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ABSTRACT

Waveform clipping is a common problem in digital audio
signal processing. Clipping effect changes the audio
amplitude distribution and brings noise, which results in the
decrease of audio signal-to-noise ratio (SNR). To estimate
the degree of clipping effect, we propose a method for SNR
estimation of clipped signals base on audio amplitude
distribution. We first locate the clipping intervals of audio
signal with high precision based on the differences between
the amplitude probability density functions (PDFs) of
normal and clipped audio signals. Then, the -clipped
amplitude PDF is restored using Gamma distribution to
estimate the non-clipped amplitude distribution. Finally,
based on the restored PDF, the estimated SNR of distorted
audio signals are calculated, which can indicate the degree
of clipping effect. Experiments on 3200 audios show that
our approach can achieve a low error of 0.017 in clipped
values locating, and an error less than 0.5dB in SNR
estimation.

Index Terms—amplitude PDF, Gamma distribution,
clipping effect, SNR estimation

1. INTRODUCTION

To record sounds precisely, the amplitude of the input signal
needs to be large enough to increase signal-to-noise ratio
(SNR), where the noise comes from electric hum,
quantization noise etc. However, when the amplitude
exceeds the limit of the recording devices, it will be cut off
to the highest receivable level. This phenomenon is called
clipping effect, and of the highest receivable level is called
the clipping value. Sometimes the audio is not clipped by a
constant value but by a value varies in a certain interval. In
this case, the interval is called the clipping interval, and the
lower bound of the clipping interval is treated as the
clipping value. SNR estimation of clipping audio is helpful
to estimate the severity of clipping effect in audio quality
evaluation.

In this paper, we focus on the problem of SNR
estimation of clipped audio signals. The SNR of clipped
audio signals can be estimated through waveform
restoration, which can restore the clipped samples. There are

several existing waveform restoration algorithms.
Approximate waveform substitution restores the clipped
signals by double side periodic substitution methods [1-2]
while approximate spectrum substitution method is similar
method in the spectrum domain [3]. Linear prediction
method [4] predicts the amplitudes of the clipped samples
with the last few samples. Recursive Vector Projection is
used to fit the clipped samples with the surrounding un-
clipped samples [6]. The SNR of clipped audio signal can be
calculated with the clipped and restore signal. The SNR of
clipped signals can also be estimated directly without
waveform restoration using general SNR estimation
methods, such as the Maximum-Likelihood Estimator of
SNR [7-9] or Second- and Fourth-Order Moments Estimator
[10-12]. In these methods, there are two key technological
problems:

1) Clipping values, which is essential in waveform
restoration, cannot be easily obtained as it is generally in a
state of flux rather than a constant. The sample comparison
approach used in existing methods would lead to some
detection error.

2) Most general SNR estimating methods would lead to
large estimation errors for clipping noise.

To solve the above problems, we propose an SNR
estimation method for clipped audio based on amplitude
estimation. First, the clipping value is obtained using the
amplitude PDF difference between clipped and normal
signals. Then, Gamma distribution is used to restore the
clipped PDF. Finally SNR of the clipped signal is estimated
according to the clipped and restored amplitude PDF. The
estimated SNR could be further used in audio quality
evaluation or recording equipment adjustment.

2. CLIPPING VALUE LOCATING BASED ON
AMPLITUDE PDF

In this section, we analyze the clipping effect of audio
signals, and propose a method for locating clipping intervals
using waveform amplitude PDF.

2.1. Characteristics of clipped audio signals

A clipped audio signal is a mixture of the original signal and
the clipping noise, with high-amplitude samples clipped to
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Figure 1. The upper figure shows the undetected clipped
samples due to the noisy local maximum point; the
lower figure shows the error-detected normal samples
for the smooth changing at waveform peak.

low level. Let the original audio signal be x;, the positive
and negative clipping values C* and C~, then clipped audio
signal yjis:

C+ X > C+
yi=3 0" x<C €Y)
x; otherwise

And the clipping noise n; can be calculated as:
nl-=yl-—xl-,i=1,...,N (2)

In many existing methods clipped segments are located
simply by comparing amplitudes of adjacent samples [3]. If
the amplitudes of some adjacent samples are approximately
equal to each other and are close to the maximum of the
entire waveform, they will be marked as clipped, and the
minimum amplitude of the clipped samples will be treated
as the clipping value. However, the clipping value is
generally in a state of flux rather than a constant that the
high-amplitude samples are cut to the clipping interval. And
the clipping value might be much smaller than the
maximum of the whole waveform when the maximum value
comes from some random noise. The above mentioned
method would result in some undetected clipped segments

and error-detected normal segments, as is shown in Figure 1.

