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Abstract


Signal-to-noise (SNR) measurement of noisy speech sig-
nals is an important topic, e. g., in automotive environ-
ments. This paper presents an approach which aims to
measure the SNR of a speech signal distorted by stationary
noise as close as possible to a reference-based SNR mea-
surement according to the ITU-T Recommendation P.56,
however, without using any reference signals. The pro-
posal offers low computational complexity, and it can be
applied for narrowband and wideband signals within a typ-
ical SNR range. The measured SNR is calculated by means
of a separate estimate of speech and noise power, result-
ing in raw SNR measurements which have to be corrected
by a mapping function. The proposal was evaluated thor-
oughly by means of speech data in 15 different languages
and car noise data. Based on measurements with a dura-
tion of 80 seconds, the proposed method achieved a corre-
lation coefficient larger than 0.98 compared to state-of-the-
art reference-based SNR measurement employing P.56 ref-
erence levels of speech and noise. The method is proposed
for a new ITU-T Recommendation within Study Group 12,
Focus Group Carcom.


1 Introduction
Signal-to-noise (SNR) measurement of noisy speech sig-
nals is an important topic in automotive environments,
e. g., for investigating optimal microphone positions. In
speech enhancement, newly developed approaches are of-
ten evaluated by means of artificially added speech and
noise signals, in order to evaluate the approach by a white-
box, or a black-box test under different SNRs [1, 2]. To
simulate a reference SNR under lab conditions, the desired
SNR is reasonably adjusted according to the ITU-T Rec-
ommendation P.56 [3]. Following the recommendation,
the clean speech signal and the noise signal are scaled by
means of the active speech level and the root mean square
(RMS) level, respectively. Finally, the noisy speech signal
is yielded by superimposing both signals.
In the evaluational phase, the newly developed approach
is often tested under real conditions, i. e., with real sig-
nals, e. g., inside of a car. In this case, the separation of
clean speech and additive noise is not possible anymore,
the SNR has to be measured.
The aim of this contribution is to measure the SNR of an
arbitrary noisy speech signal as close as possible to the ref-
erence SNR from ITU-T Recommendation P.56, but with-
out using any reference signals. This "reference-free" na-
ture allows for a wide flexibility; the proposed method just
has to be applied to the noisy speech signal. Moreover, it
offers low complexity, and can be applied both to narrow-
band and wideband signals.
To measure the SNR of the noisy speech signal in our ap-
proach, first the speech and noise power have to be esti-
mated. Because of the additive nature of the noise, the


speech power is approximated as the difference between
the noisy speech power and the noise power. The noise
power is estimated by a noise power tracking algorithm.
To estimate the P.56 active speech level only speech active
frames are taken for the speech power estimation. There-
fore, a voice activity detection (VAD) is needed. The noise
power is estimated separately. Then, the measured SNR
is the ratio of the speech and noise power estimates. Since
the effectiveness of the employed algorithms (such as noise
power estimation, or frame selecting) decreases signifi-
cantly at low reference SNR values, the raw SNR mea-
surement leads to systematical measurement errors in this
region. Therefore, the resulting raw SNR values have to be
corrected by a mapping curve.
The next section describes the SNR measurement approach
in detail.


2 Signal-to-Noise Ratio Measurement
The input signal y(n) of the measurement system is as-
sumed to consist of the clean speech signal s(n) and an
additive noise signal n(n), with n being the discrete time
index. After segmentation, windowing, and the discrete
Fourier transform (DFT), the input signal can be rewrit-
ten as Y (ℓ,k) = S(ℓ,k)+N(ℓ,k) with ℓ being the analysis
frame index, k being the frequency bin index.
The signal-to-noise ratio (SNR) is defined by means of the
active speech level as
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with Λ1, |Λ1|, L, K, and PS, PN being speech active frames,
the number of speech active frames, the number of frames
and frequency bins, as well as the speech and the noise
power, respectively.
Since PS and PN are not accessible in practice, they have
to be estimated. Using the additive nature of the noise,


the nominator is estimated with contributions of P̂S(ℓ,k) =


max{PY (ℓ,k)− σ̂2
N(ℓ,k),0}, with PY (ℓ,k) = |Y (ℓ,k)|2, and


σ̂2
N(ℓ,k) being the estimated noise power, respectively. The


maximum operator ensures a non-negative speech power
estimate. According to the definition of the active speech
level, for the estimation of PS in (1) only speech active
frames are taken
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The speech active frames Λ1 are detected by the voice ac-
tivity detection (VAD).
PN in (1) is determined with contributions of the estimated
noise power.
The next section gives an overview about the error correc-
tion of the raw SNR measurement.







