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ABSTRACT

This paper describes a new speech enhancement approach
which employs adaptive β-order minimum mean square er-
ror (MMSE) spectral estimation of short time spectral ampli-
tude (STSA) of a speech signal. In the proposed approach,
human perceptual auditory masking effect is incorporated
into the speech enhancement algorithm. The relationship be-
tween the value of β and the noise masking threshold is con-
sidered. The algorithm is based on a criterion by which the
audible noise may be masked rather than being attenuated,
and thereby reducing the chance of distortion to speech. Per-
formance assessment is given to show that our proposal can
achieve a more significant noise reduction and a better spec-
tral estimation of weak speech spectral components from a
noisy signal as compared to many existing speech enhance-
ment algorithms.

1. INTRODUCTION

There exist in the literature a great number of approaches for
enhancement of noise-corrupted speech such as Ephraim-
Malah (E-M) MMSE [1], log spectral amplitude (LSA) es-
timation [2], speech enhancement based on human auditory
perceptual criteria [3] and configuration-based spectral esti-
mation [4]. The objectives of speech enhancement are mainly
to improve the perceptual quality, speech intelligibility and
to reduce listener fatigue.

In this paper, single channel speech enhancement is stud-
ied. One of the main approaches of speech enhancement al-
gorithms is to obtain the best possible estimates of the short
time spectra of a speech signal from a given noisy speech.
In [5], the elimination of musical noise phenomenon with
the E-M suppression method is analyzed; it proves that the
E-M noise suppressor is effective if a nonlinear smoothing
procedure is used to obtain more consistent estimates of the
a priori and a posteriori SNRs which are used to control the
gain function.

The advantage of the E-M noise suppression method is
derived from the non-linearity of the averaging procedure.
When the speech level is well above the noise level, the a
priori SNR estimation equation involves a mere one-frame

delay, and the estimate is no longer a smoothed SNR esti-
mate, which is important in the case of non-stationary sig-
nal [5]; when the speech signal level is close to or below
the noise level, the a priori SNR estimation equation has
a smoothing property and the musical tone phenomenon is
greatly reduced. Therefore, the total effect of noise suppres-
sion is improved as compared to other conventional methods.

In [6], the characteristics and performance of a β-order
MMSE method is studied. The method assumes that speech
and noise spectral amplitudes are Gaussian distributions. The
cost function J = E{(Aβ

k − Âβ
k)2} is used as an estima-

tion criterion, where Âk is the estimate of spectral ampli-
tude of the speech signal whose spectral component is Sk =
Akejαk . To obtain a more accurate estimate and achieve
sufficient suppression of noise, as well as minimal musi-
cal tones in the residual signal, an adaptive β-order MMSE
method is proposed and its performance is analyzed.

In this paper, the human perceptual auditory masking ef-
fect is incorporated into the adaptive β-order MMSE method
in order to achieve an optimal effectiveness for both high
noise suppression and low perceptual speech distortion. There
are many existing speech enhancement methods which ex-
ploit the properties of the human auditory system. The main
aim of these methods is to find an optimal trade off between
noise suppression, speech distortion and residual tonal noise
level [3]. In addition, most of them use the a posteriori SNR
to achieve noise suppression. In [3], a generalized spectral
subtraction is proposed to adapt speech enhancement param-
eters based on the noise masking threshold. It is assumed
that a human listener is unable to perceive additive noise as
long as it remains below this threshold.

2. β-ORDER MMSE SHORT-TIME SPECTRAL
SUPPRESSION

An observed noisy speech signal x(t) is assumed to be a
clean speech signal s(t) degraded by uncorrelated additive
noise n(t), i.e.,

x(t) = s(t) + n(t), 0 ≤ t ≤ T. (1)

Let Sk = Akejαk , Nk and Xk = Rkejϑk denote the kth
spectral component of the clean speech signal s(t), noise
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n(t) and the observed noisy speech x(t), respectively. We
are looking for the estimate Âk, which minimizes the fol-
lowing distortion measure

J = E{(Aβ
k − Âβ

k)2} (2)

given the observed signal {x(t), 0 ≤ t ≤ T}, where β is the
order of the spectral amplitude of the signal. Obviously, the
estimator is given by

Âk = β

√
E{Aβ

k |x(t), 0 ≤ t ≤ T}. (3)

With the Gaussian model assumption, the gain function is
given by

Gβ(ξk, γk) =
√

υk

γk
[Γ(β/2+1)M(−β/2; 1;−υk)]1/β (4)

where Γ(.) is the gamma function and M(α; γ; z) is the con-
fluent hypergeometric function, and υk is defined as follows

υk =
ξk

1 + ξk
γk (5)

where ξk and γk represent the a priori SNR and a posteriori
SNR respectively [1, 2], i.e.,

ξk =
ηs(k)
ηn(k)

, γk =
R2

k

ηn(k)
. (6)

ηn(k) = E{|Nk|2}, and ηs(k) = E{|Sk|2} are the vari-
ances of the kth spectral components of noise and speech,
respectively.