The undetected clipped segments are the results of a random
noise point with high amplitude. And the error-detected
ones are usually caused by some normal adjacent samples
whose amplitude changes smoothly near the local peak of
the waveform.

2.2. Locate clipping intervals using amplitude PDF

As all samples whose amplitude is larger than the clipping
value would be clipped to the clipping value, and the
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Figure 2. The upper figure is a wave clipped at [0.6, 0.8]
and [-0.8, -0.6]; the lower one shows amplitude PDF and
PDF threshold vector.

probability of the amplitudes in the clipping interval in the
amplitude PDF are significantly larger than other points in
neighborhood. Therefore, the amplitude distribution could
be used to locate the clipping intervals. Figure 2 shows the
amplitude PDF of a clipped signal with blue line. The
probability densities in clipping intervals [0.6, 0.8] and [-0.8,
-0.6] are much larger than the values around to them.

To automatically detect the clipping intervals in the
amplitude PDF, a threshold function is generated from the
smoothed PDF to locate the sharp peaks in amplitude PDF
caused by clipping:

D i+l
PDF;" = melPDFk,i =-M,...M (3)
—i-

where D is the weight of detecting threshold, ! is smooth
step length and M is the maximum possible amplitude value
of the digital audio signal. PDF;" is the detection threshold
for amplitude i and PDF; is the probability density of
amplitude i.

If the probability density of a positive amplitude value,
PDF;, is larger than the threshold PDF;", then the local
minimum value of PDF between position 0 and i, namely
C* = argming.jc; PDF; , will be lower bound of the
clipping interval, which is also the clipping value. The
whole clipping interval will extend to where the probability
of amplitude goes to zero. As is shown in Figure 2, the
upper figure shows the clipped audio waveform and the red
dotted line is the approximate clipping value. The lower
figure shows the amplitude PDF of the audio signal in blue
and the PDF threshold vector in red dotted line with weight
D = 2. It is obvious that the samples whose amplitude are
greater than 0.6 are clipped into an interval of [0.6, 0.8]
while those ones less than -0.6 are clipped into [-0.8, -0.6].

In the next section, Gamma distribution is used to
restore the amplitude PDF based on the obtained clipping
value, and then SNR is estimated.
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3. SNR ESTIMATION BASED ON GAMMA
DISTRIBUTION

As the clipping intervals are located, Gamma distribution is
utilized to restore the non-clipped PDF, and then SNR can
be estimated with the restored distribution in the whole
amplitude range.

3.1. Estimate amplitude PDF with Gamma distribution

It is widely known that the symmetric gamma distribution is
a good approximation to the amplitude distribution of a
large speech corpus [13]. The probability density function,
f(x) of clean audios can be represented by the following
function:

F(50 ) = s (Bl e P @)

T 2T (a)

where x is amplitude; @ and f are the shaping and rate
parameter of gamma distribution.

Therefore, we use the values in the non-clipped area of
the amplitude PDF to estimate the real amplitude
distribution in positive and negative part respectively. To
estimate the values of the parameters «,f in Gamma
distribution and avoid computational complexity, the
maximum likelihood estimators of the two parameters are
first calculated, and then their values are refined with the
least mean square (LMS) criterion.

The maximum likelihood estimators of «,f are as
follows [14]:

A 1
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where@* and f*are the preliminary estimators of a and S
respectively. The values of a and 8 are further refined with
LMS criterion in their neighborhood. The formula is shown
as follows:

C+
_ 1
(@ ,f*)= argmin —+Z(f(i;a,[)’)—PDFi)2 @)
ae@t—8gat+54) \ C -
Be(B*-8p.B++5p)

where @ *and f* are the final estimated values of @
and g for the positive half of the PDF, §, and §gare length
parameters of calculation neighborhood.

Similar process is carried out to get (@, 57) in the
negative half of the amplitude PDF. With the estimated
values of @ and 8, the amplitude PDF of the original audio
signal in positive and negative part can be restored
respectively because C* and €~ maybe not symmetric.

3.2. Amplitude PDF restoration and SNR estimation

As both of the two parameters of estimated amplitude PDF
are obtained, the PDF of the clipped audio signal can be
estimated, and the number of estimated values should let the
summarize of the estimated probability close to the
probability of the positive clipped PDF as much as possible,
shown as:

B a
PDFE. = i “Bll i =t .. L
L M
L = argmin z PDF; — Z PDF;| < 6 (10)
L>ct &4 =
i=C i=C

where PDF; is the estimated probability density of
amplitude i, L is the maximum amplitude where PDF needs
to be restored, and § is a small constant. An example of
original amplitude PDF, clipped PDF and estimated PDF is
shown in Figure 3.

