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(567)  According to a preferred aspect of the instant
invention, there is provided a system and method that
allows the user to attenuate ambient noise in speech re-
cordings in the audio part of a video recording. The user
does not need to define particular sections or samples

Figure 2

ADAPTIVE SPEECH FILTER FOR ATTENUATION OF AMBIENT NOISE

orindividual parameters. The system is automatically an-
alyzing the input signal and in a plurality of individual
steps detects the ambient noise, determines an adaptive
filter, implements the filter and therewith attenuates the
ambient noise accordingly.
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Description

[0001] This application claims the benefit of U.S. Pro-
visional Patent Application serial number 61/915,305
filed on December 12, 2013, and incorporates said pro-
visional application by reference into this document as if
fully set out at this point.

FIELD OF THE INVENTION

[0002] The present invention relates to the general
subject matter of creating and analyzing video works and,
more specifically, to systems and methods of attenuating
ambient noise in a video work.

BACKGROUND

[0003] Removal of ambient noise from video record-
ings is an area in which many different approaches exist.
A common theme, though, is that all such approaches
seek to be the most effective without harming the integrity
of the input signal.

[0004] Many current methods of attenuating or remov-
ing ambient noise in video recordings at utilize the prin-
ciple of "spectral subtraction”. In this approach the un-
wanted component of the signal is estimated and after-
wards subtracted from the signal, with the portion of the
signal that remains after subtraction presumably being
the desired signal.

[0005] The undesirable component of the signal is
might be either automatically determined using a target-
ed search in the signal for sequences that do not contain
speech to use in estimating the undesirable components,
or in other cases the user might have to manually select
anoise sample (e.g., asection of the sample that contains
only the undesirable /background component). The latter
approach is the most common approach in software
based solutions.

[0006] Other approaches for attenuation of ambient
noise known in the art (for example "beam forming" or
"active noise suppression") require a number of simulta-
neously recorded input signals from differently positioned
microphones.

[0007] The many different approaches are due ion part
to the ultimate goal of the noise reduction effort. For ex-
ample, different methods might be utilized in hearing
aids, telephones and intercom systems that process
band limited speech signals. For these sorts of devices,
a central goal might be to increase the understandability
audibility of speech in general.

[0008] Background noise thatis too loud is a common
side effect when utilizing semi-professional equipment
for video recording. One reason for this is because of the
microphones that are integrated into the recording video
cameras that are typically used. In the professional sector
however external microphones are utilized which are nor-
mally located near or around the current speaker. That
significantly minimizes the chances that there will be a
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problem with the volume of the ambient noise compared
to the volume of the speech.

[0009] Known methods to reduce ambient noise in
hearing aids, intercoms and telephones also usually have
to deal with the limitations regarding computing capacity,
real-time capacity (low latency) and memory require-
ments.

[0010] The methods which are already state of the art
usually work exclusively in the frequency domain or the
time domain. The instant invention utilizes a mixed ap-
proach, wherein the digital signal is separated into single
spectral components. These frequency components are
than transformed back into the time domain, in which the
analysis takes place. The instant invention is therefore a
method which operates in the frequency domain as well
as in the time domain.

[0011] Thus, what is needed is a system and method
for computer devices that supports a user when attenu-
ating random ambient noise, including wind noise in vid-
eo recordings with speech content, wherein the system
is directly usable as a software module in video and/or
audio editing software.

[0012] Heretofore, asis well knownin the media editing
industry, there has been a need for an invention to ad-
dress and solve the above-described problems. Accord-
ingly it should now be recognized, as was recognized by
the present inventors, that there exists, and has existed
for some time, a very real need for a system and method
that would address and solve the above-described prob-
lems.

[0013] Before proceeding to a description of the
present invention, however, it should be noted and re-
membered that the description of the invention which fol-
lows, together with the accompanying drawings, should
not be construed as limiting the invention to the examples
(or preferred embodiments) shown and described. This
is so because those skilled in the artto which the invention
pertains will be able to devise other forms of the invention
within the ambit of the appended claims.

