226 613 B1 



Channel noise estimator 230 generates SNR estimates X[err]  by comparing
the individual channel energy estimates of the current input signal energy
(signal) to some type of current estimate of the background noise energy
(noise). This background noise estimate may be generated by performing a
channel energy measurement during the pauses in human speech. Thus, a
background noise estimator 5  continuously monitors the input speech signal
to locate the pauses in speech such that the background noise energy can be
measured during that precise time segment. A channel SNR estimator compares
this background noise estimate to the input signal energy estimate to form
signal-to-noise estimates on a per- channel basis. In the present
embodiment, this SNR comparison is performed as a software division of the
channel energy estimates by the background noise estimates on an individual
channel basis. 10     Channel gain controller 240 generates the individual
channel gain values of the modification signal 245 in response to SNR
estimates 235. One method of selecting gain values is to compare the SNR
estimate with a preselected threshold, and to provide for unity gain when
the SNR estimate is below the threshold, while providing an increased gain
above the threshold. A second approach is to compute the gain value as a
function of the SNR estimate such that the gain value corresponds to a
particular mathematical 15 relationship to the SNR (i.e., linear,
logarithmic, etc.). The present embodiment uses a third approach, that of
selecting the channel gain values from a channel gain table set comprised
of empirically determined gain values. This approach will be fully
described in conjunction with Figure 5. As noted above, the background
noise estimate may be generated by performing a measurement of the
pre-processed signal energy during the pauses in human speech. Accordingly,
the background noise 20 estimator must accurately locate the pauses in
speech by performing a speech/noise decision to control the time in which a
background noise energy measurement is performed. Previous methods for
making the speech/noise decision have heretofore been implemented by
utilizing input signal energy -- the signal-plus- noise energy available at
the input of the noise suppression system. This practice of using the input
signal places inherent limitations upon the effectiveness of any background
noise estimation technique. These 25 limitations are due to the fact that
the energy characteristics of unvoiced speech sounds are very similar to
the energy characteristics of background noise. In a relatively high
background noise environment, the speech/noise decision process becomes
very difficult and, consequently, the background noise estimate becomes
highly inaccurate. This inaccuracy directly affects the performance of the
noise suppression system as a whole. 30    If, however, the speech/noise
decision of the background noise estimate were based upon output signal
energy -- the signal energy available at the output of the noise
suppression system -- then the accuracy of the speech/noise decision
process would be greatly enhanced by the noise suppression system itself.
In other words, by utilizing post-processed speech -- the speech energy
available at the output of the noise suppression system -- the background
noise estimator operates on a much cleaner speech signal such that 35 a
more accurate speech/noise classification can be performed. The present
invention teaches this unique concept of implementing post-processed speech
signal to base these speech/noise decisions upon. Accordingly, more
accurate determinations of the pauses in speech are made, and better
performance of the noise suppressor is achieved. This novel technique of
the present invention is illustrated in Figure 3, which shows a simplified
block 40  diagram of improved acoustic noise suppression system 300.
Channel divider 210, channel gain modifier 250, channel combiner 260,
channel gain controller 240, and channel energy estimator 220 remain
unchanged from noise suppression system 200. However, channel noise
estimator 230 of Figure 2 has been replaced by channel SNR estimator 310,
background noise estimator 320, and channel energy estimator 330. In
combination, these three elements generate SNR estimates 235 based upon
both pre-processed 45 speech 215 and post-processed speech 255. Operation
and construction of channel energy estimator 330 is identical to that of
channel energy estimator 220, with the exception that post-processed speech
255, rather than pre-processed speech 215, is applied to its input. The
post-processed channel energy estimates 335 are used by background noise
estimator 320 to perform the speech/noise decision. 50    In generating
background noise estimate 325, two basic functions must be performed.
First, a determination must be made as to when the incoming
speech-plus-noise signal contains only background noise -- during the
pauses in human speech. This speech/noise decision is performed by
periodically detecting the minima of post-processed speech signal 255,
either on an individual channel basis or an overall combined-channel basis.
Secondly, the speech/noise decision is utilized to control the time at
which 55 the background noise energy measurement is taken, thereby
providing a mechanism to update the old background noise estimate. A
background noise estimate is performed by generating and storing an
estimate of the background noise energy of pre-processed speech 215
provided by pre-processed channel energy estimate 225. Numerous methods may
be used to detect the minima of the post-processed signal 6  



EP 0226 613 B1 energy, or to generate and store the estimate of the
background noise energy based upon the pre- processed signal. The
particular approach used in the present embodiment for performing these
functions will be described in conjunction with Figure 6. Channel SNR
estimator 310 compares background noise estimate 325 to channel energy
estimates 225 5  to generate SNR estimates 235. As previously noted, this
SNR comparison is performed in the present embodiment as a software
division of the channel energy estimates (signal-plus-noise) by the
background noise estimates (noise) on an individual channel basis. SNR
estimates 235 are used to select particular gain values from a channel gain
table comprised of empirically determined gains. It is this method of more
accurately controlling the time at which the background noise measurement
is 10 performed, by basing the time determination upon post-processed
speech energy, that provides a more accurate measurement of the
pre-processed speech for the background noise estimate. Consequently, the
performance of the entire noise suppression system is improved by deriving
the speech/noise decision from post-processed speech. Figure 4 is an
alternate implementation of the present invention illustrating how the
post-processed 15 speech energy, used by the background noise estimator,
may be obtained in a different manner. Post- processed speech energy may be
"simulated" by multiplying pre-processed channel energy estimates 225,
obtained from channel energy estimator 220, by the channel gain values of
modification signal 245, obtained from channel gain controller 240. This
multiplication is performed on a per-channel basis in background noise
estimator 420, thereby providing a plurality of background noise estimates
325 to channel 20 SNR estimator 310. In the present embodiment, this
multiplication process is performed by an energy estimate modifier
incorporated in background noise estimator 420. Alternatively, this
simulated post- processed speech may be provided by an external
multiplication block, or by other modification means. The advantage of
providing simulated post-processed speech energy to the background noise
estimator is that a second channel energy estimator (320) is no longer
required. Channel energy estimator 220 25 provides pre-processed speech
energy estimates 225 for each channel which, when multiplied by the
individual channel gain factors, represent post-processed speech energy
estimates 335 normally provided by post-processed channel energy estimator
330. Therefore, the function of one channel energy estimator block may be
saved at the expense of some type of energy estimate modification block.