Then, the estimated SNR of the clipped audio signal
could be calculated. The estimated signal energy is
calculated with the non-clipped and restored PDF, and the
estimated noise energy is calculated with the restored PDF
in clipped part. As is shown in the following formula:

n=i—Ct+1i=Ct..,L (11)
¢ I'PDF;i> + Y_ .. PDF;i?
Z%:C* Winiz

SNR = 10log, (12)
where n; is the noise brought by the clipped samples with
amplitude of i, SNR is the estimated SNR of the clipped
audio signal.



4. EXPERIMENTS

Two experiments are conducted to test the accuracy and
efficiency of the proposed method. The first experiment
illustrates the accuracy of our method in clipping value
estimation; and the second experiment is carried out to test
the efficiency and effectiveness of the proposed clipped
audio SNR estimation method.

4.1. Clipping value estimation based on amplitude
distribution

The dataset for clipped interval locating experiment contains
audio files downloaded from the internet. The files are
manually labeled and 3200 audio files are chosen for the
experiment, while all clipped audio files are kept and the
normal ones are chosen randomly. Among the 3200 audio
files, 2000 are clipped while the other 1200 are normal. The
audio length is between 50s and 500s. All audio files are
converted to the sampling rate of 8kHz and windows PCM
format. The bit depths of the audio may be either 8 or 16.
There are total 2000 audio files clipped at a value between
0.2 and 0.9, among which 500 audio files are clipped by a
clipping interval while the other 1500 are clipped by a
constant value.

In the experiment, parameter D and [ in equation (3) are
set to 2.2 and 10. Then clipping values of positive and
negative amplitude is respectively obtained by the method
proposed in section 2.2. The common method used in
waveform restoration is implemented and wused for
comparison [3].

As is shown in Table 1, the proposed method of
locating clipping values achieves a mean error of 0.017
while the estimated maximum amplitude L in equation (10)
is normalized to 1.0, significantly better than the method
from [3]. And the results from signals clipped by interval
prove that our method is barely affected by the fluctuating
clipping value.

Table 1. Results of the proposed and original method

Clipped by :
Mean error fluctuating Cig;?;:nt;y Total
value
The m[e;t]hod in 0.124 0.032 0.063
The proposed 0.031 0.011 0.017
method

4.2. SNR estimation based on Gamma distribution

After clipping values are obtained, the following experiment

is carried out to test the accuracy of SNR estimation method.

Because clipped audio signals with high SNR don’t
significantly affect the perceived quality, 768 clipped audio
files whose SNRs are smaller than 30dB are selected from
the above dataset. The estimated SNR is calculated by
equation (12) with &, and g set to 2 and 4.

High-order methad

Proposed method

Estimated SNR(dB)
Estimated SNR(dB)
M
[s=]

i

0 70 20 30 0 70 20 30

Actual SNR(dB) Actual SNR(dB)
Figure 4. The results of SNR estimation. The points are
the estimated results while the black line is theoretical
value.

Two methods are used in the comparison experiment
with the proposed method. One is SNR estimation with
waveform restoration using the approximate waveform
substitution method [5], which has the least computation
complication in the discussed methods. The other is the
fourth-order moments method for general SNR estimation
[9]. The estimating results by the proposed method give a
mean error of 0.47dB, while the SNR estimation method
based on fourth-order moments gives a mean error of
4.28dB and the approximate waveform substitution gives
0.61dB. The estimation results for the proposed method and
the fourth-order moments method are shown in Figure 4.

Computation complexity is also test for the three
methods. All the methods are implemented in JAVA. The
test in carried out on a computer with a CPU of Core i5 760
and memory of 4GB. An audio signal which lasts for 100s
and sampled at 16kHz is used in the test. The proposed
method takes 0.72s to estimate the SNR. While the
approximate waveform substitution method takes 7.4s and
fourth-order moments estimator method takes 2.3s. It is
clearly that the proposed SNR estimating method for clipped
signal is efficient and effective for audio quality evaluation.

5. CONCLUSION

Unlike existing clipped signal restoration and SNR
estimation methods, we propose a method to estimate the
SNR of clipped audio signals based on characteristics of
clipping effect and the regularity of amplitude distribution.
The clipping value is obtained based on the difference
between clipped and normal amplitude PDFs. Gamma
distribution is utilized to restore the clipped amplitude PDF,
which is then used to estimate the SNR of the clipped audio
signal. Experiment results show that out method can reach a
high accuracy in clipping interval detection and SNR
estimation. The computational complexity is also much
lower than other SNR estimation algorithms.
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