SUMMARY OF THE INVENTION

[0014] There is provided herein a system and method
for an adaptive speech filter for attenuation of ambient
noise in speech recordings of video material.

[0015] Inapreferred embodiment, the instantinvention
will comprise two separate processes that when com-
bined provide the full functionality of the adaptive speech
filter. An embodiment preferably does not require contin-
uous user interaction. An embodiment of a graphical user
interface that provides access to the inventive function-
ality might take many forms.

[0016] An embodiment of the instant invention prefer-
ably starts with the analysis of the input signal. In a first
preferred step the input signal is broken down into the
spectral components with the most energy. This break-
down of the input signal is carried out with a recursive
spectral analysis of maxima and minima. The detected
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spectral components with the most energy are then, in a
next preferred step, further analyzed to determine their
affiliation to harmonic banks.

[0017] In anextpreferred step the behavior of the zero
points in the time domain signals of the spectral compo-
nents with the most energy is analyzed. In the last step
of the analysis part of the instant invention the filter curve
(frequency response) of the adaptive speech filter is cal-
culated. The instant invention utilizes for this calculation
the analysis results of the components with the most en-
ergy and the analysis results of the zero points.

[0018] Withthe generation of the adaptive speech filter
curve the instant invention initiates the second part, the
second process, which is the implementation of the adap-
tive speech filter. In a first preferred step the signal is
filtered in the frequency range with an additional filter
smoothing in the frequency range. The instant invention
further provides pre- and post ringing filters to minimize
undesired side effects of the adaptive speech filtering.
[0019] Bywayofahighlevel summary, anembodiment
of the invention will work as follows. A first component of
the invention involves an analysis of the input signal and
generation of an adaptive speech filter. According to an
embodiment of this component, (1) the input signal will
be analyzed to identify the spectral components of the
signal with the most energy. In an embodiment, this will
be done via a recursive spectral analysis that is adapted
to find frequencies associated with maxima and minima.
The spectral components with the most energy will then
be usedto (2) determine their association with a harmonic
series. Next, there will be an analysis of the zero (null)
point(s) in the time domain of the spectral components
with the most energy determined previously. One em-
bodiment of the invention will determine the gradient of
the spectrum at each of the zero point positions. The
variance of each gradient will then be used to help dif-
ferentiate noise from speech.

[0020] More particularly, according to the current em-
bodiment the variance of each gradient will be used to
differentiate the blocks into either a noise or non-noise
category. More particularly, in an embodiment if the var-
iance is relatively "high" the associated block will be as-
signed to a "noise" category. If the variance is interme-
diate in value, that block will be determined to be mostly
speech. Finally, if the variance is relatively "low", that
block will be determined to be non-noise but most likely
not associated with speech.

[0021] Next a transfer function of an adaptive speech
filter will be calculated using the results of (1) and (2).
Note that when the terms "zero" and / or "zero point" (in
German "nullstelle") are used herein, those terms should
be broadly construed to include instances where the "ze-
ro point" is actually a very small value not exactly equal
to zero.

[0022] Next, the adaptive filter will be applied, prefer-
ably in the frequency domain, and in some embodiments
additional smoothing will be applied. Additionally, pre-
and post- application of the speech filter an anti-ringing
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filter might be applied to minimize the noise associated
therewith. These filters would typically be applied in the
frequency domain, followed potentially by some addition-
al smoothing applied to the filtered signal.

