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ABSTRACT

A modified spectral scaling technique is proposed
for enhancing speech corrupted by additive noise. Spectral
scaling is a frequency domain noise reduction technique
where FFT frequency samples are attenuated to a degree
dependent on their signal to noise ratio, so that samples with
a low signal to noise ratio are heavily attenuated. This
technique reduces the level of noise, but the residual consists
of a 'musical noise', which can be annoying to listen to. The
noise reduction is improved by the technique described in
this paper. For each frame, an estimate of the linear
prediction (LP) spectrum is found, and is used to determine a
spectral weighting function. The spectral weighting function
is incorporated into a spectral scaling algorithm to further
attenuate noise in spectral regions where the effect on speech
quality is not perceived. The LP spectrum of the speech is
estimated by applying LP analysis to noisy speech which has
first been subjected to spectral scaling. Peaks that are caused
by noise are removed from the resulting LP spectrum.

Informal listening tests have shown that this method
can significantly reduce the level of musical noise without
affecting the speech quality, for input signal to noise ratios of
6 dB and higher.
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1. INTRODUCTION

Spectral subtraction [1] and spectral scaling [2] can
improve the perceived quality of speech corrupted by additive
noise. Frames of noisy speech are windowed and subjected
to an FFT to calculate their short-term spectra. The spectra
are then modified to reduce the contribution of frequency
samples with low signal to noise ratios. The techniques of
spectral subtraction and spectral scaling are further discussed
in sections 2 and 3. These techniques can considerably
reduce noise, but the remaining noise tends to consist of a
series of short duration tones of random frequency, often
referred to as ‘'musical noise’. Although much lower in
energy than the original noise, this musical noise can be very
objectionable. Various methods have been suggested to
reduce the musical noise, for example [1] [3] [4]. The noise
reduction technique proposed in this paper reduces the
musical noise by exploiting the properties of Linear
Prediction. For each frame, estimates of the linear prediction
(LP) parameters of the speech are found from the original
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noisy speech signal. The resulting LP spectrum is used to
determine a spectral weighting function. After performing
spectral scaling, the spectral weighting function is used to
further attenuate spectral regions where the effect on speech
quality is unlikely to be perceived.

The results of informal listening tests are presented
to assess the performance of the proposed noise reduction
algorithm.

2. SPECTRAL SUBTRACTION

The basic principle of spectral subtraction is to
subtract an estimate of the magnitude spectrum of the noise
from the short-term spectra of noisy speech [1]. Overlapping
frames of noisy speech are windowed and subjected to an
FFT to calculate their short-term spectra. An estimate of the
magnitude spectrum of the noise, |D [k}|, is subtracted from
the magnitude spectrum of the given frame of noisy speech,
IX[k]l, to give the magnitude spectrum of the enhanced
speech, |$ [k]]. Any resulting negative values are set to zero,

IS[k]| = max { [X[K]| - D[k]{, O } M

The noise spectrum is estimated from a running average of
frames considered to be speech free, as described in section
6. The phase spectrum of the noisy speech is combined with
the modified magnitude spectrum, and an inverse FFT is
performed. The signal is reconstructed from the windowed
frames using overlap addition. Alternative equations to (1)
have been devised to improve the noise reduction [3].

3. SPECTRAL SCALING

An alternative method of noise reduction is spectral
scaling as proposed by Munday [2]. After windowing and
performing an FFT, each magnitude frequency sample is
modified, dependent on the magnitude of the sample, and on
the estimate of the noise magnitude at that frequency. This
modification is performed using a 'transfer characteristic'
(TC), which maps the magnitude of an FFT frequency
sample onto its desired output magnitude. Magnitude
samples that are large compared to the noise estimate are
assumed to be mainly due to the signal and are left
unchanged. Samples that are small compared to the noise
estimate are assumed to be mainly caused by the noise and
are heavily attenuated. A smoothly changing attenuation is
applied where the lower the magnitude of the given
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frequency sample, the greater the degree of attenuation. One
implementation of such a TC that has been found by the
authors to be successful is described by the following
equations, and is shown graphically in figure 1.

8= (xa)” -(gpug) ™ @
0 + |XI[k]| 2 x|k
where Y= ®
[1——'15[—‘1] : IXk <x{Bik]
x|Drk]

IX[k]| and |§ [K]| are the short-term magnitude spectra of the
input noisy speech and the enhanced speech respectively, and
|B [k]| is the estimated magnitude spectrum of the noise. ¥ is
termed the scaling factor, and controls how large an input
magnitude must be before it is left unchanged by the TC.
The larger i is made, the better will be the noise elimination
but the more distorted will be the speech. x is termed the
exponential constant, and controls the degree of attenuation
of input samples with a magnitude less than xlf) [k]]. Values
of k=7 and ¥=3.5 have been found to work well. v varies
linearly from 0 when [X[k]| =x|D [K]|, to k¥ when [X[k]| =0.

