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COMMUNICATIONS

SNR improvement based on piecewise linear interpolation

Pengfei Xu1 , Yinjie Jia1,2,∗

Interpolation improves the resolution of the curve. Based on the stationary characteristics of the signal and the non-
stationary characteristics of the noise, the theoretical proof indicates that the piecewise linear interpolation can improve the
signal- to-noise ratio, which is further confirmed by simulation results.
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1 Introduction

The function of interpolation is to improve the resolu-
tion of the curve to make it is closer to the real waveform.
As an important method of function approximation and a
practical numerical method, interpolation is widely used
in signal processing and graph analysis [1,2]. Interpolation
methods can be categorized into one- dimensional, two-
dimensional, and multi-dimensional interpolation. Since
this letter mainly deals with one- dimensional signal, this
section briefly introduces the one- dimensional interpola-
tion method, which mainly include Lagrange interpola-
tion [3], piecewise linear interpolation, and cubic spline
interpolation [4].

Fig. 1. (a) – original, (b) – piecewise linear interpolation, and (c)
– cubic spline interpolation

Lagrange interpolation is a high-order polynomial in-
terpolation. The interpolation function is an analytical
expression in the whole interval, and the result curve is
smooth. Due to the oscillation phenomenon, the conver-
gence of Lagrange interpolation cannot be guaranteed,

so it is generally used in theoretical analysis. Piecewise
linear interpolation and cubic spline interpolation belong
to low-degree polynomial interpolation with guaranteed
convergence. These two interpolation methods are simple,
practical and widely used. Specifically, cubic spline inter-
polation is improved in terms of curve smoothing, but
it suffers from difficult error estimation. Piecewise linear
interpolation and cubic spline interpolation are used to
interpolate an original signal, and the result is shown in
Fig. 1.

It can be seen from Fig. 1 that cubic spline interpo-
lation has some errors, and the obtained curve is rela-
tively smooth. The result of piecewise linear interpolation
is close to the original function curve as a whole.

In terms of signal similarity before and after interpo-
lation, piecewise linear interpolation achieves better per-
formance. Therefore, this letter chooses piecewise linear
interpolation to improve the signal to noise ratio (SNR).

2 Method

The advantage of piecewise linear interpolation is that
it can overcome the non-convergence of Lagrange inter-
polation. In fact, piecewise linear interpolation performs
linear interpolation by adjacent interpolation base points,
and the two points are connected with a straight line,
forming a broken line as piecewise linear interpolation
function. To calculate the interpolation of point x , only
two points around x are used, and the amount of calcula-
tion is independent of the number of nodes. The principle
of piecewise linear interpolation is shown in Fig. 2.

Assuming that the two nodes are
(

x1, f(x1)
)

and
(

x2, f(x2)
)

, the linear equation on the interval can be
written as

y = f(x) =
x− x2

x1 − x2

f(x1) +
x− x1

x2 − x1

f(x2). (1)
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Fig. 2. Piecewise linear interpolation
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Fig. 3. Piecewise linear interpolation of signal and noise

It can be seen from the above description that the
principle of piecewise linear interpolation is very simple.
Also, piecewise linear interpolation is featured with less
computation, smaller interpolation error, and continuity
of interpolation function. However, because the slope at
the known point is constant, the result of this interpola-
tion method is not smooth and there are corners. Besides,
the interpolation accuracy can be improved by increasing
the interpolation points. Geometrically, piecewise linear
interpolation connects the interpolation points to form
line segments approximate to the original curve, which is
also the basic principle of computer graphics. Interpola-
tion can improve the SNR of mixed signal by improving
the signal resolution.

According to the fact that the common signal has
short-term stationary characteristics, the noise generally
does not have stationary characteristics because it is ran-
dom signal. For the convenience, only two moments, ie ,
x1 and x2 are considered:

The values of signal S, before interpolation are fS(x1)
and fS(x2) in the case of large probability, due to the a
short-term stationary characteristic. The values of noise
N, before interpolation are fN(x1) and fN(x2) in the case
of large probability, due to the non-short-term stationary
characteristic. The power of signal S is: PS = f2

S
(x1) +

f2

S
(x2). If for simplicity we assume fS(x1) = fN(x1) and

fS(x2) = −fN(x2) we have PS = PN . This is shown in
Fig. 3.