The estimate of a priori SNR, ξk, can be given by the
decision-directed approach proposed in [1] and is described
as follows

ξ̂k(l) = (1 − α)max[γk(l) − 1, 0]

+ α
|Gβ(ξ̂k(l − 1), γk(l − 1))Xk(l − 1)|2

ηn(k)
.

(7)

Normally, the parameter α is set to 0.98 [1, 5], and l denotes
the frame number.

In order to utilize effectively the perceptual properties of
the human auditory system, we consider the flooring effect
by using the masking threshold. Therefore, we re-define the
gain function, Gβp

(ξk, γk), as follows

Gβp
(ξk, γk) =

⎧⎪⎪⎪⎨
⎪⎪⎪⎩

√
υk

γk
[Γ(β/2 + 1)M(−β/2; 1;−υk)]1/β ,

if γk > ρ1(k) + ρ2(k)

{ρ2(k) 1
γk
} 1

2 , otherwise
(8)

where ρ1(k) and ρ2(k) are determined by the masking thresh-
old [3] and elaborated further in the following page. The
estimate of speech signal therefore is given as follows

Ŝk = Gβp
(ξk, γk)Xk. (9)

3. PROPOSED ADAPTIVE β VALUE BASED ON
MASKING PROPERTIES

It is noted that the gain always converges to the Wiener gain
value if the value of instantaneous SNR (γk − 1) is large
enough for a certain a priori SNR ξk value regardless of the
β value. When β approaches 0 (β = 0.001), the gain curve
is very close to the E-M LSA [2] gain curve. While β = 1, it
is exactly the same as the E-M STSA-MMSE [1] gain curve.

The elimination of musical tones using the E-M STSA-
MMSE [1] estimator is described in [5], and obviously, it
can be applied to the β-order MMSE described by Eq. (8)
for any value of β.

Fig. 1 (a) shows the gain curves as a function of β for
different ξk values when the instantaneous SNR (γk − 1)
is equal to 0 dB, and it indicates that gain increases as the
value of β increases. Fig. 1 (b) shows the gain curves as a
function of β value, for different instantaneous SNR, (γk-1),
for the case of a priori SNR, ξk, equals to 0 dB. It illus-
trates that the smaller the value of the instantaneous SNR
(γk − 1) is, the bigger the increment of gain (in dB) will be
as β increases. According to psychoacoustics theory, mask-
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Fig. 1. (a). Gain versus β value for a priori SNR ξk = -20, -10, 0,
10, 20 dB and instantaneous SNR (γk-1) = 0 dB. (b). Gain versus
β value for instantaneous SNR (γk-1) = -20, -10, 0, 10, 20 dB and
a priori SNR ξk = 0 dB.

ing plays a very important role in human hearing. Some au-
dio components cannot be heard because they are masked by
other audio components. This implies that human listeners
cannot notice the difference between the original speech and
the speech distorted by a processing step if the distortions
caused by the processed speech are masked by some parts
of the original speech retained in the processed speech. The
maximum allowable noise spectrum (or distortion spectrum)
where the distortion is not discernible by a human listener is
called the masking threshold. We can use auditory masking
effects in noise suppression to overcome the classic tradeoff
between noise reduction and speech distortion, wherein the
audible noise is masked rather than being suppressed further.
This reduces chances of further distortion of speech.

Based on the analysis of the characteristic of β-Order
STSA MMSE estimator, we arrive at the appropriate β value
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for a particular frame l, i.e., we can make β a function of
frame SNR Ξ(l), which is defined as follows

Ξ(l) =

10 log10 max
{∑N/2

k=0 {max[Rk(l) − √
ηn(l, k), 0]}2

∑N/2
k=0 ηn(l, k)

, ε
}

(10)

where ε is a very small positive number, in practice ε =
2.22 × 10−16. From the masking threshold , we can deter-
mine the power and spectral shape of noise that might be
inaudibly inserted into the speech signal. Consequently, the
frequency-dependent masking threshold can be regarded as
the desired re-shaping of the noise spectrum. We propose
that the value of β depends not only on the frame SNR, but
also changes according to a particular masking threshold in
the corresponding Bark band. This approach has shown to
achieve more improvements in both objective evaluation and
subjective assessment as compared to the case which does
not use masking properties. We may express the β value as
a function of the two variables in polynomial form

β(l, k) =
∞∑

i=0

∞∑
j=0

cijΞ(l)iApf
(l, k)j =

τ0 + τ1Ξ(l) + τ2Apf
(l, k) + τ3Ξ(l)Apf

(l, k) + Φ(Oh)
(11)

where Apf
represents the perceptual factor of the human au-

ditory system in the frequency domain. cij and τi (i, j =
0, 1, 2, ...,∞) denote the polynomial coefficients, and Φ(Oh)
denotes the high-order polynomial terms.

By ignoring the high-order polynomial items, and assur-
ing β is the monotonic non-decreasing function of Ξ(l), we
express β(l, k) approximately in the following form

β(l, k) = τ0 + τ1Ξ(l) + τ2Apf
(l, k)

+ τ3max[(Ξ(l) + τ4), 0]Apf
(l, k)

(12)

where τi (i = 0, 1, 2, 3, 4) denotes the polynomial coeffi-
cients. If the masking threshold is high, residual noise will
naturally be masked and become inaudible. In this case,
the β value should be high in order to reduce the chance
of speech distortion. However, if the masking threshold is
low, residual noise will be annoying to a human listener and
it is thus necessary to process it. This is done by reducing β
value appropriately.

