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ABSTRACT

A well known technique for speech enhancement is
spectral subtraction. This technique is attractive due
to its simplicity and its low computational cost. How-
ever, spectral subtraction has the drawback of gen-
erating residual noise with a musical character, the
so-called musical noise. In this paper, we propose a
simple modi�cation of the �lter coe�cient calculation
in form of a recursion of the previous �lter coe�cient.
As indicated by objective and subjective tests, the new
recursive enhancement scheme substantially reduces
musical noise without a noticeable impairment of the
speech signal.

1. INTRODUCTION

A widely used method for speech enhancement is the
method of spectral subtraction [1], [2]. Spectral sub-
traction gained its attraction because of its easy imple-
mentation, but it also has some disadvantages, namely
speech distortion and residual musical tones. Several
researchers reported about improvements in reducing
or eliminating the annoying musical tones. One es-
pecially successful approach for this task is reported
in [4], [5], [6]. This approach is much more mathe-
matically founded than standard spectral subtraction
and needs a complicated mechanism for estimating the
gain curve. Another approach [7] uses median �lter-
ing of the spectra in time direction to remove musical
tones. This method is especially simple, but it needs
one or two future samples from future short time spec-
tra. The necessary processing delay may be a disad-
vantage at least for some real time applications. The
proposed new approach neither needs processing delay
nor a complicated estimation procedure. The poten-
tial for eliminating musical tones is gained by a simple
recursion of the previous gain curve.

2. SPECTRAL SUBTRACTION AND

GAIN CURVES

We assume that the speech signal s is additively cor-
rupted by some noise n:

x(t) = s(t) + n(t) : (1)

Spectral subtraction, in its simplest form, is multi-
plying the Fourier transformed input segment X with
the real �lter coe�cients H and getting Y :

Yk;i = Hk;i Xk;i : (2)

X results from time segments of x(t) which are usually
half overlapped and multiplied with a Hanning win-
dow. k and i denote the discrete segment index and
the discrete frequency index, respectively. Succeeding
time segments resulting from inverse transformation of
Y are half overlapped and added to give a continuous
output time signal y(t).

There are several suggestions of gain curves. In [4],
for example, modi�ed Bessel functions are used. For
easy tractability we will refer to standard gain curves,
(see for example [3]):

Magnitude subtraction:

Hk;i =

�
1�
p
a = INRk;i ; 1�

p
a = INRk;i > b

b ; (else) ;

(3)
Power subtraction:

Hk;i =

� p
1� a = INRk;i ; 1� a = INRk;i > b2

b ; (else) ;

(4)
Wiener approximation:

Hk;i =

�
1� a = INRk;i ; 1� a = INRk;i > b

b ; (else) ;

(5)



with

INRk;i =
jXk;ij

2

jNk;ij
2
: (6)

INR is the input-to-noise ratio and the noise esti-
mate jNk;ij

2 is obtained in speech pauses:

jNk;ij
2 = (1��) jNk�1;ij

2+� jXk;ij
2 ; (pauses only) :

(7)
These three standard gain curves di�er in their at-

tenuation which is a function of the noise estimate,
respectively INR. All these curves have a lower bound
b on the gain H in common. b (0:1 < b < :3) is also
called spectral 
oor and serves to mask musical noise.
An overestimation factor a (� 1) is used to account for

uctuations of the spectral noise power and therefore
overestimating the noise reduces the musical residual
noise. Fig.(1) shows a comparison of the three gain
curves. Our approach is not restricted to these curves
but a gain curve should have a lower bound b to be
suitable for our following recursive gain curves.
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−20 −15 −10 −5 0 5 10 15 20

−14

−12

−10

−8

−6

−4

−2

0

2

INR(i) [dB]

fil
te

r 
ga

in
 H

(i)
 [d

B
] power subtr.

wiener approx.

magnitude subtr.