Depending on the system configuration and implementation, the advantage of
using simulated post-processed speech 30 (provided by a modification block)
versus post-processed speech (obtained directly from the output) may be
significant. Figure 5 is a detailed block diagram of the preferred
embodiment of the present invention. Improved noise suppression system 500
incorporates numerous useful noise suppression techniques: (a) the channel
filter-bank noise suppression technique illustrated in Figure 2; (b) the
simulated post-processed speech 35 energy technique for background noise
estimation as shown in Figure 4; (c) the energy valley detector technique
for performing the speech/noise decision; (d) a novel technique for
selecting gain values from multiple gain tables according to overall
background noise level; and (e) a new method of smoothing the gain factors
on a per-sample basis. Referring now to Figure 5, analog-to-digital
converter 510 samples the noisy speech signal at input 205 40 every 125
microseconds. This digital signal is then applied to pre-emphasis filter
520 which provides approximately  dB per-octave pre-emphasis to the signal
before it is separated into channels. Pre- emphasis is used because both
high frequency noise and high frequency voice components are normally lower
in energy level as compared to low frequency noise and voice. The
pre-emphasized signal is then applied to channel divider 210, which
separates the input signal into N signals representative of selected 45
frequency channels. These N channels comprising pre-processed speech 215
are then applied to channel energy estimator 220 and channel gain modifier
250, as previously described. After gain modification, the individual
channels comprising post-processed speech 255 are summed by channel
combiner 260 to form a single post-processed output signal. This signal is
then de-emphasized at approximately 6 dB per-octave by de-emphasis network
540 before being re-converted to an analog waveform by digital-to-analog
converter so 550. The noise-suppressed (clean) speech signal is then
available at output 265. The energy in each of the N channels is measured
by channel energy estimator 220 to produce channel energy estimates 225.
These energy envelope values are applied to three distinct blocks. First,
the pre-processed signal energy estimates are multiplied by raw channel
gain values 535 in energy estimate modifier 560. This multiplication serves
to simulate post-processed energy by performing essentially the 55 same
function as channel gain modifier 250 -- except on a channel energy level
rather than on a channel signal level. The individual simulated
post-processed channel energy estimates from energy estimate modifier 560
are applied to channel energy combiner 565 which provides a single overall
energy estimate 



for energy valley detector 570. Channel energy combiner 565 may be omitted
if multiple valley detectors 7    EP 0 226 613 B1 are utilized on a
per-channel basis and the valley detector output signals are combined.
Energy valley detector 570 utilizes the overall energy estimate from
combiner 565 to detect the pauses in speech. This is accomplished in three
steps. First, an initial valley level is established. If background noise
estimator 420 has not previously been initialized, then an initial valley
level is created which would 5 correspond to a high background noise
environment. Otherwise, the previous valley level is maintained as its
post-processed background noise energy history. Next, the previous (or
initialized) valley level is updated to reflect current background noise
conditions. This is accomplished by comparing the previous valley level to
the single overall energy estimate from combiner 565. A current valley
level is formed by this updating process, which will be described in detail
in Figure 7. The third step performed by energy valley 10 detector 570 is
that of making the actual speech/noise decision. A preselected valley
offset is added to the updated current valley level to produce a noise
threshold level. Then the single overall post-processed energy estimate is
again compared, only this time to the noise threshold level. When this
energy estimate is less than the noise threshold level, energy valley
detector 570 generates a speech/noise control signal (valley detect signal)
indicating that no voice is present. 15     The second use for
pre-processed energy estimates 225 is that of updating the background noise
estimate. During the pauses in the simulated post-processed speech signal,
as determined by a positive valley detect signal from energy valley
detector 570, channel switch 575 is closed to allow pre-processed speech
energy estimates 225 to be applied to smoothing filter 580. The smoothed
energy estimates at the output of smoothing filter 580 are stored in energy
estimate storage register 585. Elements 580 and 585, 20 connected as shown,
form a recursive filter which provide a time-averaged value of each
individual speech energy estimate. This smoothing ensures that the current
background noise estimates reflect the average background noise estimates
stored in storage register 585, as opposed to the instantaneous noise
energy estimates available at the output of switch 575. Thus, a very
accurate background noise estimate 325 is continuously available for use by
the noise suppression system. 25    If no previous background noise
estimate exists in energy estimate storage register 585, the register is
preset with an initialization value representing a background noise
estimate approximating that of a low noise input. Initially, no noise
suppression is being performed. As a result, energy valley detector 570 is
performing speech/noise decisions on speech energy which has not yet been
processed. Eventually, valley detector 30 570 provides rough speech/noise
decisions to activate channel switch 575, which causes the initialized
background noise estimate to be updated. As the background noise estimate
is updated, the noise suppressor begins to process the input speech energy
by suppressing the background noise. Con- sequently, the post-processed
speech energy exhibits a slightly greater signal-to-noise ratio for the
valley detector to utilize in making more accurate speech/noise
classifications. After the system has been in 35 operation for a short
period of time (e.g., 100-500 milliseconds), the valley detector is
operating on an improved SNR speech signal. Thus, reliable speech/noise
decisions control switch 575, which, in turn, permit energy estimate
storage register 585 to very accurately reflect the background noise power
spectrum. It is this "bootstrapping technique" --updating the
initialization values with more accurate background noise estimates -- that
allows the present invention to generate very accurate background noise
estimates for an acoustic noise suppression system. The third use for
pre-processed channel energy estimates 225 is for application to channel
SNR estimator 310. As previously noted, these estimates represent
signal-plus-noise for comparison to back- ground noise estimate 325,
representing noise only. This signal-to-noise comparison is performed as a
software division in channel SNR estimator 310 to produce channel SNR
estimates 235. These SNR 45 estimates are used to select particular channel
gain values comprising modification signal 245. Gain tables generally
provide nonlinear mapping between the channel SNR inputs X[err] and the
channel gain outputs G[err]. A gain table is basically a two-dimensional
array of empirically-determined gain values. These channel gain values are
typically selected as a function of two variables: (a) the individual
channel number N; and (b) the individual SNR estimate [err]. When voice is
present in an individual 50 channel, the channel signal-to-noise ratio
estimate will be high. A large SNR estimate XN would result in a channel
gain value G[err] approaching a maximum value (i.e., 1 in the present
embodiment). The amount of the gain rise may be designed to be dependent
upon the detected SNR -- the greater the SNR, the more the individual
channel gain will be raised from the base gain (all noise). If only noise
is present in the individual channel, the SNR estimate will be low, and the
gain for that channel will be reduced, approaching 



55 a minimum base gain value (i.e., 0 ). Voice energy does not appear in
all of the channels at the same time, so the channels containing a low
voice energy level will be suppressed from the voice energy spectrum.
However, in unusually high background noise environments requiring noise
suppression levels of approximately 20 dB, different noise suppression gain
factors must be chosen to correspond to such levels. 8    EP 0 226 613 B1
Furthermore, in certain applications exhibiting changing noise
environments, the gain factors chosen for one background noise level may
significantly degrade the voice quality when used with a different
background noise level. This problem is particularly evident in automobile
environments where inappropriate gain factors can cause a loss of low
frequency voice components, which makes voices sound "thin" under high
noise 5  suppression. The present embodiment solves this problem by
selecting the channel gain values as a function of three variables by
channel gain controller 240. The first variable is that of individual
channel number 1 through N, such that a low frequency channel gain factor
may be selected independently from that of a high frequency channel. The
second variable is the individual channel SNR estimate. These two variables
10  perform the basis of spectral gain modification noise suppression,
since the individual channels containing a low signal-to-noise ratio
estimate will be suppressed from the voice spectrum. The third variable is
that of overall average background noise level of the input signal. This
third variable permits automatic selection of one of a plurality of gain
tables, each gain table containing a set of empirically determined channel
gain values which can be selected as a function of the other two variables.
