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A wavelet-based method for denoising broad-band noisy audio signals is proposed and
implemented. The method is a modified algorithm based on the method of Coifman and
Wickerhauser (1992). The modified algorithm shows noticeable improvement in quality and
computational overhead compared to the original method when denoising digitized music
signals with different levels of additive broad-band noise. Several implementation issues

"are described.

0 INTRODUCT]ON

There are wide variety of applications where it is de-

sirable to enhance degraded audio signals. The degrada- -

tion of audio may be due to errors or data loss, poor
analog recording techniques or storage media, the pres-
ence of high levels of background noise in the recording
itself, or several of these causes. The typical objectives
of enhancement are to improve perceived quality, in-
crease intelligibility, reduce listener fatigue, and so on.
Depending on the specific application, the enhancement
system may be directed at only one of these objectives
or at several [1]. In this engineering report the main
objective is to enhance the quality of degraded audio
signals, music (broad-band audio) in particular, and
thereby to reduce listener fatigue. )

The distinct types of degradation common in audio
recordings fall into two general classes:

1) Local degradation: Clicks, scratches, and so on,

where the signal is only disrupted at certain positions’

and restoration is only required at these places

2) Global degradation: Hiss, wow, hum, and so on,
where the signal is disrupted to some extent at all times.

There are several notable methods for audio denois-
ing. The spectral subtraction (SS) method has become
a standard procedure in speech .enhancement [2]. SS
gained popularity because it is easy to understand and
implement, that is, it only requires a discrete Fourier
transform (DFT) of each frame of the noisy signal, appli-
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cation of a gain function, and calculation of the inverse

DFT. Furthermore; the SS method makes minimal as-
sumptions about the signal and noise, and when carefully
implemented, it results in reasonably clear enhanced sig-
nals. Moreover, this approach has been heuristically de-
veloped and experimentally optimized. The main draw-
back of the SS method is that it can create noticeable
residual noise with annoying tonal characteristics, often
referred to as “musical noise.” This musical noise is a
common side effect of most broad-band denoising tech-
niques [3]-[5].

Vaseghi and Frayling-Cork [3] used a frequency inter-
polation scheme  to restore archival gramophone re-
cordings. Their method was effective, but had the draw-
back -that more than one copy of the recording was
required. Ephraim and Van Trees [6] used a nonparamet-

- ric signal subspace approach and showed that the SS

method is a special case of this approach. Coifman and
Wickerhauser [7] have used a wavelet-based approach to
reduce broad-band noise. Other approaches to enhance
noisy speech and other audio signals can be found in [1].

In all of these approaches the audio (time-domain)
signal is first transformed to the frequency or time—
frequency domain, and the processing of the noisy signal
is accomplished in the transform domain. After pro-
cessing, the altered signal is transformed back into the
time domain to reconstruct the noise-reduced audio
signal. -

In this engineering report, signal quality enhancement
of broad-band noisy audio signals using a wavelet packet’
basis is explored. In particular, the algorithm proposed
by Coifman and Wickerhauser [7] for denoising music
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signals is modified in several ways in order to obtain
better perceptual quality.

In the next section the original algorithm of Coifman
and Wickerhauser is reviewed. The modified algorithm
and the simulations concerned with broad-band noise
removal are described in Section 3. Finally, the report
concludes with a summary and some suggestions for
further research in this area.

1 ORIGINAL DENOISING ALGORITHM

The approach for signal quality enhancement explored
in this engineering report is guided by the so-called best-
basis paradigm [7]—[9]. This paradigm consists of three
main steps:

1) Select a “best” basis (or coordinate system) for the
problem at hand from a library of bases (a fixed yet
flexible set of bases consisting of wavelets and wave-
let packets). : '

2) Sort the coordinates (features) by “importance” for
the problem at hand and discard “unimportant” features
(noisy ones).

3) Use the retained coordinates to solve the problem
at hand (audio signal quality enhancement) by projecting
the signal onto retained bases.

The method extracts from the noisy signal a coherent

-part which is well represented by the given wavelets and
~ a noisy or incoherent part which cannot be “well com-
pressed.” _ '

This algorithm adaptively uses libraries of orthonor-
mal waveforms, such as wavelet packets and local trigo-
nometric waveform libraries, for separating the coherent
signal from the presumably incoherent unwanted noise.