[0023] The foregoing has outlined in broad terms the
more important features of the invention disclosed herein
so that the detailed description that follows may be more
clearly understood, and so that the contribution of the
instant inventors to the art may be better appreciated.
The instant invention is not limited in its application to the
details of the construction and to the arrangements of
the components set forth in the following description or
illustrated in the drawings. Rather the invention is capa-
ble of other embodiments and of being practiced and
carried outin various other ways not specifically enumer-
ated herein. Additionally, the disclosure that follows is
intended to apply to all alternatives, modifications and
equivalents as may be included within the spirit and the
scope of the invention as defined by the appended
claims. Further, it should be understood that the phrase-
ology and terminology employed herein are for the pur-
pose of description and should not be regarded as limit-
ing, unless the specification specifically so limits the in-
vention.

BRIEF DESCRIPTION OF THE DRAWINGS

[0024] Other objects and advantages of the invention
will become apparent upon reading the following detailed
description and upon reference to the drawings in which:

Figure 1 depicts an embodiment of the individual
processes of the adaptive speech filter

Figure 2 illustrates the steps of the calculation of the
transfer function of an embodiment of the adaptive
speech filter.

Figure 3 illustrates a result of the minima, maxima
analysis of the input signal for one particular exam-
ple.

DESCRIPTION

[0025] Referring now to the drawings, wherein like ref-
erence numerals indicate the same parts throughout the
several views, there is provided a preferred system and
method for an adaptive speech filter for attenuation of
ambient noise in speech recordings of video material.
[0026] Turning first to Figure 1, an embodiment of the
present invention preferably begins with the input of a
digital signal into a personal or other computer with the
input signal being the audio part of a video recording 100.
Of course, although a personal computer would be suit-
able for use with an embodiment, in reality any computer
(including a table, phone, etc.) could possibly be used if
the computational power were sufficient.

[0027] Next the input signal will be divided into over-
lapping segments/blocks 110.In some embodiments, the
audio data mightbe sampled at a rate of 44 kHz, although
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other samples rates are certainly possible. That being
said, the sample rate and the length of the audio clip will
depend on the rate at which the audio was recorded and
the length of the recording, whatever that might be. Ac-
cording to some embodiments, the block length might be
afew hundred to several thousand samplesin (e.g.,4096
samples) depending on the sample rates. The amount
of overlap might be between 0% and 25% of the block
size in some embodiments.

[0028] Next, in a preferred step and according to the
embodiment of Figure 1, the windowed input signal will
be Fourier transformed using a Fast Fourier transform
("FFT") to transform the audio data into the frequency
domain 120. That being said, those of ordinary skill in
the art will recognize that although the FFT is a preferred
method of transforming the data to the frequency domain,
a standard Fourier transform could be calculated instead.
Additionally, there are any number of other transforms
that could be used instead. As one specific example, the
Walsh transform and various wavelet-type transforms
(preferably with orthogonal basis functions) are known
to convert data into a domain where different character-
istics of the input signal can be separated and analyzed.
[0029] Continuing with the present example, the in-
stant invention will calculate the transfer function of the
adaptive speech filter 180, preferably in conjunction with
the time the input signal is divided into overlapping blocks
and windowed and transformed with an FFT 120. The
signal is analyzed with a goal of determining the spectral
components with the most energy. This is achieved with
the recursive maxima-minima analysis. The spectral
components so determined are then analyzed in terms
of their harmonic series properties (e.g., if the spectral
components belong to a harmonic series, the frequencies
with the highest spectral maxima would be multiple of
the base frequency) and then root/null/nullstelle is deter-
mined for each spectral component in order to classify
it. With the results from a) the analysis in terms of har-
monic series and b) the root/null point/nullstelle analysis,
the curve of the filter function is determined.

[0030] To help guard againstan erroneous speech de-
tection - which could manifest itself as strong irregulari-
ties within the sound of the adaptive speech filter - the
calculated transfer function in some embodiments will be
subjected to a temporal equalization 190, e.g., it might
be normalized to have unit magnitude, etc. The time con-
stants for that temporal equalization could be, depending
of drop or rise, defined separately.

