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1 Introduction

In order to record high-quality sounds with low

noise such as quantization noise, electric hum etc,

the gain level should be suitable when signal input.

However, the high input gain often causes an over-

level distortion in recorded signal. In the instant

when the maximum input range of a digital acquisi-

tion system is exceeded, the over range amplitude of

the original signal is truncated by the limit of high-

est acceptable level, and the recorded signal is shown

in Fig. 1. This phenomenon is called clipping effect,

and the resultant is annoying for hearing. Since the

automatic gain adjustment is not an easy problem,

our research focuses on the restoration of the clipped

signal.

It is difficult to restore a waveform of clipped

signal to the original one perfectly, especially the

clipped signal is deteriorated severely from the orig-

inal. However, it is possible to estimate the origi-

nal amplitude partially by using the prior knowledge

on the target signal. Classical approaches to audio

interpolation and declipping by using prior knowl-

edge include autoregressive (AR) modeling[1], sig-

nal matching with bandwidth constraints by utiliz-

ing the property of oversampling[2], and statistical

assumption on signal can also be used[3].

The problem of restoration for generic clipped

signal without prior knowledge on the target sig-

nal is much harder, and there have been few works

on this problem. However, each of these meth-

ods have particular problems. For example, the

time domain method based on orthogonal match-

ing pursuit (OMP)[4] cannot restore the clipped sig-

nal with high quality when the clipping level is low

(i.e, the clipping is severe), and Miura’s declipping

method[5] in the time-frequency domain causes large

noise in the high frequencies.

We focus on the characteristics of the waveforms

in different length of clipped intervals, most of de-

clipped waveforms of conventional methods in short

clipped intervals are too complicated, they are not
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Fig. 1 A signal and its clipped version, the clipping

level is 0.3 and the maximum amplitude is 1.

as simple and smoothness as the original ones. For

this reason, we propose a new restoration scheme

to restore the short and the long clipped intervals

separately using different methods after the classifi-

cation of the lengths. We restore the short intervals

by a simple spline interpolation, and restore the long

intervals by the conventional methods. After the

evaluation by SNR, we improve the performance of

Miura’s method in all clipping levels, and we also

improve the performance of the OMP in low clip-

ping level from 0.1 to 0.2 for speech and 0.1 to 0.4

for music.

2 The Conventional Method

2.1 Orthogonal Matching Pursuit

The OMP is a novel sparse representation based

approach for the restoration of clipped audio signals,

it is a fitting of short-time-frame signal to limited

number of cosine bases. The restoration estimate

lost samples based on consistency with the clean sig-

nal in the neighboring samples. By fitting the bases

to the neighboring samples of the clipped ones, sig-

nal restoration of the clipped samples is obtained

as a by-product of the fitting. Since the restoration

is estimated to be consistent with the neighboring

samples, the restored signal is free from the clicking

noise. But in low clipping level, as Fig. 2 shows,

the performance of OMG is not as good as it is in
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Fig. 2 Average SNR for 10 music and 10 speech

signals of Miura’s method, OMP and clipped signal。
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Fig. 3 A result sample of Miura’s method, the clip-

ping level is 0.1. The red rectangles is the simple

clipped interval which contains two peaks.

high clipping levels, because the candidates selec-

tion becomes inaccurate when the referable neigh-

boring samples become less and less with the de-

crease of clipping level, and the local consistency

becomes weak too.

2.2 Miura’s method

Miura’s method is a restoration of clipped acous-

tic signal based on the consistency among time-

frequency grids. It is a fitting of spectrogram to

limited number of 2-dimensional cosine bases. First,

the clipped signal is transformed into time-frequency

domain by short-time Fourier transformation. Sec-

ond, select the 2D discrete cosine basis from pre-

pared candidates, and then multiply low-pass fil-

ter to obtain desired frequency characteristics. In

this method, the global consistency is maintained by

smooth frame transition, but it doesn’t have a mech-

anism of maintaining the local consistency. As Fig. 3

shows, because of weak local consistency, there are

lots of annoying high-frequency noise in the esti-

mated signal.

3 The Proposed Method

As we know, the cue to estimate the missing

clipped interval is the estimated waveform must be

consistent with given waveform in unclipped inter-

val. There are two consistency relationships, one

is the local consistency, it means any part is consis-

tent with adjacent parts on both sides, and the other

one is global consistency, any two parts are consis-

tent in the whole clipped signal. If the local and

global consistency are kept in declipping result, we

can get a continuous and smooth waveform which we

demand. Miura’s method maintain the global con-

sistency by spectrum, but no mechanism for local

consistency. The reason of insufficient local consis-

tency of OMP is because the referable neighboring

samples become less and less with the decrease of

clipping level. In order to improve the local consis-

tency for both Miura’s method and the OMP, we

focus on the possible impact of local consistency by

characteristic of original waveforms in clipped inter-

vals.

3.1 Number of Peaks in a Clipped Interval

As the Fig. 3 shows, Most shapes of original wave-

forms in clipped intervals are simple, and the clipped

interval is shorter, the waveform is simpler. The in-

terval length is the number of continuous sampling

points in each clipped interval. The original wave-

form in clipped interval contains different number

of peaks, if a original waveform only has two peaks,

marked by the red rectangles in Fig. 3, the difference

between two peaks is always not too much, and most

of this kind of clipped intervals can be restored with

one peak curve by a suitable simple method. In our

paper, the intervals contain one or two peaks are

considered as simple clipped interval.