1.1 Denoising Algorithm

The best-basis algorithm of Coifman and Wicker-
hauser starts with. a signal segment x(¢) of length K as
well as a library of orthonormal bases. The library could
have, for example, the Fourier basis, the Haar—Walsh
wavelet packets, various QMF Daubechies filters defi-
ning smoother wavelet packets, local trigonometric
waveforms, and perhaps other orthonormal bases [10]—
[12]. Trigonometric bases and wavelet packets were
used for this purpose by Berger et al. [8]. The following
sequence is used for the analysis procedure in [8].

1) The signal x(¢) is first expanded in each basis, that
is x(1) = 2N, o,w,(1), where o, are the orthogonal basis
waveforms [10], «; are the coefficients, and N is the
order of the expansion. A cost function is assigned to
each expansion. Berger et al. use the Shannon second-
order entropy — 3V, o? log, 7.

2) The basis giving the least cost is chosen from the
collection of bases.

3) The best-basis coefficients are sorted in the order
of decreasing magnitude, that is, upon renaming, |a|
>y = - - . ‘

4) A number of leading (large-magnitude) terms are
kept as the coherent part, based on a predetermined
threshold cost of the remaining terms. The cost is based
on the vectors of successive residual tails given by V| =
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x(@), V, = 3V, awi0), V; = 25 oywi(r), and so on.

5) For each Vj, starting at j = 1, the normalized
entropy H(V)) is calculated. When H(V)) is greater than
or equal to a specified threshold 7, this step is stopped.
Then 2% a,0,() is the coherent part and the rest are the -
residual terms.

6) The residual terms by definition constitute the noisy
part of the signal and can be treated as a new signal
which in turn can be expanded and separated into its
coherent and noisy components. Thus at each iteration
a coherent part is extracted from the signal currently
considered, and the leftover noise is treated in turn.
The coherent parts, one from each iteration, are added
together to produce the total coherent portion. Berger et
al. [8] report that approximately seven iterations were
used to process typical signals.

This published algorithm solves the problem of audio
enhancement by attacking it in the manner of audio com-
pression. The algorithm relies heavily on selecting an
appropriate value of the prespecified threshold, and
needs several iterations to denoise a broad-band noisy
signal. In the next section this original algorithm is mod-
ified to determine whether the enhancement can be ac-
complished in a more efficient way.

2 PROBLEM FORMULATION

Consider a discrete degradation model for the broad-
band noise corrupted audio signal

y=x+e ' n

where y, x, € € R” and n = 2™. The vector y represents
the broad-band noisy audio signal and x is the unknown
true (noise-free) audio signal to be recovered. The vector
€ is assumed to be white Gaussian noise (WGN), that
is, € ~ N(0, ¢*I), and o? is not known a priori.

Now consider an algorithm, based on the method out-
lined in Section 1, to estimate the desired audio signal
x from the available broad-band noise corrupted signal
y. First, the library of orthonormal bases L = {B,,
B, . . ., By} is prepared with the Daubechies wavelets
(orders 2—16) and coiflets (orders 2—6) [9], [10]. Let
B,, represent the best basis selected from a dictionary of
orthonormal wavelet packet bases. The number of bases
M in this library typically ranges from 5 to 20 or more,
depending on the available resources and any a priori
knowledge of the signal x. '

The audio signals treated in this work are all discrete:
they are vectors of a finite number of real-valued sam-
ples. The audio signals are monophonic (single channel),
5 to 10 seconds in duration, and sampled at a rate of
44 100 samples per second. The signals are divided into ,
frames of 2048 samples (about 46 ms) in order to follow
the local characteristics of the audio. The best-basis al-
gorithm is applied separately on each frame.

In the next section the modified algorithm is dis-
cussed. The reason to modify the published algorithm
of Coifman et al. is threefold: 1) to select adaptively the
threshold level for each frame while processing the noise
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corrupted signal, 2) to further reduce the clicks and whis-
tles, which are subjectively more annoying, in the pro-
cessed output signal, and 3) to optimize the algorithm for
the audio enhancement case since the existing method is
geared toward solving the problem of data compression.