3 SNR Mapping Curve
For the further steps beyond the raw SNR measurement,
we performed simulations on our training speech and noise
data set. Within the frame-based processing, we computed


PY (ℓ,k), the noise power estimate σ̂2
N(ℓ,k), as well as the


VAD (to select frames Λ1) was employed. Then, the raw
SNR value for the ith speech file became


ŜNRraw(i) = 10log
P̂S (i)


P̂N(i)
. (3)


This whole process was repeated for all speech files, re-
sulting in varying raw SNR estimates. Moreover, since
the detection of any parameter (e. g., noise power, frames
with speech activity) is quite challenging at low SNRs, a
systematic measurement error, i. e., slow saturation of the
average raw SNR measurement with decreasing reference
SNR, was observed in this SNR region. This means that
the reference SNR and the measured raw SNR values do
not have a linear relationship. Therefore, the raw SNR
measures have to be corrected by a mapping curve, in or-
der to obtain an unbiased estimation.
The points of the mapping curve are related to the inverse
of the mean raw SNRs for every reference SNR. Since
the mean of the raw SNRs in dependency of the reference
SNRs is a nonlinear function, the mean of the corrected
measurements will not be linear (E{g(X)} 6= g(E{X}) for
an arbitrary function g(·) and a discrete random variable
X). Therefore, the optimization of the mapping curve can
only be carried out recursively, resulting in an approxi-
mative solution. We decided to approximate the resulting
mapping curve by a polynomial fit [4] as


ŜNR = f (ŜNRraw) (4)


with f (·) being a polynomial. The next section presents
the evaluation of the proposal.


4 Evaluation
In order to prove the merit of the proposed method, we
performed simulations on our test speech and noise data
set taken from the same databases and being of equal size
as the training data set. We employed 720 speech files (48
speech files in 15 different languages) taken from the NTT
Multi-Lingual Speech Database for Telephonometry [5],
each with a length of 8 s. As noise data car noise signals
were randomly taken from the ETSI database [6]. Both
the speech and noise signals were filtered according to the
ITU-T P.341 filter mask [3] and the MIRS filter mask [3]
for wideband and narrowband signals, respectively. Then,
the active speech level was scaled to 26 dB below the clip-
ping level, and the RMS level of the noise signal was ad-
justed to the desired input SNR according to ITU-T Rec-
ommendation P.56 [3]. Input SNR values from -10 dB up
to 30 dB were employed in 1 dB steps. After the superpo-
sition of both the speech and noise signals, a frame-wise


processing was carried out. The resulting ŜNRraw(i) value
in (3) for the ith speech file was corrected by the map-
ping function (4). This whole process was repeated for all
speech files; the bias of the estimation could significantly
be reduced by the mapping function.
In measurements, the absolute error is often worth to inves-
tigate. Based on 8 s signals, max. 1 dB absolute estimation
error was observed in at least 65%, and max. 2 dB abso-
lute estimation error in at least 85% of the measurements
with narrowband and wideband signals. These values may


be too high for some applications. Applying longer speech
sequences, however, e. g., by averaging estimation results
in groups, the absolute error can be reduced. This could be
observed for groups of 10 files of 8 s each and 60 files of
8 s each, reflecting a measurement duration of Tm = 80 s
and Tm = 480 s, respectively. As a conclusion, we recom-
mend averaging SNR measurements based on groups of
8 s signals in order to reduce the absolute error of the mea-
surement.
In addition, the quality of the measurement method was
evaluated by calculating a correlation coefficient between
the reference-based SNR measurement employing ITU-T
P.56 reference levels and the proposal. This was done by
means of Pearson’s formula [7]
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for all speech signals and reference SNR values with i,


SNRref and (·) being the speech file index, the reference
SNR value from P.56 reference-based measurement, and
the mean operator, respectively. The correlation coefficient
for different measurement durations Tm (again, simulated
by assembling groups of the 8 s database signals) achieved
a correlation coefficient of larger than 0.98 in all cases.


5 Conclusions
This paper presents a reference-free SNR measurement
method that requires only the noisy speech signal as input.
It was thoroughly tested and evaluated under stationary
noises for narrowband and wideband speech signals and
compared to ground truth by reference-based measurement
of speech and noise separately using P.56. The resulting
SNR estimates achieve a correlation coefficient of greater
than 0.98 compared to the P.56 reference. The method is
under discussion to be adopted within a new ITU-T Rec-
ommendation.
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