Normally, we adjust our speech enhancement parameters
based on the principle that the residual noise stays below the
masking threshold of the auditory system. According to the
above analysis, we adapt the high β value to high SNR con-
dition, and also high β value to high masking threshold. We
observe that too high β value will cause apparent distortion
of speech signal. Here, we give the empirical polynomial

coefficients for the β function as follows

β(l, k) = min{max{0.942 + 0.121Ξ(l) + 0.981Apf
(l, k)

+ 0.187max[(Ξ(l) + 6.7), 0]Apf
(l, k), 0.001}, 4}.

(13)

As speech is quasi-stationary in nature, it is not surpris-
ing that there is a significant correlation in the perceptual
properties of two adjacent frames. In addition, the effect of
pre-masking and post-masking occurs predominantly in the
same critical band. Thus, we propose the following adjust-
ment to the relevant factor of perceptual properties in the
Bark domain, Ap, as follows

Ap(l, λ) = δAp(l − 1, λ) + (1 − δ)T̂p(l, λ) (14)

where δ is a forgetting factor equals to or less than 0.05,
which is obtained empirically, and the value of the normal-
ized masking threshold, T̂p, is determined by

T̂p(l, λ) =
T (l, λ) − Tmin(l)
Tmax(l) − Tmin(l)

(15)

where Tmax(l) and Tmin(l) are the maximal and minimal
values of noise masking threshold T (l, λ) at current frame l.

The perceptual factors, Apf
, and the normalized masking

threshold, T̂p, in the frequency domain and Ap in the Bark
domain, have the following relationship

Apf
(l, k) = Ap(l, λ) (16)

T̂pf
(l, k) = T̂p(l, λ). (17)

Just like most masking-based speech enhancement methods,
noise masking threshold T (l, λ) has to be obtained from a
speech signal. In this paper we determine T (l, λ) from an
estimated speech signal which is obtained using the normal
a posteriori spectral subtraction method.

The parameters ρ1(k) and ρ2(k) are obtained as follows

ρ1(k) = T̂pf
(l, k)(ρ1max − ρ1min) + ρ1min (18)

ρ2(k) = T̂pf
(l, k)(ρ2max − ρ2min) + ρ2min (19)

where ρ1min, ρ2min and ρ1max, ρ2max denote the minimal
and maximal values of the suppression parameters respec-
tively. For Eq. (8) case, we select ρ1min=1, ρ1max=6.28,
ρ2min=0 and ρ2max=0.015.

4. PERFORMANCE EVALUATION

Various types of noise, taken from the NOISEX-92 database,
are used in our performance evaluation. A total of 30 phonet-
ically balanced speech utterances from the TIMIT database
are used in the evaluation. The effectiveness of the proposed
enhancement algorithm is evaluated at the sampling rate of
8kHz with a frame size of 256 samples (32 ms). The samples
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Fig. 2. Speech spectrograms (a) Clean Speech (b) Noisy speech; (f16
noise) (c) Over-subtraction masking method; (d) Our proposed masking-
based adaptive β-order method.

Methods SS LSA MMSE OM BM

MOS 2.01 3.25 2.98 2.81 3.52

Table 1. MOS values for the following methods. 1. SS: Spectral subtrac-
tion; 2. LSA: E-M LSA; 3. MMSE: E-M MMSE; 4. OM: Over-subtraction
based on masking properties; 5. BM: Our proposed masking-based adaptive
β-order MMSE.

are Hamming windowed with 75% overlap between adjacent
frames.

Fig. 2 shows the spectrogram comparison, and Fig. 3
shows the improvement in segmental SNR performance and
Itakura-Saito distortion measure for the different speech es-
timation algorithms. From these figures, we can see that
the proposed method always outperforms the other methods.
Table 1 gives the MOS listening test results which confirm
that our proposed masking-based enhancement method leads
to the best performance for human listeners as compared to
other enhancement methods.

5. CONCLUSION

In this paper, a method that combines the adaptive β-order
STSA-MMSE speech enhancement estimator and perceptual
properties of the human auditory system is proposed. Based
on the perceptual properties of the human auditory system,
a method to determine the value of beta is introduced. The
method is verified by computer simulations. From the sim-
ulations results, it is shown that the proposed algorithm out-
performs many existing speech enhancement methods. In
addition, it possesses a good tradeoff in minimizing both
speech distortion and residual noise simultaneously. This
characteristic is especially useful for the case of weak spec-
tral components of speech signal that is corrupted by noise.
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Fig. 3. (a) Segmental SNR improvement and (b) Itakura-Saito distortion
measure for noisy input (.) with Volvo car noise. The tested methods are as
following (-.) a posteriori spectral subtraction, (x) Over-subtraction mask-
ing, (o) LSA, (�) E-M MMSE, (*) Our proposed masking-based adaptive
β-order method.
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