The feasibility of using a simpler declipping

method for simple clipped intervals depends on how

many simple clipped intervals in a signal, if the

number of simple clipped interval is large enough,

the declipping performance can be improved by re-

declipping the simple clipped intervals. So we cal-

culate the percentage of simple clipped intervals in

each clipped signal, and the result of average of 20

samples shows that, the percentage is increased from

86.01% to 100% with the increase of clipping level

from 0.1 to 0.9 , and this result is just what we ex-

pected.

- 554 -日本音響学会講演論文集 2014年9月



0.00% 

10.00% 

20.00% 

30.00% 

40.00% 

50.00% 

60.00% 

70.00% 

80.00% 

90.00% 

100.00% 

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 P
er

ce
n
ta

g
e 

o
f 

S
im

p
le

 C
li

p
p
ed

 I
n
te

rv
al

Clipped Interval Length

Speech Music 

Fig. 4 Percentage of speech and music samples

of simple clipped interval in each clipped interval

length from 1 to 15, clipping level is 0.2.

But, not all the clipped intervals are simple

clipped interval, even though the length is very

short. So we calculate the percentage of simple

clipped interval in each clipped interval length. The

Fig. 4 shows the part of results of interval length

from 1 to 15, the percentage decreases with the

length becomes longer, after length 15, the simple

clipped interval is significantly diminished. In order

to keep the most simple clipped intervals are declip-

ping by another method in short classification, we

select the clipped interval length which contains the

simple clipped interval are much more than the oth-

ers. After the analysis, we decide to use length from

1 to 10 as the short classification for music, and the

length 1 to 12 for speech.

3.2 The Declipping Method for Simple

Clipped Interval

According to the property of simple clipped inter-

val, the declipped waveforms should be continuity

and smoothness, just contains only one peak, and

the estimated signal should cross all the knots in

clipped interval. We find that the spline interpo-

lation can satisfy the need of the condition of the

waveform in short length classification. In our pro-

posed method, the analysis interval is the convex

which contains clipped interval and the known sam-

ples on the both adjacent sides, the new values gen-

erate by spline algorithm, and replace the values in

clipped interval by new values.

3.3 The Flow of the Proposed Method

We restore the declipped interval in short length

classification by spline interpolation, and the long

length classification we use the declipping result of

Miura’s method or the OMP. The Fig. 5 shows the

Clipped Signal

Declipping by 

Spline 

Interpolation

Declipping by 

Miura's Method 

or OMP

Classify the lengths 

of clipped intervals

Adopt the results 

in short 

classification

Adopt the results 

in long 

classification

 Merge two results 

into clipped signal

Fig. 5 The flow chart of the proposed method.

whole flow of our proposed method.

4 Experiments

4.1 Experiments Condition

The dataset of the experiments ten speech and ten

music signals, all of them are sampled at 16 kHz, and

the resolution of quantization is 16 bit. Each test

signal is 5-second long and is part of the freely avail-

able material of the 2008 Signal Separation Evalua-

tion Campaign[6]. The test data shows a large diver-

sity of audio mixtures and isolated sources, includ-

ing male and female speech from different speakers,

singing voice, pitched and percussive musical instru-

ments. All original signals are normalized so that

the maximum amplitude is 1. Each sound is then ar-

tificially clipped with successive clipping levels, from

0.1 up to 0.9 with a 0.1-step. And we classify the

clipped interval length from 1-12 as the short length

classification for speech, the clipped interval length

from 1-10 as the short length classification for music.

4.2 Evaluation Criteria

We conducted an objective evaluation SNR, The

higher SNR the better sound quality. It is given by

the following equation.

SNR(dB) = 10 log
Σy(t)2

Σ(y(t)− ŷ(t))2
(1)

where, y(t) is the original signal, and ŷ(t) is the

signal to be evaluated.

4.3 Result of Experiment and Considera-

tion

The Fig. 6 and Fig. 7 shows the average SNR for

10 music signals and 10 speech over different clip-

ping levels and methods respectively. We can see

that, the result of spline interpolation and Miura’s
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Fig. 6 Average SNR for 10 music signals over dif-

ferent clipping levels and methods.
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Fig. 7 Average SNR for 10 speech signals over dif-

ferent clipping levels and methods.

method is always better than just using Miura’s

method for both music and speech signal over all

clipping levels. To the result of spline interpolation

and the OMP, the improvement is appears in clip-

ping level from 0.1 to 0.2 for speech, and 0.1 to 0,4

for music.

A sample declipped by spline interpolation and

Miura’s method is shown in Fig. 8, we use the re-

sult of spline interpolation in short interval (the red

line) instead of result of Miura’s method (the black

dash), and the result of spline interpolation is much

more compatible with the original waveform than

the result of Miura’s method.

5 Conclusion

We proposed a multi-stage restoration of clipping

distortion based on length classification of clipped

interval method in order to improve the quality of

automatic restoration without prior knowledge. We

analyze the property of the original waveforms in
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Fig. 8 A sample of declipping result by spline in-

terpolation and Miura’s method.

clipped interval, and find the most suitable bound-

ary for classifying the short and long length clas-

sifications for both music and speech, we restore

the short length classification by spline interpola-

tion, restore long length classification by Miura’s

method or the OMP. To Miura’s method, our pro-

posed method is better in all clipping level for both

music and speech samples, and we also improve the

performance of the OMP in clipping level from 0.1

to 0.2 for speech, and 0.1 to 0.4 for music.

In future research, our approach is to investigate

conventional global interpolation methods, and im-

prove the declipping performance if possible.
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