15  This gain table selection technique allows a wider choice of channel
gain values, depending on the particular background noise environment. For
example, a separate gain table set with different nonlinear relationships
between the low frequency and high frequency gain values may be desired in
a particular background noise environment, allowing the noise-suppressed
speech to sound more normal. This tech- nique is particularly useful in
automobile environments, where a loss of low frequency voice components 20
makes voices sound thin under high noise suppression. Again referring to
Figure 5, the overall average background noise level is determined by
applying the current valley level 525 from energy valley detector 570 to
noise level quantizer 555. The output of quantizer 555 is used to select
the appropriate gain table set for the given noise environment. Noise level
quantization is required since the current valley level is a continuously
varying parameter, whereas only a 25  discrete number of gain table sets
are available from which to choose gain values. Noise level quantizer 555
utilizes hysteresis to determine a particular gain table set from a range
of current valley levels, as opposed to a static (strictly linear)
threshold selection mechanism. The gain table selection signal, output from
noise level quantizer 555, is applied to gain table switch 595 to implement
the gain table selection process. Accordingly, one of a plurality of gain
table sets 590 30  may be chosen as a function of overall average
background noise level. Each gain table set has selected individual channel
gain values corresponding to various individual channel SNR estimates 235.
In the present embodiment, three gain table sets are utilized, representing
low, medium, or high background noise levels. However, any number of gain
table sets may be used and any organization of channel gain values may be
implemented. 35     The raw channel gain values 535, available at the
output of switch 595, are applied to gain smoothing filter 530 and to
energy estimate modifier 560. As noted above, these raw gain values are
used by energy estimate modifier 560 to produce simulated post-processed
speech energy estimates. Gain smoothing filter 530 provides smoothing of
raw gain values 535 on a per-sample basis for each individual channel. This
per-sample smoothing of the noise suppression gain factors significantly
improves 40  noise flutter performance caused by step discontinuities in
frame-to-frame gain changes. Different time constants for each channel are
used to compensate for the different gain table sets employed. The gain
smoothing filter algorithm will be described later. These smoothed gain
values comprise modification signal 245 which is applied to channel gain
modifier 250. As previously described, the channel gain modifier performs
spectral gain modification noise suppression by reducing the relative gain
of the noisy channels. 45     Figure 6a/b is a flowchart illustrating the
overall operation of the present invention. The flowchart of Figure 6a/b
corresponds to improved noise suppression system 500 of Figure 5. This
generalized flow diagram is subdivided into three functional blocks: noise
suppression loop 604 -- further described in detail in Figure 7a; automatic
gain selector 615 -- described in more detail in Figure 7b; and automatic
background noise estimator 621 -- illustrated in Figures 7c and 7d. so
The operation of the improved noise suppression system of the present
invention begins with Figure 6a at initialization block 601. When the
system is first powered-up, no old background noise estimate exists in 



energy estimate storage register 585, and no noise energy history exists in
energy valley detector 570. Consequently, during initialization 601,
storage register 585 is preset with an initialization value representing a
background noise estimate value corresponding to a clean speech signal at
the input. Similarly, energy 55  valley detector 570 is preset with an
initialization value representing a valley level corresponding to a noisy
speech signal at the input. Initialization block 601 also provides initial
sample counts, channel counts, and frame counts. For the purposes of the
following discussion, a sample period is defined as 125 microseconds
corresponding to an 9    EP0226613B1 8 KHz sampling rate. The frame period
is defined as being a 10 millisecond duration time interval to which the
input signal samples are quantized. Thus, a frame corresponds to 80 samples
at an 8 KHz sampling rate. Initially, the sample count is set to zero.
Block 602 increments the sample count by one, and a noisy 5  speech sample
is input from A/D converter 510 in block 603. The speech sample is then
pre-emphasized by pre-emphasis network 520 in block 605. Following
pre-emphasis, block 606 initializes the channel count to one. Decision
block 607 then tests the channel count number. If the channel count is less
than the highest channel number N, the sample for that channel is bandpass
filtered, and the signal energy for that channel is estimated in block 608.
The 10  result is saved for later use. Block 609 smoothes the raw channel
gain for the present channel, and block 610 modifies the level of the
bandpass-filtered sample utilizing the smoothed channel gain. The N
channels are then combined (also in block 610) to form a single processed
output speech sample. Block 611 increments the channel count by one and the
procedure in blocks 607 through 611 is repeated. If the result of the
decision in 607 is true, the combined sample is de-emphasized in block 612
and 15 output as a modified speech sample in block 613. The sample count is
then tested in block 614 to see if all samples in the current frame have
been processed. If samples remain, the loop consisting of blocks 602
through 613 is re-entered for another sample. If all samples in the current
frame have been processed, block 614 initiates the procedure of block 615
for updating the individual channel gains. Continuing with Figure 6b, block
616 initiates the channel counter to one. Block 617 tests if all channels
20 have been processed. If this decision is negative, block 618 calculates
the index to the gain table for the particular channel by forming an SNR
estimate. This index is then utilized in block 619 to obtain a channel gain
value from the look-up table. The gain value is then stored for use in
noise suppression loop 604. Block 620 then increments the channel counter,
and block 617 rechecks to see if all channel gains have been updated. If
this decision is affirmative, the background noise estimate is then updated
in block 621. 25     To update the background noise estimate, the present
invention first simulates post-processed energy in block 622 by multiplying
the updated raw channel gain value by the pre-processed energy estimate for
that channel. Next, the simulated post-processed energy estimates are
combined in block 623 to form an overall channel energy estimate for use by
the valley detector. Block 624 compares the value of this overall
post-processed energy estimate to the previous valley level. If the energy
value exceeds the previous valley 30  level, the previous valley level is
updated in block 626 by increasing the level with a slow time constant.
This occurs when voice, or a higher background noise level, is present. If
the output of decision block 624 is negative (post-processed energy less
than previous valley level), the previous valley level is updated in block
625 by decreasing the level with a fast time constant. This previous valley
level decrease occurs when minimal background noise is present.
Accordingly, the background noise history is continually 35  updated by
slowly increasing or rapidly decreasing the previous valley level towards
the current post- processed energy estimate. Subsequent to the updating of
the previous valley level (block 625 or 626), decision block 627 tests if
the current post-processed energy value exceeds a predetermined noise
threshold. If the result of this comparison is negative, a decision that
only noise is present is made, and the background noise spectral estimate
is updated in block 628. This corresponds to the closing of channel switch
575. If the result of the test is affirmative, indicating that speech is
present, the background noise estimate is not updated. In either case, the
operation of background noise estimator 621 ends when the sample count is
reset in block 629 and the frame count is incremented in block 630.
