NOISE ESTIMATION
AND

NOISE-SUBTRACTED SPEECH QUALITY
M. KAZAMA(1) and M. TOHYAMA(2)
(1)mich@ann.hi-ho.ne.jp, Waseda University, Tokyo, Japan
(2)m tohyama@waseda.jp, Waseda University and University of York, UK
Abstract
Spectral envelope correlation is a good indicator of the noise dominance in each frame. A frame-wise noise
spectrum can be estimated using the spectral envelope correlation between a past estimate of noise and the
current frame-signal. The noise spectrum estimation method described in this article includes a frame-byframe updating process for noise subtraction. We have evaluated the effectiveness of such noise suppression
from the viewpoint of temporal signal dynamics and PESQ (following ITU Recommendation P.862) as well
as opinion tests (according to a comparison category rating method specified by ITU-T P.800 Annex E).
Our evaluation confirmed that the proposed method works well under a wide range of S/N conditions. Both
PESQ and opinion rating scores increased for the noise-subtracted speech when the signal-to-noise ratio of
the unprocessed noisy speech became higher. The benefit of noise subtraction in terms of the equivalent S/N
was estimated to be 6 - 9 dB according to the opinion rating scores and 3 - 4 dB according to PESQ. The
equivalent S/N appears to be a good candidate for use as an appropriate measure of signal enhancement.
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1 Introduction
Speech signal enhancement is an important issue in
audio telecommunications because both direct and indirect sounds are required for immersive audio communication [1]. Noisy speech is generally not helpful
for audio communication, so there is already a long
history of research into noise reduction using a single microphone. This article describes a method for
noise subtraction based on frame-wise noise estimation. The noise suppression benefit of this method
is evaluated according to the signal level distribution
and perceptual evaluation of speech quality (PESQ)
following ITU Recommendation P.862 [2] as well as
through opinion tests conducted according to the
comparison category rating (CCR) method specified
by ITU-T P.800 Annex E [3].
Some methods that have been investigated extensively are spectrum subtraction [4], estimation of the
short-time spectral amplitude (STSA) [5], and a subspace approach that includes spectral subtraction as
a special case [6]. These methods are based on the assumption that a speech signal is independent of other
noise, but frame-dependent speech or noise-level estimation has also been studied with the goal of reducing
the processing noise referred to as musical noise [4].
The noise level is assumed to be constant in spectral subtraction. Since the assumption that there is
no correlation between noise and speech signals does
not always hold when the frame length is short, an
over-subtraction factor that takes into account the
frame variances of the noise characteristics has been
proposed [4].
Kazama et al. [7] demonstrated that when the
analysis and synthesis frame is short (8 - 256 ms) an
intelligible utterance can be reconstructed using the
speech magnitude with a random phase instead of the

speech phase [8]. This can be an ideal case for spectral subtraction when perfect noise estimation and
subtraction is performed [9]. This ideal case suggests
that the processing noise referred to as musical noise
might not be produced when the noise spectrum is
accurately estimated.
In this paper we present a procedure for frame-byframe noise-spectrum estimation based on the dissimilarity of the magnitude-spectrum envelopes of noise
and speech. The correlation coefficient between the
noise and speech envelopes is used as a measure of
their dissimilarity and in every frame can indicate
whether noise or speech is dominant. As well as being
useful for spectral subtraction, our noise estimation
method will be useful for other types of noise reduction since the framework of the spectrum estimation
method does not require fixed statistical or theoretical models.
Although noise that is spectrally dissimilar to
speech might not severely degrade speech intelligibility in practical situations (except extremely bad
cases), it is desirable to reduce the noise level if this
can be done without distorting reconstructed speech
signals. We therefore evaluated the benefits of noise
subtraction through the temporal energy distributions and PESQ [2], as well as through CCR opinion
tests [3]. Noise samples were taken in a teleconferencing room.

2 Noise Estimation using Spectral
Envelope Correlation
Noise spectrum estimation is a key issue concerning noise reduction, as pointed out above. Here we
propose a frame-wise noise estimation method that
uses a spectral envelope instead of the spectral fine
structure. Suppose we have at the (l − 1)th frame a

noise spectrum estimate N (k, l − 1) and have at the
lth frame a magnitude spectrum observation X(k, l).
When speech is absent (noise is dominant) in the lth
frame, we update the noise spectrum estimate for the
lth frame by using the rule
N (k, l) ≡ aN (k, l − 1) + bX(k, l).
Otherwise, when speech is dominant, we set
N (k, l) ≡ N (k, l − 1),
where a + b ≡ 1 and both a and b are updating parameters (or functions) defined later. In this updating
procedure we need a classifier of noise and speech in
every frame.
We introduce a probability P (N ) that represents
the noise dominance and combine the above equations
as
N (k, l) ≡ P (N ) [aN (k, l − 1) + bX(k, l)]
+ (1 − P (N )) N (k, l − 1).