[0031] Continuing with the present embodiment, the
calculated adaptive speech filter function willthen be mul-
tiplied times the input signal in the frequency domain to
attenuate ambient noise 130. In a next preferred step an
inverse FFT will be calculated on the now-filtered input
signal and, following that, in a next preferred step the
blocks will be windowed 140 and summed together to
generate an output signal 150.

[0032] An embodiment of the instant invention addi-
tionally implements a pre- and/or a post ringing filter

10

15

20

25

30

35

40

45

50

55

which might be added to the workflow before generating
the final attenuated digital output signal 160. Such a filter
might be necessary because, among others, the calcu-
lated spectral components in some instances will be nar-
row-banded, which would result in the transfer function
having corresponding narrow-banded segments. These
narrow-banded segments could potentially lead to pre-
and post ringing which would take the form of unwanted
ambient noise.

[0033] Continuing with the present embodiment, the
pre- and/or post ringing filter(s) will also preferably be
implemented in the frequency domain. In most cases this
will be a substantially smaller filter order compared to the
adaptive speech filter, thus the filter will possesses a
higher temporal resolution. The transfer function of the
pre- and post ringing filter is calculated by comparing
(e.g., by division) the magnitude of the unfiltered input
signal with the magnitude of the output signal of the adap-
tive speech filter. If in specific frequency ranges the out-
put signal contains a substantial higher energy than the
unfiltered input signal the instant invention will detect that
as a potential pre- or post- ringing of the adaptive speech
filter. The transfer function of the pre- and post ringing
filter will then be set, in one embodiment, to zero in order
to filter out the pre- and post ringing of the adaptive
speech filter. After the application of the pre- and post
ringing filter the instant invention generates the attenu-
ated output signal 170.

[0034] Now turning to the example of Figure 2, this
figure illustrates the steps of the calculation of the transfer
function of the adaptive speech filter according to one
embodiment. In a first preferred step the input signal will
be split up into the spectral bands with the most energy
by using a recursive spectral maxima- minima-analysis
that looks for the relevant local maxima (peaks) and mini-
ma ofthe spectrum. In some embodiments, a block length
of a few hundred or thousand samples (e.g., 4096) de-
pending on the sample rate might be used. In some cases
between about 50 and 250 maxima-minima/blocks will
be used, more typically between about 10 and 50.
[0035] The instant invention will determine for closely
lying maxima or minima the locally highest or smallest
maxima or minima. In a next preferred step the instant
invention will determine the spectral components for rel-
evant maxima and adjacent relevant minima. In case of
tonal speech components (vowels), these spectral com-
ponents contain the harmonics of the speech with the
most energy 200.

[0036] Inthe present embodiment, in each step of this
recursive process the spectral component with the most
energy in the frequency domain will be filtered out and
will be available as time domain signal as a result. The
difference between the filtered signal and the input signal
is then used in the next step of the recursive process
205. Arecursive process is utilized because it allows the
spectral components with the most energy to overlap to
thereby increasing the bandwidth of the filter. This also
increases the quality of the analysis because a lower
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bandwidth might potentially distort the result.

[0037] In this embodiment, the recursive process of
the instant invention includes a number of steps which
are executed recursively. In a first preferred step, the
instant invention executes a high resolution spectrum
analysis by splitting the signal into individual blocks, win-
dowing and executing of a Fast Fourier Transform within
each block, followed by a calculation of the magnitude
of the spectrum (short time power density spectrum). In
a next preferred step, the magnitude will be analyzed to
find maxima-and-minima and the local relevant maxima
and minima will be determined.

[0038] As a next preferred step the magnitude will be
separated into individual spectral components according
to the results of the maxima and minima analysis.
[0039] Continuing with the current embodiment, in a
next preferred step the spectral component with the most
energy will be determined and in the next step this de-
termined spectral component will be transformed back
into the time domain with an inverse Fourier Transform,
thereby providing the spectral component as time domain
signal. In the next preferred step a difference signal will
be being generated by comparing the input signal and
the generated time domain signal - with the difference
signal being used as the input signal for the next run-
through of the recursive process. These steps create a
time domain signal from the spectral components with
the most energy and such signal has known spectral
properties 220, e.g., the bandwidth and the frequencies
with the highest spectral maxima.