This smooth transfer characteristic is compared with
spectral subtraction in figure 1. Figure 1 shows the
magnitude of an FFT sample of the noisy speech, plotted
against its output magnitude, for the cases of no processing,
magnitude spectral subtraction [1], and spectral scaling using
the smooth TC described by equations (2) and (3). Here
DK} =025,x=7,and g =3.5.

Figure 1 - Comparison of smooth TC and Spectral
Subtraction.
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The musical noise is caused by the variance of each
short-term spectral component of the noise. Some frequency
components with significantly greater energy than the
estimated noise spectrum may not be sufficiently attenuated,
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while neighbouring frequency components may be greatly
attenuated. This leaves a small number of high energy
frequency components that dominate the enhanced spectra.

Spectral scaling has been found by the authors to
give less objectionable musical noise than spectral
subtraction, and has therefore been used throughout this
work.

4. INCORPORATING A SPECTRAL
WEIGHTING FUNCTION

The majority of the energy in a segment of voiced
speech is contained within high energy frequency bands,
known as formants. If the general shape of the magnitude
spectrum between the formants is distorted, it has been found
that there is little effect on the perceptual quality of the
speech [5]. After performing spectral scaling, musical noise
within formant regions will largely be masked out by the
high energy speech harmonics, and therefore the majority of
perceived musical noise will be in the regions between
formants. If spectral regions with low or zero speech energy
are detected and further attenuated, the perceptible musical
noise can be reduced, whilst not significantly distorting the
perceptual quality of the speech.

The formant distribution is given by the LP
spectrum of the speech, which can be estimated to sufficient
accuracy by the method described in the following section.

To reduce the musical noise present in the enhanced
speech, a spectral weighting function, H[k], is derived from
the estimated LP spectrum of the speech, L[k]. The
weighting function is used to further attenuate spectral
regions of $ [k] with low speech energy. The frequency
response of H{k] is described by the following equation, and
is shown in figure 2,

1 : Lk]27t
A1k L1k
T

1)

. Lik]<%

Figure 2 - The spectral Weighting Function, Hfk]
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The power term, o, is used to vary the degrec of
attenuation in regions of the spectrum with low speech
energy. A larger value of G causes the attenuation to be more
severe. A value of ¢ of between 1.5 and 2.5 has been found
to work well.

Equation (2) is altered to incorporate the weighting
function (4). The new equation is shown below, and the
effect on the TC is shown in figure 3.

-y

I8tk = (xasa)? - (xfokl]) -Hipk) ®)

Figure 3 - Transfer Characteristics for several values of

H[k]

of p=12 has been used. The LP spectrum, L[k], is the
frequency response of the LP parameters obtained from
Durbin's algorithm, and is defined as,

L[k]= 9

&
1—iak ceTI

k=1
The oy's are the LP parameters, and G is the linear
prediction gain,
P
G’ =R(0)- Y o,R(k) ®

k=1

The shape of the LP spectrum will reflect the
formant structure of the speech, with peaks close to the

7 Unprocessed formant frequencies. It may also contain false peaks caused

Output — TCwith HK}=1.0 by artefacts of the noise, and these must be detected and
Magnitude . TCwithHK=04 Temoved.

with k] A speech waveform can be viewed as being

— - TCwithHK]=0.1  gtationary on a short-term basis. One consequence of this is

5. OBTAINING THE LP SPECTRUM FROM
THE NOISY SPEECH

The formant distribution of the speech must be
estimated from the short-term spectrum of the noisy speech,
using LP analysis. Several techniques have been proposed
for estimating LP parameters of speech in the presence of
noise [6][7]. The technique used in this paper is based on
applying LP analysis to noisy speech that has been subjected
to spectral scaling. The accuracy of the LP spectrum is not
as critical here as it would be in a speech coder or recogniser
for example. False peaks will occur, and these must be
removed, as described later.

The short-term magnitude spectrum of the noisy
speech is subjected to spectral scaling by applying equations
(2) and (3) with a relatively high value of 9. The LP analysis
is carried out wusing Durbin's algorithm [8] with
autocorrelation coefficients, R(k), obtained from the
spectrally scaled power spectrum, by means of an inverse
Discrete Cosine Transform,

N/2-1
R(k) =-§ 3 stk]f? -cos( 2mmk

) & ) 0<k<p ©)

|§ [k]{? is the power spectrum after spectral scaling, N is the
frame length, and p is the order of the LP analysis. An order

EUROSPEECH 93, Berlin, Germany, September 1993

that a speech formant that exists in one frame will normally
exist at a similar frequency in the previous frame, the next
frame, or both, provided the frame length is short enough.
On the other hand the frequency of peaks caused by noise
artefacts will in principle be uncorrelated from one frame to
the next. Therefore one way to discriminate between peaks
caused by speech formants and peaks caused by noise is to
compare the frequency and amplitudes of peaks in the
current frame to those in neighbouring frames.