3 MODIFIED DENOISING ALGORITHM

It is assumed that the noise-free signal frames x can
be completely represented by basis B,,,
x=W,a, 2)
where W,, € R"*" is an orthogonal matrix whose column

vectors are the basis elements of B,, and a,, € R" is the
vector of expansion coefficients of x. The basis B, is the

best basis calculated for the frame x using the minimum-.

entropy criterion [7].

In order to reduce the sensitivity of the algorithm to
7 (threshold level), the wavelet coefficients obtained
from the best-basis decomposition are subjected to
signal-dependent thresholding. The rationale for this

ENGINEERING REPORTS

method is that the signal can be well decomposed into
a wavelet basis whereas noise cannot be represented
by any of the bases. For example, if the frame under
consideration has only noise, then it cannot be repre-
sented by any of the bases. So the threshold level should
be high. On the other hand, when no noise is present in
the frame under consideration, the signal is well repre-
sented by the best wavelet basis and so the threshold

. level should be near zero. Hence a method is needed to

adjust the threshold according to the nature of the frame
under treatment.

As can be seen by the contour map of the wavelet
coefficients in Fig. 1, the broad-band noise cannot be
represented well by the basis [no visible structure in Fig.
1(b)], whereas the noiseless audio signal (music alone)
can be effectively represented by a few components. A
different viewpoint is shown in Fig. 2 with the wavelet
scales (parameter j) and the time (parameter i) shown
along the x axis itself. This gives a better representation
for sorting the coefficients and removing the ones below
the threshold level, as shown in Fig. 3.

The signal-dependent thresholding chosen here ex-
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Fig. 1. Contour plots of wavelet transforms. Note that different bases are used for each plot. (a) Noisefree audio signal. (b) Broad-
band noise. (c) Broad-band noise corrupted audio signal. x-axis—time index; 3rd axis (darkness of pixel location)—magnitude of

wavelet coefficient.

180

J. Audio Eng. Soc., Vol. 46, No. 3, 1998 March



ENGINEERING REPORTS

ploits the second-order statistics of the signal and adap-
tively selects the threshold level. The threshold level for
soft thresholding is selected with the algorithm shown
in Fig. 4. The characteristic function to select the thresh-
old is derived from experimentation with sample audio
data. The threshold function depends on the maximum
value of the decomposed wavelet coefficients, the root
mean square (rms) value, and the average (mean) value
of the wavelet coefficients for the signal under con-
sideration.

So-called birdy noise occurs as components are switched
on and off near the threshold. Although the chirp effect
is not as annoying as the broad-band noise, the birdy
noise is often irritating if it is not masked by the sig-
nal itself.

One way to alleviate the birdy noise problem is to use
a soft threshold instead of a hard one. After selecting
the nominal threshold level using the scheme shown in
Fig. 4, soft thresholding is done to the coefficients below

WAVELET-BASED BROAD-BAND DENOISING SYSTEM

the threshold level. The governing equation for the soft
threshold is given by '

(i, ) < oyl j) el g G <t (3)
where i is the shift parameter and j the dilation param-
eter, vy is the decay constant, and 7 the threshold level.
A small value of v gives results that are similar to hard
thresholding, and a higher value implies that thresh-
olding is hardly done. The suggested value of vy, chosen
after some experimentation, is 0.2.

An exponential function was chosen as the kernel for
the soft thresholding since all functions in general can be
approximated and represented by exponential functions.
Moreover, the exponential function is a smooth function
and decays asymptotically to zero.

Reconstruction (via the inverse wavelet transform) is
performed using the soft thresholded coefficients. The
resulting signal is expected to contain a reduced amount
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Fig. 2. Wavelet coefficients. (a) Noisefree audio signal. (b) Broad-band noise. (c) Broad-band noise corrupted audio signal. x
axis—wavelet index, y axis——magnitude of wavelet coefficient.
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of broad-band noise.
The block diagram of the modified algorithm is shown
in Fig. 5.