[0040] The determined spectral components 220 will
be, in a next preferred step, analyzed regarding the be-
havior of the zero points 240. To be more specific and
according to the current example, the gradient of the zero
point position is calculated in a next preferred step. Ad-
ditionally, the variance of the scope of the temporal fre-
quency change can also be estimated.

[0041] In some embodiments the instant invention will
implement a classification of the spectral components
according to the following scheme. The variances will be
interpreted as follows: if the gradient of the zero point
has a relatively high variance value then the spectral
component will be classified as noise-like, a relatively
low value and it will be classified as tonal. In some em-
bodiments, this determination might be made by com-
parison with a predetermined value. In some instances
a statistical analysis of all of the gradients might be em-
ployed. In that case, variances that are more than 1 (or
2, etc.) deviations above the average (or median, etc.)
gradient value would be characterized as "high", with var-
iances that are less than, say, 1 (or 2, etc.) standard
deviations below the mean being characterized as "low",
with the remainder being classified as intermediate.
[0042] Ifthe gradientofthe zero/ null pointhas a middle
/ intermediate variance value, then the spectral compo-
nent will be being classified as tonal part of the speech
signal (vowel). If the variance of the gradient of the zero
pointis very low then the spectral component will be clas-
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sified as being tonal but likely not a part of the speech
signal. Spectral components of this kind are often caused
by regular noise sources (for example air condition, en-
gines, etc.).

[0043] Inanextpreferred step and according to anoth-
er embodiment, the instant invention will determine if
these spectral components might be associated with a
harmonic sequence 260. In case of success the deter-
mined frequencies with the highest spectral maxima of
the spectral components are a multiple of a base fre-
quency.

[0044] In the next preferred step the transfer function
of the adaptive speech filter will be computed 265. For
this calculation the results of the analysis regarding har-
monic sequences as well as the results of the analysis
regarding the behavior of the zero points in the time do-
main signals of the spectral components will be being
used. That being said, the results of these two analyses
by themselves might provide erroneous results. For ex-
ample speech elements may not be determined as such
or the speech property is assigned in error to other signal
components. With a combination of the results of both
analyses the number of erroneous detections is being
kept low.

[0045] According to an embodiment, the calculation of
the filter curve of the adaptive speech filter will be carried
as follows. If an association of spectral components to a
natural overtone series is detected and more than half
of the spectral components assigned to an overtone se-
ries have been classified as speech components, all of
the spectral components that match with the overtone
series will be utilized for the calculation of the adaptive
speech filter. The adaptive speech filter is then set to
value 1 for all bandwidths of the spectral components. If
inthe analysis no overtone series is detected and singular
spectral components have been classified as speech sig-
nals, the adaptive speech filter will be set to value 1 for
the bandwidths of these spectral components. In case of
fast change of the base frequency, which is typical for
speech, the detection of an overtone series sometimes
fails. According to this aspect of the invention, an erro-
neous complete locking of the adaptive speech filter will
potentially be prevented.

[0046] In summary, the instant invention provides a
substantial improvement for both novice and profession-
al users when editing audio recordings and primarily
when attenuating ambient noise in speech signals of vid-
eorecordings. Embodiments of the invention require min-
imal user interaction, no definition of multiple parameters
or definition of noise samples, it is an automatic process
that recursively analyzes the input signal. The improved
/isolated speech audio from a noisy video recording can
then be, for example, integrated back into the audio track
of that recording to improve quality of the recorded
speech. In other applications, the instant invention might
be used to reduce ambient noise in hearing aids, inter-
coms and telephones, etc. More generally such an ap-
proach as that taught herein could be used in instances
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where the computational power and/or memory available
to the device is limited and real-time improvement of the
audio for purposes of low-latency speech recognition is
desirable.