Operation then proceeds to block 602 to begin noise suppression on the next
frame of speech. 45     The flowchart of Figure 7a illustrates the specific
details of the sequence of operation of noise suppression loop 604. For
every sample of input speech, block 701 pre-emphasizes the sample by
implementing the filter described by the equation: Y(nT) = X(nT)-K[err]
[X((n-1)T)] 



50 where Y(nT) is the output of the filter at time nT, T is the sample
period, X(nT) and X((n-1)T) are the input samples at times nT and (n-1)T
respectively, and the pre-emphasis coefficient K[err] is 0.9375. As
previously noted, this filter pre-emphasizes the speech sample at
approximately + 6 dB per-octave. Block 702 sets the channel count equal to
one, and initializes the output sample total to zero. Block 703 56 tests to
see if the channel count is equal to the total number of channels N. If
this decision is negative, the noise suppression loop begins by filtering
the speech sample through the bandpass filter corresponding to the present
channel count. As noted earlier, the bandpass filters are digitally
implemented using DSP techniques such that they function as 4-pole
Butterworth bandpass filters. 10    EP0226613B1 The speech sample output
from bandpass filter(cc) is then full-wave rectified in block 705, and
low-pass filtered in block 706, to obtain the energy envelope value
E([err]) for this particular sample. This channel energy estimate is then
stored by block 707 for later use. As will be apparent to those skilled in
the art, energy envelope value E[err]) is actually an estimate of the
square root of the energy in the channel. 5     Block 708 obtains the raw
gain value RG for channel cc and performs gain smoothing by means of a
first order IIR filter, implementing the equation: G(nT) = G((n-l)T) +
K2(cc)(RG(nT)-G(n-1)T) 10 where G(nT) is the smoothed channel gain at time
nT, T is the sample period, G((n-1)T) is the smoothed channel gain at time
(n-1)T, RG(nT) is the computed raw channel gain for the last frame period,
and K[err](cc) is the filter coefficient for channel cc. This smoothing of
the raw gain values on a per-sample basis reduces the discontinuities in
gain changes, thereby significantly improving noise flutter performance.
Block 709 multiplies the filtered sample obtained in block 704 by the
smoothed gain value for channel 15  cc obtained from block 708. This
operation modifies the level of the bandpass filtered sample using the
current channel gain, corresponding to the operation of channel gain
modifier 250. Block 710 then adds the modified filter sample for channel cc
to the output sample total, which, when performed N times, combines the N
modified bandpass filter outputs to form a single processed speech sample
output. The operation of block 710 corresponds to channel combiner 260.
Block 711 increments the channel count by one and the 20  procedure in
blocks 703 through 711 is then repeated. If the result of the test in 703
is true, the output speech sample is de-emphasized at approximately -6 dB
per-octave in block 712 according to the equation: Y(nT) = X(nT) + K[err]
[Y((n-1)T)] 25 where X(nT) is the processed sample at time nT, T is the
sample period, Y(nT) and Y((n-1)T) are the de- emphasized speech samples at
times nT and (n-1)T respectively, and K[err] is the de-emphasis coefficient
which hag a value of 0.9375. The de-emphasized processed speech sample is
then output to the D/A converter block 613. Thus, the noise suppression
loop of Figure 7a illustrates both the channel filter-bank 30  noise
suppression technique and the per-sample channel gain smoothing technique.
The flowchart of Figure 7b more rigorously describes the detailed operation
of automatic gain selector block 615 of Figure 6. Following processing of
all speech samples in a particular frame, the operation is turned over to
block 615 which serves to update the individual channel gains. First of
all, the channel count (cc) is set to one in block 720. Next, decision
block 721 tests if all channels have been processed. If not, 35  operation
proceeds with block 722 which calculates the signal-to-noise ratio for the
particular channel. As previously mentioned, the SNR calculation is simply
a division of the per-channel energy estimates (signal- plus-noise) by the
per-channel background noise estimates (noise). Therefore, block 722 simply
divides the current stored channel energy estimate from block 707 by the
current background noise estimate from block 628 according to the equation:
40 Index (cc) = [current frame energy for channel cc] / [background noise
estimate for channel cc]. The current valley level, 525 of Figure 5, is
then quantized in block 723 to produce a digital gain table selection
signal from an analog valley level. Hysteresis is used in quantizing the
valley level, since the gain 45 table selection signal should not be
responsive to minimal changes in current valley level. In block 724, the
particular gain table to be indexed is chosen. In the present embodiment,
the quantized value of the current valley level generated in block 723 is
used to perform this selection. However, any method of gain table selection
may be used. The SNR index calculated in block 722 is used in block 725 to
look up the raw channel gain value from 50 the appropriate gain table.
Hence, the gain value is indexed as a function of three variables: (1) the
channel 



number; (2) the current channel SNR estimate; and (3) the overall average
background noise level. The raw gain value is then obtained in block 726
according to this three-variable index. Block 727 stores the raw gain value
obtained in block 726. Block 728 then increments the channel count and
decision block 721 is re-entered. After all N channel gains have been
updated, operation 55 proceeds to block 621 to update the current valley
level and the current background noise estimate. Hence, automatic gain
selector block 615 updates the channel gain values on a frame-by-frame
basis as a function of the overall average background noise level to more
accurately generate noise suppression gain factors for each particular
channel. 11    EP 0226 613 B1 Figure 7c and Figure 7d expands upon block
721 to more specifically describe the function of automatic background
noise estimator 420 of Figure 5. Particularly, Figure 7c describes the
process of simulating the post-processed energy and combining these
estimates, while Figure 7d describes the operation of valley detector 570.
5     Referring now to Figure 7c, the operation for simulating
post-processed speech begins at block 730 by setting the channel count (cc)
to one. Block 731 tests this channel count to see if all N channels have
been processed. If not, the equation of block 732 describes the actual
simulation process performed by energy estimate modifier 560 of Figure 5.
Simulated post-processed speech energy is generated by multiplying the raw
channel gain values io (obtained directly from the channel gain tables) by
the pre-processed energy estimate (obtained from channel energy estimator
220) for each channel via the equation: SE(cc) = E(cc) RG(cc) 15 where
SE(cc) is the simulated post-processed energy for channel cc, E(cc) is the
current frame energy estimate for channel cc stored by block 707, and
RG(cc) is the raw channel gain value for channel cc obtained from block
725. As noted earlier, E(cc) is actually the square root of the energy in
the channel since it is a measure of the signal envelope. Hence, the RG(cc)
term of the above equation is not squared. The multiplication performed in
block 732 serves essentially the same function as channel gain modifier 250
20 -- except that the channel gain modifier utilizes pre-processed speech
signal whereas energy estimate modifier 560 utilizes pre-processed speech
energy. (See Figure 5). The channel counter is then incremented in block
733, and retested in block 731. When a simulated post-processed energy
value is obtained for all N channels, blocks 734 through 738 serve to
combine the individual simulated channel energy estimates to form the
single overall energy estimate according to the 25 equation: POST-PROCESSED
ENERGY - N [err] where N is the number of filters in the filter-bank. 35
Block 734 initializes the channel count to one, and block 735 initializes
the overall post-processed energy value to zero. After initialization,
decision block 736 tests whether or not all channel energies have been
combined. If not, block 737 adds the simulated post-processed energy value
for the current channel to the overall post-processed energy value. The
current channel number is then incremented in block 738, and the channel
number is again tested at block 736. When all N channels have been combined
to form the 40  overall simulated post-processed energy estimate, operation
proceeds to block 740 of Figure 7d. Referring now to Figure 7d, blocks 740
through 745 illustrate how the post-processed signal energy is used to
generate and update the previous valley level, corresponding to the
operation of energy valley detector 570 of Figure 5. After all the
post-processed energies per channel have been combined, block 740 computes
the logarithm of this combined post-processed channel energy. One reason
that the log 45 representation of the post-processed speech energy is used
in the present embodiment is to facilitate implementation of an extremely
large dynamic range (> 90dB) signal in an 8-bit microprocessor system.
