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Introduction

Instrumental quality assessment serves as an important tool
for evaluating and developing noise reduction systems. Com-
monly three measures are of major interest: the quality of
the speech component, the level of noise attenuation, and the
amount of musical tones, as a specific type of noise distor-
tion. The first two measures can already be obtained in an
instrumental manner in many applications [1], see also ITU-
T Recommendations P.1100 [2] and P.1110 [3]. Nevertheless,
noise distortions such as musical tones are usually still be-
ing subjectively evaluated. Recently, a high correlation of the
perceived level of musical tones with the log-kurtosis ratio
has been observed in [4]. However, this measure is computed
from the noisy speech signal and the enhanced speech signal,
making this ratio dependent on the level of noise attenuation.
In addition, [4] assumes that the noise and speech signals
are gamma-distributed in the power spectral domain. Mo-
tivated by the idea of an instrumental measure for residual
noise distortion being independent of speech distortion and
noise attenuation, a modified approach to the log-kurtosis
ratio measure is proposed in this paper. Furthermore, two
other quantities are presented for evaluating the quality of
the speech component and noise attenuation.

In the sequel the instrumental quality assessment framework
is briefly recapitulated. The three independent instrumental
measures are then described. Finally, the experimental setup
and results will be presented.

Quality Assessment Methodology

In a laboratory setup, we have the clean speech signal s(n)
and the background noise signal n(n) with time index n at our
disposal. The noisy speech signal y(n) can then be computed
as y(n) = s(n)+n(n). The speech enhancement system in
our case is a frequency-domain noise reduction system. In
the discrete frequency domain, the spectral weights G(ℓ, k)
are computed from Y (ℓ, k), where ℓ is the frame index, and
k is the frequency bin. The enhanced speech signal can then
be estimated as Ŝ(ℓ, k)=Y (ℓ, k)·G(ℓ, k). Applying the same
G(ℓ, k) for filtering S(ℓ, k) and N(ℓ, k) separately, we obtain
the filtered speech signal S̃(ℓ, k) and the filtered noise signal
Ñ(ℓ, k). The time domain signals ŝ(n), s̃(n), and ñ(n) show
then the relationship ŝ(n) = s̃(n) + ñ(n) due to the linearity
property. Note that if no internal access to G(ℓ, k) is possible,
then signals S̃(ℓ, k) and Ñ(ℓ, k) can be obtained following [1]
or section 8 in [2, 3].

Independent Instrumental Measures

Firstly, the quality of the speech component is assessed by the
perceptual evaluation of speech quality mean opinion score
(PESQ-MOS) [5]. Please note that only the speech compo-
nent, i.e., the filtered clean speech signal s̃(n) relative to the
clean speech signal s(n) is judged with PESQ-MOS. As a
second measure, the signal-to-noise ratio (SNR) improvement

∆SNR = SNRout−SNRin in dB is employed to evaluate the
effective noise attenuation performance. If both noise and
speech components are attenuated, this measure shall only
capture the relative improvement. SNRin and SNRout are
computed from (s(n), n(n)) and (s̃(n), ñ(n)) using ITU-T
Recommendation P.56 [6].

Uemura et al. have shown with signals y(n) and ŝ(n) that
the lower a certain log-kurtosis ratio is, the less musical tones
will be perceived [4]. We now propose a modified log-kurtosis
ratio

∆Ψlog = log

(

Ψñ

Ψn

)

, (1)

where Ψñ and Ψn are a kurtosis related to the filtered noise
signal and to the noise signal, respectively. We use ∆Ψlog to
quantify noise distortion (such as, e.g., musical tones). Dif-
ferent from [4], where |N(ℓ, k)|2 are assumed to be gamma-
distributed in the power spectral domain, no such assump-
tion is needed here. In the theory of higher-order statis-
tics, the kurtosis Ψx of a random variable x is defined as

Ψx = E{[x−µ]4}

(E{[x−µ]2})2
, where E{·} is the expectation operator

and µ = E{x}. Similar to this definition, an instantaneous
kurtosis of log-squared amplitude noise DFT coefficients for
each frame ℓ can be computed as

Ψn(ℓ)=

1

K

K
∑

k=1

[

10 log(|N(ℓ, k)|2)−10 log(|N(ℓ, k)|2)
]4

(

1

K

K
∑

k=1

[

10 log(|N(ℓ, k)|2)−10 log(|N(ℓ, k)|2)
]2
)2 , (2)

with 10 log(|N(ℓ, k)|2) =
1

K

K
∑

k=1

10 log(|N(ℓ, k)|2) and K be-

ing the DFT length.