CONCLUSIONS

[0047] Of course, many modifications and extensions
could be made to the instant invention by those of ordi-
nary skill in the art. For example in one preferred embod-
iment the instant invention will provide an automatic
mode, which automatically attenuates video recordings
in video cameras, therewith providing video recordings
with perfect quality audio.

[0048] Although the present communication may in-
clude alterations to the application or claims, or charac-
terizations of claim scope or referenced art, the inventors
do notconcede in this application that previously pending
claims are not patentable over the cited references. Rath-
er, any alterations or characterizations are being made
to facilitate expeditious prosecution of this application.
[0049] Applicant reserves the right to pursue at a later
data any previously pending or other broader or narrower
claims that capture any subject matter supported by the
present disclosure, including subject matter found to be
specifically disclaimed herein or by any prior prosecution.
[0050] Itis to be understood that the terms "including",
"comprising”, "consisting" and grammatical variants
thereof do not preclude the addition of one or more com-
ponents, features, steps, or integers or groups thereof
and that the terms are to be construed as specifying com-
ponents, features, steps or integers.

[0051] If the specification or claims refer to "an addi-
tional" element, that does not preclude there being more
than one of the additional element.

[0052] Itis also to be understood that where the claims
or specification refer to "a" or "an" element, such refer-
ence is not be construed that there is only one of that

element.

[0053] Where the specification states that a compo-
nent, feature, structure, or characteristic "may", "might",
"can" or "could" be included, that particular component,
feature, structure, or characteristic is not required to be
included.

[0054] Where applicable, although state diagrams,
flow diagrams or both may be used to describe embod-
iments, the invention is not limited to those diagrams or
to the corresponding descriptions. For example, flow
need not move through each illustrated box or state, or
in exactly the same order as illustrated and described.
[0055] Methods of the presentinvention may be imple-
mented by performing or completing manually, automat-
ically, or a combination thereof, selected steps or tasks.
[0056] The term "method" may refer to manners,
means, techniques and procedures for accomplishing a
given task including, but not limited to, those manners,
means, techniques and procedures either known to, or
readily developed from known manners, means, tech-
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niques and procedures by practitioners of the art to which
the invention belongs.

[0057] Theterm "atleast"followed by a numberis used
herein to denote the start of a range beginning with that
number (which may be a ranger having an upper limit or
no upper limit, depending on the variable being defined).
For example, "at least 1" means 1 or more than 1. The
term "at most" followed by a number is used herein to
denote the end of arange ending with that number (which
may be a range having 1 or 0 as its lower limit, or arange
having no lower limit, depending upon the variable being
defined). For example, "at most 4" means 4 or less than
4, and "at most 40%" means 40% or less than 40%.
[0058] When, in this document, arange is given as "(a
first number) to (a second number)" or "(a first number)
- (a second number)", this means a range whose lower
limit is the first number and whose upper limit is the sec-
ond number. For example, 25 to 100 should be interpret-
ed to mean a range whose lower limit is 25 and whose
upper limit is 100. Additionally, it should be noted that
where a range is given, every possible subrange or in-
terval within that range is also specifically intended un-
less the context indicates to the contrary. For example,
if the specification indicates a range of 25 to 100 such
range is also intended to include subranges such as 26
-100, 27-100, etc., 25-99, 25-98, etc., as well as any other
possible combination of lower and upper values within
the stated range, e.g., 33-47, 60-97, 41-45, 28-96, etc.
Note that integer range values have been used in this
paragraph for purposes of illustration only and decimal
and fractional values (e.g., 46.7 - 91.3) should also be
understood to be intended as possible subrange end-
points unless specifically excluded.

[0059] Itshould be noted that where reference is made
herein to a method comprising two or more defined steps,
the defined steps can be carried out in any order or si-
multaneously (except where context excludes that pos-
sibility), and the method can also include one or more
other steps which are carried out before any of the de-
fined steps, between two of the defined steps, or after all
of the defined steps (except where context excludes that
possibility).