Decision block 741 then tests to see if this log energy value exceeds the
previous valley level. As previously mentioned, the previous valley level
is either the stored valley level for the prior frame or an initialized
valley level provided by block 701 of Figure 6. If the log value exceeds
the previous valley level, 50 the previous valley level is updated in block
743 with the current log [post-processed energy] value by increasing the
level with the slow time constant of approximately one second to form a
current valley level. This occurs when voice or a higher background noise
level is present. Conversely, if the output of decision block 741 is
negative (log [post-processed energy] less than previous valley level), the
previous valley level is updated in block 742 with the current log
[post-processed energy] value by decreasing the level with a 



55 fast time constant of approximately 40 milliseconds to form the current
valley level. This occurs when a lower background noise level is present.
Accordingly, the background noise history is continuously updated by slowly
increasing or rapidly decreasing the previous valley level, depending upon
the background noise level of the current simulated post-processed speech
energy estimate. 12    EP 0 226 613 B1 After updating the previous valley
level, decision block 744 tests if the current log [post-processed energy]
value exceeds the current valley level plus a predetermined offset. The
addition of the current valley level plus this valley offset produces a
noise threshold level. In the present embodiment, this offset provides
approximately a 6 dB increase to the current valley level. Hence, another
reason for utilizing log 5  arithmetic is to simplify the constant 6 dB
offset addition process. If the log energy exceeds this threshold -- which
would correspond to a frame of speech rather than background noise -- the
current background noise estimate is not updated, and the background noise
updating process terminates. If, however, the log energy does not exceed
the noise threshold level -- which would correspond to a detected minima in
the post-processed signal indicating that only noise is present -- l0 the
background noise spectral estimate is updated in block 745. This
corresponds to the closing of channel switch 575 in response to a positive
valley detect signal from energy valley detector 570. This updating process
consists of providing a time-averaged value of the pre-processed channel
energy estimate for the particular channel by smoothing the estimate (in
smoothing filter 580), and storing these time-averaged values as
per-channel noise estimates (in energy estimate storage register 585). The
operation of 15 background noise estimator block 721 ends for the
particular frame being processed by proceeding to block 729 and 630 to
obtain a new frame. In summary, the present invention performs spectral
subtraction noise suppression by utilizing post- processed speech signal to
generate the background noise estimate. The present invention further
improves the performance of these systems by utilizing overall average
background noise to generate the noise 20 suppression gain factors, and by
smoothing these gain factors on a per-sample basis. These novel techniques
allow the present invention to improve acoustic noise suppression
performance in high ambient noise backgrounds without degrading the quality
of the desired speech signal. While specific embodiments of the present
invention have been shown and described herein, further modifications and
improvements may be made by those skilled in the art. All such
modifications which 25 retain the basic underlying principles disclosed and
claimed herein are within the scope of this invention. Claims 1. An
improved noise suppression system (400) for attenuating the background
noise from a noisy input 30     signal (205) to produce a noise-suppressed
output signal (265), said noise suppression system having means (210) for
separating the input signal into a plurality of pre-processed signals (215)
representative of selected frequency channels, means (250) for modifying
the gain of each of said plurality of pre-processed signals in response to
a predetermined gain value (245) to provide a plurality of post-processed
signals (255), 35         means (260) for combining said plurality of
post-processed signals to produce said noise- suppressed output signal, and
means (240, 310, 420) for producing said predetermined gain value, said
noise suppression system characterized in that: said predetermined gain
value (245) is produced in response to estimates of the signal-to-noise 40
ratio (SNR) in each individual channel (235); and said SNR estimates in
each individual channel are based upon the current signal energy estimate
of the pre-processed signal in each individual channel (225) and the
previous noise energy estimate of the pre-processed signal in each
individual channel (325) determined at moments corresponding to the
detected minima of a representation of said plurality of post-processed
signals. 45 2. The improved noise suppression system according to claim 1,
wherein said means for producing said predetermined gain value includes: a
plurality of gain tables (590), each gain table having predetermined
individual channel gain values corresponding to various individual channel
SNR estimates; and 50         gain table selection means (555, 595) for
automatically selecting one of said plurality of gain tables according to
the overall average background noise level of said input signal. 3. An
improved noise suppression system (500) for attenuating the background
noise from a noisy pre- processed input signal (205) to produce a
noise-suppressed post-processed output signal (265) by 



55     spectral gain modification, said noise suppression system
comprising: signal dividing means (210) for separating the pre-processed
input signal into a plurality of selected frequency bands, thereby
producing a plurality of pre-processed channels (215); channel energy
estimation means (220) for generating an estimate (225) of the energy in
each of 13    After updating the previous valley level, decision block 744
tests if the current log [post-processed energy] value exceeds the current
valley level plus a predetermined offset. The addition of the current
valley level plus this valley offset produces a noise threshold level. In
the present embodiment, this offset provides approximately a 6 dB increase
to the current valley level. Hence, another reason for utilizing log 5
arithmetic is to simplify the constant 6 dB offset addition process. If the
log energy exceeds this threshold - which would correspond to a frame of
speech rather than background noise -- the current background noise
estimate is not updated, and the background noise updating process
terminates. If, however, the log energy does not exceed the noise threshold
level -- which would correspond to a detected minima in the post-processed
signal indicating that only noise is present -- 10 the background noise
spectral estimate is updated in block 745. This corresponds to the closing
of channel switch 575 in response to a positive valley detect signal from
energy valley detector 570. This updating process consists of providing a
time-averaged value of the pre-processed channel energy estimate for the
particular channel by smoothing the estimate (in smoothing filter 580), and
storing these time-averaged values as per-channel noise estimates (in
energy estimate storage register 585). The operation of 15 background noise
estimator block 721 ends for the particular frame being processed by
proceeding to block 729 and 630 to obtain a new frame. In summary, the
present invention performs spectral subtraction noise suppression by
utilizing post- processed speech signal to generate the background noise
estimate. The present invention further improves the performance of these
systems by utilizing overall average background noise to generate the noise
20 suppression gain factors, and by smoothing these gain factors on a
per-sample basis. These novel techniques allow the present invention to
improve acoustic noise suppression performance in high ambient noise
backgrounds without degrading the quality of the desired speech signal.