3.1 Overlapping Windows

A naive way to segment a signal into frames is to
divide the signal into nonoverlapping segments, which
is equivalent to multiplying the signal by an abrupt seg-
mentation function. This type of windowing can give
rise to sharp, regularly spaced discontinuities in the re-
constructed signal. On playback, the background noise
is noticeably reduced in the enhanced audio file, but the
periodic clicks caused by the abrupt window segmenta-
tion degrade the subjective quality of the reconstructed
signal.

A better approach to alleviate the problems caused
by abrupt window transitions is to employ overlapping
windows. In this overlapping window approach the input

50009
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signal is divided into overlapping frames. Each frame
is decomposed using the best basis, followed by soft
thresholding and then reconstruction of the time-domain
signal from the thresholded wavelet coefficients. A cross-
fade function derived from the raised-cosine (Hann) win-
dow technique is used to reconstruct the sample values
in the overlapping regions. This scheme is shown in Fig.
6. The cross-fade technique merges the reconstructed
sample values of the previous frame with the recon-
structed sample values of the current frame at the overlap
region of the two frames. An overlap length of 128
samples was used with satisfactory results. The frame
“hop” or spacing is 2048 — 128 samples long.

3.2 Additional Reduction of Birdy Noise

Although the soft threshold reduced the audibility of
the birdy noise, additional reduction was still desirable.
Since the wavelet coefficients usually do not vary much
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Fig. 3. Noisy audio signal. (a) Unsorted wavelet coefficients. (b) Sorted wavelet coefficients. (c) Soft thresholded coefficients.
(d) Hard thresholded coefficients. x axis—wavelet index; y axis—magnitude of wavelet coefficient.

182

J. Audio Eng. Soc., Vol. 46, No. 3, 1998 March



ENGINEERING REPORTS

from one frame to the next, coefficients that have not
been thresholded in the adjacent frames are left without
thresholding, even if they lie below the current adaptive
threshold level. This knowledge of preceding and suc-
ceeding frames is used to reduce the birdy noise level

From Previous Stage

T=m2

If
T =m/5

WAVELET-BASED BROAD-BAND DENOISING SYSTEM

in the processed signals in the manner of hysteresis. For
example, if a®* 1, j), a®4, j), a®* (i, j) are wavelet
coefficients for the frames k — 1, k, k + 1, respectively,
and 7¢-D 1@ F&E+D are the threshold levels for the
wavelet coefficients for the frames k — 1, k, k + 1,

o, = Wavelet Coefficients

m = max. value of ¢
r = rms value of O

a = average value of Ol

T= Threshold Level

m < 10000

t T=m/10

Goto Next Stage

Fig. 4. Scheme for threshold level selection.
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Fig. 5. Block diagram of rﬁbdiﬁed algorithm.
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respectively, then

ifa® DG, )< t® D and  o®+D(, j) < 7%+D

the threshold is applied to coefficient a®(i, j) if
a®(i, j) < ®, However, if a®(i, j) is above the thresh-
old level, then no thresholding is done. With this ap-
proach the birdy noise was reduced appreciably, al-
though it still could be heard faintly on certain examples.
-In any case, this approach seems to be more effective
than averaging in the time or the frequency domain.

4 SIMULATIONS

To test the techniques described in Section 3 various
audio signals with 5- to 10-second duration were consid-
ered. All of the examples were 16-bit mono signals sam-
pled at 44.1 kHz. These signals were artificially cor-
rupted with — 10-dB, —20-dB, and —30-dB levels of
additive broad-band (white) noise, and then processed
with the modified algorithm proposed earlier.

The enhanced signals were then compared with the
undegraded (original) audio signals. Informal listening
tests performed on these signals show:that the proposed
method gave a noticeable reduction of the additive noise.

. V ’
Reconstructed values ~—

of previous frame
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The quality of the enhanced signal was judged quité
close to-that of the original signals, except for the intro-

duction of occasional clicks. and background warble or.

birdy noise due to the processing of the signal. In the
informal tests, 11 out of. 14 subjects preferred the en-
hanced signal from the modified algorithm when com-
pared to the enhanced signal from the original method.

Fig. 7 shows the results of processing a few time
frames of the xan.aif (synthesized music) audio signal
corrupted with — 10 dB of broad-band noise, and Fig.
8 gives the corresponding Fourier transform.