Thus, we can update the noise estimates according to
the temporal characteristics of noise and experimentally determine the parameter α which depends on
the frame length conditions.

3 Noise Subtraction Using the
Proposed Method
In this numerical study we used speech signals and
noise from a projector fan recorded in a teleconferencing room, but synthesized the noisy speech samples through superposition. The noise estimation and
subtraction procedure is summarized schematically in
Fig. 1. The process proceeds frame-by-frame with a
short frame-hop size because we need to track the
temporal properties of noise signals. Spectrum analysis is done using a conventional short-time Fourier
transform (STFT).
According to the noise estimation process, the
noise subtraction performed in the lth frame is
Ŝ(k, l) ≡ X(k, l) − N (k, l)
when the estimated speech magnitude spectrum
Ŝ(k, l) is non-negative; otherwise we set

Here we express the probability using the magnitudeenvelope correlation between the noise estimate
Ŝ(k, l) ≡ 0.
N (k, l − 1) and the lth frame spectrum X(k, l).
Suppose that the lth frame spectrum-envelope
The noise-suppressed speech signal can be synthesized
XE (k, l) is composed of
through the inverse STFT of the estimated speech
magnitude with the observed phase of the noisy sigXE (k, l) ≡ NE (k, l) + SE (k, l),
nal in every frame.
The signals were sampled at 16 kHz, and every 16
where NE (k, l) and SE (k, l) respectively denote the ms we took a 32-ms frame by using a rectangular winnoise and speech envelope in the frame. If we assume dow after zero padding so that the total frame-length
that
was 256 ms. We could get sinusoidal components of
a signal without windowing artifacts from the STFT
NE (k, l − 1) ∼
spectrum through a rectangular window if this was
= NE (k, l),
necessary [10]. The frame length stated above might
be the upper limit at which an intelligible speech sigwhere NE (k, l − 1) is the envelope of the noise esti- nal can be synthesized with random phase [7][8]. A
mate in the (l − 1)th frame, then the cross-correlation triangular window was used to synthesize the signal
coefficients ρ(l) between XE (k, l) and NE (k, l−1) can according to an overlapping add method after subbe written as
traction.
A longer frame length (256 ms without zero2
NE (k, l)
padding)
was taken to obtain noise estimates with suf2
∼
≡ P (N )
ρ (l) =
2 (k, l)
ficient frequency resolution. Noise subtraction based
XE
on these two different frame lengths can be done uswhere ∗ are the frequency averages and the noise and ing a moving-average of the past noise-spectrum estispeech envelopes are assumed not to be correlated mates. This moving-average-based noise subtraction
generally could be done on an over-subtraction basis,
with each other.
and we also discarded the noise levels below the averConsequently we set
age so that the moving average traced the minimum
levels.
£
¤
This could cause aggressive noise subtraction.
2
2
∼
N (k, l) = 1 − bρ (l) N (k, l − 1) + bρ (l)X(k, l)
Therefore, we will normally need post-processing in
≡ [1 − αρq (l)] N (k, l − 1) + αρq (l)X(k, l), the frequency domain just before the inverse STFT
for speech reconstruction so that severe spectral distortion will not be perceived. The details regarding
where q can be defined so that
this processing are still under investigation.
Spectral envelopes were obtained by smoothing
the magnitude spectrum every frame before taking
ρq (l) → 1/2 when ρ(l) → 1.

the moving average. If we describe this smoothing
process of the sequence in the frequency domain in
terms of time-sequence processing sampled every 1/16
ms, it corresponds to low-pass filtering with a cutoff
frequency of 1,000 Hz.
Figure 2 shows a noise-subtraction example. Panels (a) and (b) illustrate samples of clean (a) and
noisy (b) speech waveforms, where the average segmental signal-to-noise ratio (S/N) was about 0 dB.
The samples of speech and noise from the projectorfan were separately recorded in a teleconferencing
room so that we could control S/N in the noisy speech
signals. Panel (c) shows the spectral envelope correlation on a frame-by-frame basis. We can see that
it was low in the frames where speech signals were
likely to be dominant. This indicates that the spectral envelope correlation should be a good estimator
for speech dominance even in short frames. Panel (d)
is a resultant waveform obtained through the noisesubtraction process. We analyze the effect of noise
reduction on the enhancement of noisy speech in the
following sections.

4 Noise-Reduction Effect
The effect of spectrum subtraction on noise reduction can be determined through signal dynamics in
the temporal domain. In general, we would expect
a signal level increase as the noise level rises according to the hypothesis that noise and speech are independent of each other. Figure 3 compares clean and
noisy speech frame energy (with and without subtraction) for every 32 ms of frames. We can see that the
frame energy for the noisy speech was above that for
the clean speech, while the frame energy for the reconstructed speech was lower than that for the clean
speech. This was due to the over-subtraction. If we
consider the noise reduction benefit as including the
over-subtraction effect, the noise levels were reduced
by about 15 dB.