While specific embodiments of the present invention have been shown and
described herein, further modifications and improvements may be made by
those skilled in the art. All such modifications which 25 retain the basic
underlying principles disclosed and claimed herein are within the scope of
this invention. Claims 1. An improved noise suppression system (400) for
attenuating the background noise from a noisy input 30     signal (205) to
produce a noise-suppressed output signal (265), said noise suppression
system having means (210) for separating the input signal into a plurality
of pre-processed signals (215) representative of selected frequency
channels, means (250) for modifying the gain of each of said plurality of
pre-processed signals in response to a predetermined gain value (245) to
provide a plurality of post-processed signals (255), 35         means (260)
for combining said plurality of post-processed signals to produce said
noise- suppressed output signal, and means (240, 310, 420) for producing
said predetermined gain value, said noise suppression system characterized
in that: said predetermined gain value (245) is produced in response to
estimates of the signal-to-noise 40     ratio (SNR) in each individual
channel (235); and said SNR estimates in each individual channel are based
upon the current signal energy estimate of the pre-processed signal in each
individual channel (225) and the previous noise energy estimate of the
pre-processed signal in each individual channel (325) determined at moments
corresponding to the detected minima of a representation of said plurality
of post-processed signals. 45 2. The improved noise suppression system
according to claim 1, wherein said means for producing said predetermined
gain value includes: a plurality of gain tables (590), each gain table
having predetermined individual channel gain values corresponding to
various individual channel SNR estimates; and so         gain table
selection means (555, 595) for automatically selecting one of said
plurality of gain tables according to the overall average background noise
level of said input signal. 3. An improved noise suppression system (500)
for attenuating the background noise from a noisy pre- processed input
signal (205) to produce a noise-suppressed post-processed output signal
(265) by 55     spectral gain modification, said noise suppression system
comprising: 



signal dividing means (210) for separating the pre-processed input signal
into a plurality of selected frequency bands, thereby producing a plurality
of pre-processed channels (215); channel energy estimation means (220) for
generating an estimate (225) of the energy in each of 13    said plurality
of pre-processed channels; background noise estimation means (420) for
generating and storing estimates (325) of the background noise energy based
upon said channel energy estimates, and for periodically detecting the
minima of the post-processed signal energy level such that said background
noise estimates are 6     updated only during said minima; channel SNR
estimation means (310) for generating an estimate of the signal-to-noise
ratio (SNR) of each individual channel (235) based upon said channel energy
estimates and said background noise estimates; channel gain controlling
means (240) for providing channel gain values (245) corresponding to said
10     channel SNR estimates; channel gain modifying means (250) for
adjusting the gain of each of said plurality of pre- processed channels
provided by said signal dividing means according to said channel gain
values, thereby producing a plurality of post-processed channels (255); and
channel combination means (260) for recombining said plurality of
post-processed channels to 15     produce said post-processed output
signal. 4. The improved noise suppression system  according to claim 3,
wherein said background noise estimation means (420) includes means (560)
for generating said representation of the post-processed signal energy
level by multiplying said plurality of pre-processed channels by said
channel gain values. 20 5. The improved noise suppression system  according
to claim 3, wherein said background noise estimation means (420) includes:
storage means (580, 585) for storing an estimate of the background noise
energy of the pre- processed signal in each of said plurality of selected
frequency bands as per-channel noise estimates, 25     and for continuously
providing said per-channel noise estimates to said channel SNR estimation
means; valley detection means (570) for periodically detecting the minima
of an overall estimate of the energy of said post-processed signal in each
of a plurality of selected frequency bands, thereby generating a valley
detect signal; and signal controlling means (575) coupled to said storage
means and controlled by said valley detect 30     signal for providing new
background noise estimates to said storage means only during said minima.
6. The improved noise suppression system according to claim 5, wherein said
storage means (580, 585) includes: smoothing means (580) for providing a
time-averaged value of each of said background noise 35     energy
estimates of the pre-processed signal in a particular frequency band; and
memory means (585) for storing each of said time-averaged values from said
smoothing means as per-channel noise estimates. 7. The improved noise
suppression system according to claim 5, wherein said valley detection
means 40     (570) includes: means for storing the numerical value of the
previous detected minima as a previous valley level; means for comparing
the present numerical value of the overall energy estimate to said previous
valley level; means for increasing said previous valley level at a slow
rate when said present numerical value is 45     greater than said previous
valley level; and means for decreasing said previous valley level at a
rapid rate when said present numerical value is less than said previous
valley level, thereby updating said previous valley level to provide a
current valley level. 50  8  The improved noise suppression system
according to claim 3, wherein said channel gain controlling means (240)
includes: a plurality of gain tables (590), each gain table having
predetermined individual channel gain values corresponding to various
individual channel SNR estimates; gain table selection means (555, 595) for
automatically selecting one of said plurality of gain tables 55
according to the overall average background noise level of said input
signal; whereby each individual channel gain value is selected as a
function of (a) the individual channel number, (b) the current channel SNR
estimate, and (c) the overall average background noise level. 



14    EP 0 226 613 B1 9. The improved noise suppression system according to
claim 3, wherein said channel gain controlling means (240) further
includes: gain smoothing means (530) for smoothing the gain values provided
by said channel gain controlling means to said channel gain modifying
means. 6 JY      Patentanspruche 1. Verbessertes