Fig. 9 shows the results of processing a few time
frames of the vibraphone.aif audio signal corrupted with
—10 dB of broad-band noise, and Fig. 10 gives the

corresponding Fourier transform. The enhanced wave-

forms in both cases can be seen to be largely free of
broad-band noise.

. -Figs. 11 and 12 present the wavelet coefficients of
the enhanced frame and the error between the wavelet
coefficients of the corrupted and the enhanced frames.

5 DISCUSSION

The modified algorithm presented in this engineering
report removes broad-band noise to a great extent from
the music signals, but at the same time introduces faint

Reconstructed values

of current frame

/ (1-g)

X=X g+X5(1-g)

Final reconstructed values for overlapping frame

Fig. 6. Scheme for cross-fade technique.

- 184

J. Audio Eng. Soc., Vol. 46, No. 3, 1998 March



ENGINEERING REPORTS

birdy noise in the processed output signals. The algo-
rithm has some difficulty with high percussion instru-
ments, presumably because of the similarity between
the inharmonic components of the percussion signals and
the corrupting broad-band noise. Apart from degrading
the high percussion instruments, the algorithm works
well on a wide range of music signals.

One problem with the denoising algorithm is that it
seems to work unevenly in the regions of high and low
activity of the audio signal. The high-energy portions
of the music are cleaned and made more vibrant, whereas
denoising the low-energy portions of music sounds un-
natural because too much harmonic content is removed.

WAVELET-BASED BROAD-BAND DENOISING SYSTEM

The incremental modifications made to the method of
Berger et al. [8] provide the following benefits:

The enhanced audio signal retains more of the desired
signal structure and contains fewer clicks and whistles
compared to the original method.

The original method is geared more toward the prob-
lem of data compression, whereas the proposed
method is intended for the problem of audio enhance-
ment only. v

The threshold value in the original method must be
specified in advance, whereas the proposed method
automatically selects the threshold adaptively for

3000

2000 5000

........ > Sample Number

(e)

Fig. 7. (a) Time frames of xan.aif signal. (b) Signal corrupted with broad-band noise — 10 dB below signal level. (¢) Enhanced
signal using modified algorithm. (d) Difference between (b) and (c). (e). Residual error between (a) and (c). x axis— wavelet

index; y axis—magnitude of wavelet coefficient.
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each frame.

* There is less computational overhead in the proposed
noniterative algorithm when compared to the origi-
nal method.

6 CONCLUSION

A denoising algorithm based on the method of Be-
rger et al. [8] has been suggested and successfully
implemented to reduce broad-band noise in recorded
music signals. The algorithm is based on the assump-

ENGINEERING REPORTS

tion that .the broad-band noise cannot be efficiently
represented by any of the bases in a library of wave-
lets. The algorithm has been implemented and evalu-
ated with the goal that the enhanced music should be
as clean as possible without removing a noticeable
amount of the musical content. The enhanced audio
signals processed by this scheme are found to be
largely free from the broad-band noise, although some
minor problems, such as faint birdy noise and warble
arising from the processing method, still remain for
future investigation.
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Fig. 10. Fourier transforms. (a) Time frames of vibraphone.aif signal. (b) Signal corrupted with broad-band noise — 10 dB
below signal level. (c) Enhanced signal using modified algorithm. (d) Difference between (b) and (c). (e) Residual error between

(a) and (c). y axis—magnitude of Fourier coefficient.

188

J. Audio Eng. Soc., Vol. 46, No. 3, 1998 March



ENGINEERING REPORTS WAVELET-BASED BROAD-BAND DENOISING SYSTEM

—_
(=]

1.6e+04 o b
1.26+04 - '
8e+03
de+03
0

-4e+03

Scale
Scale

-Be+03
i1

|
[1-1.2¢+04

|-1.6e+04

N W OB oy % \©

—

1000
@ b)

Fig. 11. Contour plots. (a) Wavelet transforms for enhanced audio signal. (b) Difference in wavelet transforms between corrupted
and enhanced signals. x axis—time index, 3rd axis (darkness of pixel location)—magnitude of wavelet coefficient.
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Fig. 12. Wavelet coefficients. (a) Enhanced audio signal. (b) Error between corrupted and enhanced audio signals. x axis— wavelet
index, y axis—magnitude of wavelet coefficient.
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