Each peak in the LP spectrum of the current frame
is considered in turn. The peak is detected using a simpile
peak picking algorithm, and its frequency and maximum
magnitude are found. A different method is used depending
on whether the maximum magnitude is greater than or less
than the threshold, 1, from (4).

If the maximum magnitude is greater than 1 the
following method is used. The range of frequencies within
the peak that lie above the threshold 7 is noted. The peak is
judged to be caused by the noise if no peak in the last or the
next frame lies within this frequency range.

If the maximum magnitude is smaller than 1, then
the magnitudes of the LP spectra of neighbouring frames at
the frequency of the peak being tested are found. If the
larger of these magnitudes is greater than a proportion of the
maximum magnitude of the peak being tested, it is judged to
be caused by the noise.

To remove a peak from the LP spectrum, the local
minima on each side of the peak are found. The peak is
replaced by a straight line joining these local minima.

After peaks caused by the noise have been removed
in this way, the estimated LP spectrum of the speech can be
used in equation (4).
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6. IMPLEMENTATION

Overlapping 51.2 ms Hann windowed segments of
noisy speech sampled at 10kHz are subjected to a 512 point
FFT to obtain a succession of magnitude spectra, |X[k]|.
Segments containing no speech activity are detected by
calculating the total energy present in each frame. If the
frame energy is below a certain threshold, the frame is
considered not to contain any speech. This threshold is
currently determined experimentally for a particular type of
noise, but could be determined automatically [9]. Magnitude
spectra of speech free frames are smoothed by averaging
several adjacent FFT frequency samples, and are used to
update the spectral estimate of the noise, D[k], using the
following equation,

D,[k]=A-D_[k]+(1-1)-X[k] ©9)

D_, [kl is the noise spectral estimate after the previous frame,
D,[K] is the updated noise estimate, and X[k] is the speech
free frame after smoothing. A value of A = 0.9 is used.

The LP spectrum of the speech is estimated as
described in section 5, with a value of ¥ = 4 for the spectral
scaling, and the spectral weighting function, H[k], is
calculated. Spectral scaling is performed using the current
noise estimate and the spectral weighting function, by
applying equation (5). A value of i = 3.0 is used, and this
gives the enhanced short-term magnitude spectrum of the
speech, |S [k]j.  After processing, the enhanced magnitude
spectrum is combined with the original phase spectrum, and
an inverse FFT is performed. Overlap addition is used to
create the enhanced speech signal.

Since the spectral weighting function can remove a
large amount of musical noise, a lower value of % can be used
in (5) than would be used in the spectral scaling algorithm
alone (2). Hence the proposed algorithm has the potential of
giving better quality enhanced speech.

7. RESULTS AND DISCUSSIONS

To test the proposed algorithm, two types of noise
were artificially added to speech sentences giving specified
signal to noise ratios. The noise sources were white
Gaussian noise produced synthetically and traffic noise
recorded by the side of a road. The noises were added to
sentences of male and female speech to give signal to noise
ratios of 12 dB, 6 dB, and 0 dB. The noisy speech was then
processed using the following two algorithms,

i) A spectral scaling algorithm as described in section 3.
ii) The proposed noise reduction algorithm as described in
section 4.

Informal listening tests were performed to compare
the enhanced speech produced by these algorithms. For the
speech sentences corrupted by traffic noise at all s.n.r.'s, and
those corrupted by white noise at s.n.r.'s of 12 dB and 6 dB,
the proposed algorithm produces similar quality speech to
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the spectral scaling algorithm, but with significantly less
musical noise. For sentences corrupted by white noise at a
s.nr. of 0 dB, the proposed algorithm cannot reduce the
musical noise as much as at higher s.n.r.’s without distorting
the speech, because the LP approximation is no longer
accurate enough.

8. CONCLUSION

In this paper an algorithm has been proposed for
enhancing speech corrupted by additive noise.  The
algorithm uses linear prediction (LP) parameters to locate
spectral regions with low or zero speech energy, and a more
harsh form of spectral scaling is applied in these regions. A
technique is described for estimating the LP spectrum of
speech in the presence of noise using a combination of
spectral scaling and a technique for removing false peaks.
The proposed algorithm can improve the quality of enhanced
speech compared to spectral scaling, at signal to noise ratios
in the range of 6 dB and better, by removing most of the
musical noise associated with spectral scaling and spectral
subtraction algorithms. At lower signal to noise ratios the
LP approximation becomes poor, and the algorithm does not
perform quite as well. A better method of approximating the
LP spectrum of the speech would allow the algorithm to
work well at lower signal to noise ratios.
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