GerauschunterdrUckungssystem  (400) zur Dampfung des Hintergrundgerauschs
von einem gerauschbelasteten Eingabesignal (205), um ein
gerauschvermindertes Ausgabesignal (265) zu 10     erzeugen, wobei das
GerauschunterdrUckungssystem besitzt: Einrichtung (210) zum Teilen des
Eingangssignals in eine Mehrzahl vorverarbeiteter Signale (215), die
ausgewAhlte Frequenzkandle darstellen, Einrichtung (250) zum Modifizieren
der Verstarkung von jedem der Mehrzahl vorverarbeiteter Signale als
Reaktion auf einen vorbestimmten Verstarkungswert (245), um eine Mehrzahl
nachverarbei- 15     teter Signale (255) bereitzustellen, Einrichtung (260)
zum Kombinieren der Mehrzahl nachverarbeiteter Signale, um das gerauschver-
minderte Ausgabesignal zu erzeugen, und Einrichtung (240, 310, 420) zum
Erzeugen des vorbestimmten Verstarkungswerts, das Gerauschun-
terdrUckungssystem dadurch gekennzelchnei, daB: 20         der vorbestimmte
Verstarkungswert (245) als Reaktion auf Schatzungen des Signal-zu-Gerausch-
Verhaltnisses (SNR) in jedem einzelnen Kanal (235) erzeugt wird; und die
SNR-Schatzungen in jedem einzelnen Kanal auf der momentanen
Signalenergieschatzung des vorverarbeiteten Signals in jedem einzelnen
Kanal (225) und der vorangehenden Gerauschenergie- schatzung des
vorverarbeiteten Signals in jedem einzelnen Kanal (325) basieren, bestimmt
zu Zeit- 25     punkten, die den ermittelten Minima einer Darstellung der
Mehrzahl nachverarbeiteter Signale entspre- chen. 2. Verbessertes
GerauschunterdrUckungssystem nach Anspruch 1, worin die Einrichtung zum
Erzeugen der vorbestimmten Verstarkungswerte umfaBt: 30         eine
Mehrzahl von Verstarkungstabellen (590), wobei jede Verstafrkungstabelle
vorbestimmte indivi- duelle Kanalverstarkungswerte entsprechend den
verschiedenen individuellen Kanal-SNR-Sch~tzungen besitzt; und
Verstarkungstabellenauswahleinrichtung (555, 595) zum automatischen
Auswahlen einer aus der Mehrzahl von Verstarkungstabellen entsprechend dem
gesamten mittleren Hintergrundgeriuschpegel 35     des Eingabesignals. 3
Verbessertes GerauschunterdrUckungssystem  (500) zur Dampfung des
Hintergrundgeriuschs von einem gerauschbelasteten vorverarbeiteten
Eingabesignal (205), um ein gerauschvermindertes nachver- arbeitetes
Ausgabesignal (265) durch spektrale Verstarkungsmodifizierung zu erzeugen,
wobei das J  4o      Gerauschunterdr~ckungssystem umfagt:
Signalteilungseinrichtung (210) zum Teilen des vorverarbeiteten
Eingabesignals in eine Mehrzahl ausgewAhIter Frequenzbander, um dadurch
eine Mehrzahl vorverarbeiteter Kanale (215) zu erzeugen;
Kanalenergieschatzeinrichtung (220) zum Erzeugen einer Schatzung (225) der
Energie in jedem der Mehrzahl vorverarbeiteter Kanale; 46
Hintergrundgerauschschatzeinrichtung (420) zum Erzeugen und Speichern von
Schktzungen (325) der Hintergrundgerauschenergie basierend auf den
Kanalenergieschatzungen und zum periodischen Ermitteln der Minima des
nachverarbeiteten Signalenergiepegels derartig, daB die Hintergrundger-
auschschatzungen nur wahrend der Minima aktualisiert werden;
Kanal-SNR-SchUtzeinrichtung (310) zum Erzeugen einer Schatzung des
Signal-zu-Gergusch-Ver- 50     haltnisses (SNR) jades einzelnen Kanals
(235) basierend auf den Kanalenergieschatzungen und den
Hintergrundgerauschschatzungen; Kanalverstarkungssteuereinrichtung (240)
zum Bereitstellen von Kanalverstarkungswerten (245) entsprechend den
Kanal-SNR-Schatzungen; Kanalverstarkungsmodifizierungseinrichtung (250) zum
Einstellen der Verstarkung jedes der Mehr- 65     zahl der von der
Signalteilungseinrichtung bereitgestellten vorverarbeiteten Kanale
entsprechend den Kanalverstarkungswerten, um dadurch eine Mehrzahl
nachverarbeiteter Kanale (255) zu erzeugen; und
Kanalkombinierungseinrichtung (260) zum Rekombinieren der Mehrzahl
nachverarbeiteter Kanale, um das nachbearbeitete Ausgabesignal zu erzeugen.
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C   L   M   S7 4. Verbessertes GerauschunterdrUckungssystem nach Anspruch
3, worin die Hintergrundgerauschschatz- einrichtung (420) Einrichtung (560)
zum Erzeugen der Darstellung des nachverarbeiteten Signalenergie- pegels
durch Multiplizieren der Mehrzahl vorverarbeiteter Kanale mit den
Kanalverstirkungswerten enthalt. KY   5. Verbessertes
Gerauschunterdr~ckungssystem nach Anspruch 3, worin die
Hintergrundgeriuschschatz- einrichtung (420) umfa~t: Speichereinrichtung
(580, 585) zum Speichern einer Schatzung der Hintergrundgerguschsnergie des
vorverarbeiteten Signals in jedem der Mehrzahl ausgewihiter Frequenzbander
als pro-Kanal- 10     Geriuschschdtzungen und zum standigen Bereitstellen
der pro-Kanal-Geriuschschitzungen an die Kanal-SNR-Schatzeinrichtung;
Talermittlungseinrichtung (570) zum periodischen Ermitteln der Minima einer
Gesamtschitzung der Energie des nachverarbeiteten Signals in jedem der
Mehrzahl ausgewdhlter Frequenzblnder, urn dadurch ein Talerkennungssignal
zu erzeugen; und 16        Signalsteuereinrichtung (575), verbunden mit der
Speichereinrichtung und gesteuert durch das Talerkennungssignal, zum
Bereitstellen neuer Hintergrundgerauschschtzungen an die Speichereinrich-
tung nur wihrend der Minima. 6. Verbessertes Gorguschunterdrfckungssystem
nach Anspruch 5, worin die Speichereinrichtung (580, 20     585) umfaft:
Glattungseinrichtung (580) zum Bereitstellen eines zeitgemittelten Warts
jeder der Hintergrundge- rfuschsnergieschltzungen des vorverarbeiteten
Signals in einem einzelnen Frequenzband; und Speichereinrichtung (585) zum
Speichern jades der zeitgemittelten Warts von der Glattungseinrich- tung
als pro-Kanal-Geriuschschitzungen. 25 7. Verbessertes
Gerauschunterdrackungssystem nach Anspruch 5, worin die
Talermittlungseinrichtung (570) umfalt: Einrichtung zurn Speichern des
numerischen Warts der vorangehenden ermittelten Minima als ein
vorangehender Talpegel; 30         Einrichtung zum Vergleichen des
momentanen numerischen Warts der Gesamtenergieschatzung mit dem
vorangehenden Talpegel; Einrichtung zum Erh6hen des vorangehenden Talpegels
mit einer langsamen Geschwindigkeit, wenn der momentane numerische Wert
groBer als der vorangehende Talpegel ist; und Einrichtung zum Vermindern
des vorangehenden Talpegels mit einer schnellen Geschwindigkeit, s5
wenn der momentane numerische Wert kleiner als der vorangehende Talpegel
ist, urn damit den vorangehenden Talpegel zu aktualisieren, um einen
momentanen Talpegel berelizustellen. a  Verbessertes
GerauschunterdrIckungssystem nach Anspruch 3, worin die
Kanalversrtrkungssteuerein- richtung (240) umfaBt: QJ40          eine
Mehrzahl von Verstarkungstabellen (590), jade Verstarkungstabelle mit
vorbestimmten indivi- duellen Kanalverstarkungswerten entsprechend den
verschiedenen individuellen Kanal-SNR-Schktzun- gen;
Verstirkungstabellenauswahleinrichtung (555, 595) zum automatischen
Auswihlen einer aus der Mehrzahl von Verstarkungstabellen entsprechend dem
gesamten mittleren Hintergrundgerauschpegel 45     des Eingabesignals;
womit jeder einzelene Kanalverstarkungswert als eine Funktion von (a) der
einzelnen Kanalnummer, (b) der momentanen Kanal-SNR-Schatzung und (c) des
gesamten mittleren Hintergrundgeriuschpegels ausgewihit wird. 60  9.