5 Noise-Subtracted Speech Quality
Evaluated by PESQ
The noise-subtracted samples, such as those shown
in Fig. 2, were intelligible as was the original noisy
speech. We evaluated speech quality by PESQ following ITU Recommendation P.862. Figure 4 shows the
evaluation results, which indicate an improved PESQ
after noise subtraction. Here, PESQ was averaged
over 10 sentences, where five sentences were spoken by
a male speaker and the other five were spoken by a female speaker, for each of the S/N conditions. Figure
4 shows PESQ for both noisy and noise-subtracted
samples as the averaged segmental S/N changed. We
found that PESQ increased almost linearly for the
noisy samples used in this experiment as the S/N increased. Interestingly, PESQ for the noise-subtracted
speech also rose as the S/N increased. The benefit
of noise subtraction in terms of PESQ was about 0.4,
and this value was almost independent of S/N for the
original samples (except for extreme cases). This increase in PESQ corresponded to an S/N improvement
of 3 - 4 dB. Thus, our subtraction scheme appears to
work well when the S/N is between -6 and +18 dB.

6 Quality Evaluation through an
Opinion Test
We also evaluated the noise-subtraction effect on
speech quality through an opinion test based on the
CCR method specified by ITU-T P.800 Annex E [3].
Seven male subjects and one female subject participated in the opinion test. The subjects were asked
to evaluate sample pairs by giving rating scores on
a seven-point scale according to the guidelines of the
CCR method [3]. The subjects were PhD students
and researchers (including the authors) who had previously participated in various types of listening test.
Each subject evaluated 100 pairs of samples by listening through a headphone under a diotic condition.
The samples consisted of both unprocessed and processed noisy speech signals. The processed samples
were created through the noise-subtraction procedure
described above and might have included both residual noise and distortion due to the processing. Every
subject was therefore instructed to give an over-all
rating without attempting to decompose the factors
causing sound deterioration. Each rating score was
assigned to the second entry of each pair based on
the CCR method.
Figure 5 shows the opinion ratings on the sevenpoint scale for (a) unprocessed and (b) processed
sample-pairs. Figure 6 shows scores for pairs consisting of unprocessed and processed samples. There
were no significant differences between Figs. 5(a)
and (b), which both show that the opinion scores
increased as the absolute difference in the S/N between the compared entries became larger. The results shown in Figs. 3 to 5 suggest that the equivalent
S/N might be a suitable measure for evaluating the
effect of noise subtraction on speech quality. In other
words, the noise subtraction algorithm might be acceptable for practical use, if the processing benefit can
be evaluated in the equivalent S/N sense, because the
signal processing does not produce severe distortion.
Figure 7 shows the equivalent S/N estimated from
the opinion scores or PESQ for processed speech signals according to the results shown in Fig. 6. The
equivalent S/N is defined as the S/N for unprocessed
noisy speech that gives the same opinion score or
PESQ as for the corresponding processed speech. We
can see the realized processing benefit in terms of the
equivalent S/N shown in Fig. 7. The benefit was 6
- 9 dB according to the opinion scores and 3 - 4 dB
according to PESQ. The difference in these benefit
ranges was probably because all of the speech samples
were basically intelligible, so the subjects participating in the opinion tests mainly made their decision
according to the signal dynamics (as shown in Fig. 3)
while PESQ gives scores that include waveform distortion.

7 Summary
We have proposed a method for frame-wise noise estimation and subtraction. A frame-by-frame updating equation was derived using the spectral envelope
correlation between the last estimate of noise and a

current frame-signal. The correlation reflects the dissimilarity of the speech and noise spectra and thus
should be a good indicator of noise dominance in each
frame.
A long frame-length with sufficient frequency resolution was used for noise estimation, while a short one
removing the phase effect on intelligible speech representation was used for speech reconstruction. These
different frame lengths enabled effective noise subtraction on an over-subtraction basis, and these conditions were integrated by taking a moving average
for the noise estimates using the long frame and zeropadding for the short frame. Finally post-processing
in the frequency domain was added to reduce the distortion caused by aggressive over-subtraction.
The noise reduction benefits for noise-subtracted
samples, which were simulated using room noise
recorded in a teleconferencing room, were evaluated
through PESQ and opinion tests. The results indicate that our proposed method works well under a
wide range of S/N conditions. We found that PESQ
increased when the signal-to-noise ratio of the original
noisy speech rose. We could evaluate the benefit of
noise subtraction based on the equivalent S/N, which
might be an appropriate measure of signal enhancement. The estimated benefit in terms of the equivalent S/N was 6 - 9 dB based on the opinion rating
scores and 3 - 4 dB based on PESQ. We have not
yet explained this difference in the estimated benefit, or how to discriminate between the deterioration
factors due to remaining noise and those due to the
produced distortion. We thank Professor T. Houtgast
for his suggestions on the signal dynamics representation, YAMAHA Corporation for providing a facility
including the teleconferencing rooms, and Professor
Y. Yamasaki for his constant encouragement.
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