(spectral floor)

Figure 1: Standard gain curves of spectral subtrac-
tion (b = 0:25)

3. RECURSIVE GAIN CURVES

Recursion of the gain curves is accomplished with the
substitution:

INRk;i := INRk;i Hk�1;i : (8)

Eq.(8) may be used to modify the standard curves
and yielding for example for the Wiener suppression
rule, Eq.(5):

Hk;i = Pb [ 1�
a

(INRk;i Hk�1;i)
] ; (9)

where the projection Pb[x] = x if x � b and Pb[x] =
b otherwise. One result of the recursion is that the gain
is �xed to the value b if INR is below a threshold value.
This switch over to b happens suddenly, thus the gain
curve practically consists of two di�erent parts, a part
with constant value b and a part with a gain value
depending on the choice of one of the standard curves
(or some other gain curve).
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Figure 2: Recursive gain curve for Wiener approx.
(increasing and decreasing INR; b = 0:25)
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Figure 3: Recursive gain curve for power subtraction
(increasing and decreasing INR; b = 0:25)

Figs. (2) and (3) show the resulting gain curves in
case of the Wiener approximation or power subtrac-
tion, respectively. (The �gures are calculated with
slowly increasing INR and decreasing INR again af-
terwards.)



Due to the recursion, the gain depends on its previ-
ous value which results in a hysteresis. Fig.(4) shows a
comparison of the standard power subtraction rule and
its recursive version. Fig.(4) shows the spectral input
and estimated speech output magnitude, jXj and jY j,
for an input signal with the �rst 20 frames noise and
the next 20 frames with noise plus a constant speech
component 10 dB above the average noise level. While
the output jY j with standard power subtraction is fol-
lowing or even emphasizing short time spectral peaks
of jXj in the noise only situation, the recursive version
is reproducing the input at a lower level (naturally
sounding background noise). The recursive version is
able to follow the onset speech component with only
very short delay.
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Figure 4: Noisy input jXj and estimated speech out-
put jY j applying standard and recursive power sub-
traction rules (b = 0:25)

In comparison to our simple approach the recursive
gain estimation of [4], [5] and [6] is accomplished with
the aid of the so-called a priori and a posteriori signal-
to-noise ratios

Rpost;k;i =
j Xk;i j

2

j Nk;i j
2
� 1 ; (10)

Rprio;k;i = (1��) P [Rpost;k;i]+�
j Hk�1;i Xk�1;i j

2

j Nk;ij2
;

(11)

where the projection P [x] = x if x � 0 and P [x] =
0 otherwise. The weighting parameter � is generally
chosen very close to 1 (for ex. 0.98). Following the
simpli�cations in [6], the Wiener approximation gain
is calculated, (Eq.(13) in [6]):

Hk;i =
Rprio;k;i

Rprio;k;i + 1
; (12)

in contrast to the standard Wiener curve (Eq.(5)
with a = 1):

Hk;i = Pb [
Rpost;k;i

Rpost;k;i + 1
] : (13)

Eq.(12) is theWiener approximationwith the 'older'
complicated form of the recursion and Eq.(13) is just
the standard Wiener approximationwithout recursion.

Comparison of Eqs.(12) and (13) shows that the
performance improvements are based on the replace-
ment ofRpost;k;i with the smoothed estimateRprio;k;i.
Within speech pauses, Rprio;k;i is highly smoothed
and in case of high level speech input Rprio;k;i and
therefore the gain curve is determined by the recur-
sion product Hk�1;i Xk�1;i. This recursion product
introduces a short delay and therefore is the source of
a small reverberation.

Applying our notation to Eq.(13) yields:

Hk;i = Pb [
INRk;i � 1

INRk;i

] : (14)

Applying our recursion, the substitution Eq.(8), to
Eq.(14) yields:

Hk;i = Pb [ 1�
1

INRk;i Hk�1;i

] ; (15)

Hk;i = Pb [ 1�
j Nk;i j

2

jXk;ij
2Hk�1;i

] : (16)

The recursion product Xk;i Hk�1;i is de-coupled
in time (notice the di�erent time indicies k and k �

1) and therefore the source of reverberation is less in
comparison to the original approach of [4].



4. RESULTS

We performed several calculations and informal sub-
jective listening tests comparing our simple recursive
approach to the more complicated one, Eqs.(10) and
(11), the median �ltering method [7] and also a psy-
choacoustic based approach [8]. The new approach
compares well with the others in terms of high noise
reduction, low speech distortion and improved overall
speech quality. All the above methods reduce musi-
cal noise to a low level or eliminate it. In terms of
noise reduction, the recursive approaches are capable
to outperform the others at the price of more speech
distortion. Up to now the median �ltering method
seemed to have the lowest computational complexity.
The new recursive scheme is still easier for implemen-
tation yet yielding a comparable or sometimes better
performance than the other approaches.
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