Verbessertes Gerauschunterdr~ckungssystem nach Anspruch 3, worin die
Kanalverstarkungssteuerein- richtung (240) weiter umfaBt:
Verstirkungsglittungseinrichtung (530) zum Glutten der von der
Kanalverstarkungssteuereinrich- tung an die
Kanalverstarkungsmodifizierungseinrichtung bereitgestellten
Verstarkungswerte. 55 Revendlcatlons 1. Systbme eliminateur de bruit
perfectionnd (400) destind a attenuer le bruit de fond dans un signal
d'entree bruyant (205) afin de produire un signal de sortie a bruit elimind
(265), ledit systeme   
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eliminateur de bruit comportant: un moyen (210) pour s6parer le signal
d'entr6e en une pluralit6 de signaux pre-traites (215) representatifs de
canaux de frequence s6lectionnes; un moyen (250) pour modifier le gain de
chacun de ladite pluralite de signaux pre-traites en 5      r~ponse a une
valeur de gain predetorminee (245) afin de produire une pluralite de
signaux post-traites i2        (255); un moyen (260) pour combiner ladite
pluralite de signaux post-trait6s afin de produire ledit signal de sortie a
bruit elimine: et un moyen (240, 310, 420) pour produire ladite valeur de
gain preddtorminee, 10        ledit systbme eliminateur de bruit dtant
caracterise on co quo: ladite valour de gain pred6termin6o (245) est
produite en reponse a des estimations du rapport signal sur bruit (SNR)
dans chaque canal individuel (235) ; et lesdits SNR estimes dans chaque
canal individuol sont bases sur l'estimation d'dnergie de signal courante
du signal pre-trait6 dans chaque canal individuol (225) et sur l'estimation
d'energie de bruit 15     prdcedente du signal pre-traite dans chaque canal
individuol (325) determinees pour des moments correspondant aux minima
detect6s d'une representation de ladite pluralite de signaux post-traites.
2. Systbme 6liminateur de bruit perfection ne selon la revendication 1,
dans lequel ledit moyen pour produire ladite valour de gain pred6termin6e
inclut: 20         une pluralit6 de tables de gains (590), chaque table de
gains comportant des valeurs de gain de canal individuol predetormineos
correspondant a diverses estimations de SNR de canal individuol ; et un
moyen de s6lection de table de gains (555, 595) pour selectionner
automatiquement l'une de ladite pluralit6 de tables de gains conformement
au niveau de bruit de fond moyen global dudit signal d'entree. 26 & Systeme
4liminateur de bruit perfectionne (500) pour attenuer le bruit de fond dans
un signal d'entree pre-trait6 bruyant (205) afin de produire un signal de
sortie post-trait6 a bruit elimine (265) au moyen d'une modification de
gain spectrale, ledit systeme eliminateur de bruit comprenant: un moyen de
division de signal (210) pour separer le signal d'entree pre-traite on une
pluralite de 30     bandes de frequence selectionnees pour ainsi produire
une pluralite de canaux prd-traites (215); un moyen d'estimation d'energie
de canal (220) pour gendrer une estimation (225) de l'dnergie dans chacun
de ladite pluralit6 de canaux pre-traites; un moyen d'estimation de bruit
de fond (420) pour gen6rer et stocker des estimations (325) de l'dnergie de
bruit de fond sur la base desdites estimations d'dnergie de canal et pour
detecter 35     periodiquement les minima du niveau d'energie du signal
post-traite de telle sorte quo lesdites estimations de bruit de fond soient
mises a jour seulement pendant lesdits minima; un moyen d'estimation de SNR
de canal (310) pour generer une estimation du rapport signal sur bruit
(SNR) de chaque canal individuel (235) sur la base desdites estimations
d'dnergie de canal et desdites estimations de bruit de fond; 40         un
moyen de commando de gain de canal (240) pour produire des valeurs de gain
de canal (245) correspondant auxdites estimations de SNR de canal; un moyen
de modification de gain de canal (250) pour regler le gain de chacun de
ladite pluralite de canaux prd-traitds produits par ledit moyen de division
de signal conformement auxdites valours de gain de canal pour ainsi
produire une pluralite de canaux post-trait6s (255) ; et 46         un
moyen de combinaison de canaux (260) pour recombiner ladite pluralite de
canaux post-traites afin de produire ledit signal de sortie post-trait6. 4.
Systeme dliminateur de bruit perfectionne selon la revendication 3, dans
lequel ledit moyen d'estima- tion de bruit de fond (420) inclut un moyen
(560) pour gen6rer ladite representation du niveau d'6nergie 50     de
signal post-traite en multipliant ladite pluralite de canaux pre-trait6s
par lesdites valeurs de gain de canal. 6. Systbme eliminateur de bruit
perfectionn6 selon la revendication 3, dans lequel ledit moyen d'estima-
tion de bruit de fond (420) inclut: 55         un moyen de stockage (580,
585) pour stocker une estimation de l'energie de bruit de fond du signal
pr6-trait6 dans chacune de ladite pluralite de bandes de frequence
selectionnees en tant qu'estimations de bruit par canal at pour produire en
continu lesdites estimations de bruit par canal pour ledit moyen
d'estimation de SNR de canal; 17  
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p6riodiquement les minima d'une estimation globale de l'energie dudit
signal post-traite dans chacune d'une pluralite de bandes de fr~quence
selectionn6es pour ainsi g6nerer un signal de detection de vallee; et un
moyen de commando de signal (575) coupe audit moyen do stockage et commande
par ledit -.     signal de detection de vallee pour produire de nouvelles
estimations de bruit de fond pour ledit moyen KJ       de stockage
seulement pendant lesdits minima. 6. Systeme 6liminateur de bruit
perfectionne solon la revendication 5, dans lequel ledit moyen de stockage
(580, 585) inclut: 10        un moyen de lissage (580) pour produire une
valour moyenndo dans le temps de chacune desdites estimations d'energie de
bruit de fond du signal pre-traite dans une bande de frequence
particuliere; et un moyen de memoire (585) pour stocker chacune desdites
valeurs moyennees dans le temps en provenance dudit moyen de lissage en
tant qu'estimations de bruit par canal. 15 7. Systeme eliminateur de bruit
perfectionne selon la revendication 5, dans loquel ledit moyen de vallee
(570) inclut: un moyen pour stocker la valeur num6rique des minima detectes
precedemment en tant quo niveau de valleo prec6dent; un moyen pour comparer
la valeur numerique prdsente de l'estimation d'energie globale audit 20
niveau de valleo precedent; K>           un moyen pour augmenter ledit
niveau de vallee precedent solon une vitesse lente lorsque ladite valeur
numerique presente est sup6rieure audit niveau de vall6e prec6dent et un
moyen pour diminuer ledit niveau de vallee pr6cedent solon une vitesse
rapide lorsque ladite valour numerique pr6sente est inferieure audit niveau
de vallde prec6dent, d'oO la mise a jour dudit 25     niveau de vall6e
pr6cedent pour produire un niveau de vallee courant. 8  Systeme eliminateur
de bruit perfectionne solon la revendication 3, dans loquel ledit moyen de
commande de gain de canal (240) inclut: une pluralit6 de tables de gains
(590), chaque table de gains comportant des valeurs de gain de 90     canal
individuol pr~determinees correspondant a diverses estimations de SNR de
canal individuel; un moyen de selection de table de gains (555, 595) pour
selectionner automatiquement l'une de ladite pluralit6 de tables de gains
conformement au niveau de bruit de fond moyen global dudit signal d'entr6e,
d'oO il resulte quo chaque valeur de gain de canal individuol est
selectionn6e en fonction (a) du 95     num~ro de canal individuel, (b) de
l'ostimation de SNR de canal courante et (c) du niveau de bruit de fond
moyen global. 9. Systeme eliminateur de bruit perfection nd solon la
revendication 3, dans lequel ledit moyen de commando de gain de canal (240)
inclut en outre: K40          un moyen de lissage de gain (530) pour lisser
les valeurs de gain produites par ledit moyen de commande de gain de canal
pour ledit moyen de modification de gain de canal. 45 50 55 18    