The kurtosis Ψñ(ℓ) can straightforwardly be computed by re-
placing N(ℓ, k) with Ñ(ℓ, k) in (2). The two terms Ψñ and
Ψn will then be calculated as

Ψñ =
1

L

L
∑

ℓ=1

Ψñ(ℓ), Ψn =
1

L

L
∑

ℓ=1

Ψn(ℓ), (3)

where L indicates the frame length. Finally, ∆Ψlog can be
computed with Ψñ and Ψn without any assumption about
probability distribution functions.

Furthermore, it can be shown that the three instrumental
measures PESQ-MOS, ∆SNR, and ∆Ψlog are independent
from each other.

Experimental Setup and Results

Our experiments are performed with automotive noises. Eight
clean speech signals (four male and four female), and 12 in-car
background noise signals, each with a length of 8s, are taken
from the NTT database [7] and the ETSI background noise
database [8], respectively. The SNRin values are chosen from
−5 dB to 20 dB with a step-size of 5 dB. Signals are windowed
by a Hann window of length 512 samples, followed by a DFT
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Figure 1: SNR improvement of MMSE-SA for different
input SNR levels
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Figure 2: Speech component quality of MMSE-SA for
different input SNR levels

with length K = 512 and a frame shift of 50%. All signals
are sampled with 16 kHz. Ephraim and Malah’s MMSE-SA
estimator [9] will be evaluted with the a priori SNR ξ(ℓ, k)
being estimated by the decision-directed (DD) approach [9]

ξ
′(ℓ, k) = β ·

|Ŝ(ℓ−1, k)|2

φ̂NN (ℓ−1, k)
+(1 − β)·P [γ(ℓ, k)−1], (4)

ξ(ℓ, k) = max{ξ′(ℓ, k), ξmin},

with a smoothing factor β, the enhanced speech signal of the
previous frame Ŝ(ℓ− 1, k), the a posteriori SNR γ(ℓ, k) =
|Y (ℓ,k)|2

φ̂NN (ℓ,k)
, and ξmin = −15 dB. The estimated noise power

spectrum φ̂NN (ℓ, k) is computed via minimum statistics [10].
In this paper, we choose 0 ≤ β ≤ 0.998. The correspond-
ing results of PESQ-MOS(β), ∆SNR(β), and ∆Ψlog(β) are
shown in Figs. 1-3. It can be observed that with β in (4) be-
ing increased noise attenuation in terms of SNR improvement
increases exponentially. Therefore, concerning noise attenua-
tion a large β close to unity is of interest. However, transient
distortions for the speech component will unfortunately occur
with β being chosen close to unity, which leads to a strong
smoothing for the ξ(ℓ, k) estimation. This phenomenon can be
well analyzed by the PESQ-MOS measures of the speech com-
ponent in Fig. 2 for different SNRin levels. It can be observed
that with β ≥ 0.7 PESQ-MOS scores decrease monotonically.
The most cited benefit of employing the DD approach is to
reduce musical tones by setting β close to unity, which carries
out a smoothing procedure obtaining a more consistent esti-
mate of ξ(ℓ, k). The ∆Ψlog(β) measures in Fig. 3 reflect this
conclusion: When β is increased from 0 to 1, ∆Ψlog accord-
ingly will decrease meaning musical tones will be attenuated.
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Figure 3: Log-kurtosis ratio of MMSE-SA for different
input SNR levels

It can also be noted that ∆Ψlog increases with the decreasing
SNRin levels. This shows, that more musical tones will be
generated especially for low SNRin levels. This phenomenon
can be confirmed by informal listening tests.

Conclusions

We have presented three independent instrumental quality
measures for evaluating speech enhancement systems. Among
them a log-kurtosis ratio measure for noise distortion in terms
of musical tones is proposed. All measures serve to optimize
parametrization of a speech enhancement system.
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