[0060] While this invention is susceptible of embodi-
ment in many different forms, there is shown in the draw-
ings, and is herein described in detail, some specific em-
bodiments. It should be understood, however, that the
present disclosure is to be considered an exemplification
of the principles of the invention and is not intended to
limit it to the specific embodiments or algorithms so de-
scribed. Those of ordinary skill in the art will be able to
make various changes and further modifications, apart
from those shown or suggested herein, without departing
from the spirit of the inventive concept, the scope of which
is to be determined by the following claims.

[0061] Further, it should be noted that terms of approx-
imation (e.g., "about", "substantially”, "approximately",
etc.) are to be interpreted according to their ordinary and
customary meanings as used in the associated art unless
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indicated otherwise herein. Absent a specific definition
within this disclosure, and absentordinary and customary
usage in the associated art, such terms should be inter-
preted to be plus or minus 10% of the base value.
[0062] Still further, additional aspects of the instant in-
vention may be found in one or more appendices at-
tached hereto and/or filed herewith, the disclosures of
which are incorporated herein by reference as if fully set
out at this point.

[0063] Accordingly, readers of this or any parent, child
or related prosecution history shall not reasonably infer
that the Applicants have made any disclaimers or disa-
vowals of any subject matter supported by the present
application.

[0064] It should be noted that where reference is made
herein to a method comprising two or more defined steps,
the defined steps can be carried out in any order or si-
multaneously (except where context concludes that pos-
sibility), and the method can also include one or more
other steps which are carried out before any of the de-
fined steps, between two of the defined steps, or after all
of the defined steps (except where context concludes
that possibility).

[0065] Thus, the present invention is well adapted to
carry out the objects and attain the ends and advantages
mentioned above as well as those inherent therein. While
the inventive device has been described and illustrated
herein by reference to certain preferred embodiments in
relation to the drawings attached thereto, various chang-
es and further modifications, apart from those shown or
suggested herein, may be made therein by those of or-
dinary skill in the art, without departing from the spirit of
the inventive concept the scope of which is to be deter-
mined by the following claims.

Claims

1. A method of enhancing a speech signal in the pres-
ence of noise, comprising:

performing, by computer processing hardware,
operations of:

a. reading an audio signal containing said
speech signal therein;

b. transforming said audio signal to the fre-
quency domain, thereby forming a trans-
formed audio signal;

c. determining via a recursive spectral anal-
ysis a plurality of spectral components in
the frequency domain that have a most en-
ergy;

d. identifying at least one null point in the
frequency domain associated with each of
said plurality of spectral components;

e. determining a gradient of each of said null
points;
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f. determining a variance of each of said de-
termined gradients;

g. analyzing the variance of each of said
determined gradients to assign each of said
determined gradients to a category, where-
in said gradient with a high variance is clas-
sified as noise, wherein said gradient with
a middle variance is classified as part of a
tonal part of said speech signal, and where-
in said gradient with a low variance is clas-
sified as a tonal component not a part of
said speech signal;

h. determining whether the spectral compo-
nents belong to a harmonic series, wherein
frequencies of the spectral components
with the most energy are a multiple of a base
frequency;

i. calculating a transfer function using said
analysis of said variance of the gradient of
null and said determination of belonging to
harmonic series of said plurality of spectral
components;

j. applying said transfer function to said
transformed audio signal, thereby forming
a filtered audio signal;

k. inverse transforming said filtered audio
signal, thereby forming said enhanced
speech signal.

A method of adaptive speechfiltering as set out here-
in.
A method of adaptive speech filtering having all of

the limitations disclosed herein.

A system for adaptive speech filtering having all of
the limitations set out herein.

A method of adaptive speech filtering substantially
as set out herein.
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Figure 3
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