At this time, the initial power of signal S and noise N
are equal. Additive white Gaussian noise (AWGN) is one
of the basic noise and interference models in communi-
cation systems [5,6]. Additive noise is a kind of noise su-
perimposed on the signal and here as N(t) always exists
with or without the signal. In other words, when signal S
passes through the channel with SNR of 0 dB, the power
of superimposed noise PN is equal to the power of signal
PS .

The power of signal after piecewise linear interpolation
is

PSC = f2

S(x1) + f2

S(xc) + f2

S(x2) > PS

The power of noise after piecewise linear interpolation
is

PNC = f2

N(x1) + f2

N(xc) + f2

N(x2) > PN

Since, |fN(xc)| < |fS(xc)| , and |fN(x1)| = |fS(x1)| ,
and |fN(x2)| = |fS(x2)| it is true that PNC < PSC.

It can be concluded that:

• for signal S and noise N , the power after piecewise
linear interpolation will increase

• Under the same interpolation condition, the power in-
crease of signal S is larger than that of noise N .

3 Results

The above indicates that the piecewise linear inter-
polation can improve the SNR, the simulation results in
this section will further confirm this point. Music signal
[7], LFM (Linear Frequency Modulation) signal or chirp
signal [8], and Gaussian white noise signal are taken as
examples to verify the conclusions of the previous sec-
tion. These three kinds of signals respectively conform to
super- Gaussian distribution, sub-Gaussian distribution,
and Gaussian distribution.

Simulation 1:

Music signal S passes through AWGN channel with
SNR of 0 dB. Also, superimposed noise N and signal
S have equal power. The waveform of music signal and
superimposed channel noise is shown in Fig. 4.

Figure 5 shows the power comparison of music signal
and superimposed channel noise at different multiples of
interpolations.

It can be seen from Fig. 5 that when interpolation
is not applied (interpolation multiple is 1), the power of
music signal and white noise is equal. When the interpo-
lation multiple gradually increases from 2 to 5, the power
of music signal and white noise also increase. Also, the
increase of white noise power is not as significant as that
of music signal.

The increasing gap leads to a larger signal-to-noise
ratio, which suppresses the noise.

Simulation 2:

LFM signal S passes through AWGN channel with
SNR of 0 dB. Also, superimposed noise N and signal
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Fig. 4. (a) – music signal, and (b) – white noise Fig. 6. (a) – LFM signal, and (b) – white noise
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Fig. 5. Power comparison of music signal and white noise at dif-
ferent multiples of interpolation
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Fig. 7. Power comparison of LFM signal and white noise at differ-
ent multiples of interpolation

S have equal power. The waveform of LFM signal and
superimposed channel noise is shown in Fig. 6.

Figure 7 shows the power comparison of LFM signal
and superimposed channel noise at different multiples of
interpolation.

It can be seen from Fig. 7 that when interpolation
is not applied (interpolation multiple is 1), the power of
LFM signal and white noise is equal. When the interpo-
lation multiple gradually increases from 2 to 5, the power
of LFM signal and white noise also increase, but the in-
crease of white noise power is not as significant as that
of LFM signal. A larger gap corresponds to an increased
signal-to-noise ratio. In this case, the noise reduction is
achieved.

Simulation 3:

Noise signal S passes through AWGN channel with
SNR of 0 dB. Also, superimposed noise N and signal
S have equal power. The waveform of noise signal and
superimposed channel noise is shown in Fig. 8.

Figure 9 shows the power comparison of noise signal
and superimposed channel noise at different multiples of
interpolation.

It can be seen from Fig. 9 that when the interpolation
is not performed (interpolation multiple is 1), the power
of white noise superimposed on the noise source signal

and channel is approximately equal. When the interpola-
tion multiple increases from 2 to 5, the power of the noise
source signal and the white noise increase in an identical
trend.

If the signal-to-noise ratio is expressed in dB, the
signal-tonoise ratio can be represented as

SNR = 10 log
(

PSC/PNC

)

.

Taking simulation 2 as an example, the signal-to-noise of
different interpolation is shown in Fig. 10.

It can be seen that when the interpolation is not per-
formed (interpolation multiple is 1), the power of the
source signal and the white noise are approximately equal,
and the SNR is 0 dB. When the interpolation multiple
increases from 2 to 5, the signal-to-noise ratio also in-
creases, but the increase has a certain limit. With the
increase of the interpolation multiple, the signal-to-noise
ratio exhibits a slower increase, and it finally reaches a
stable value.

4 Conclusions

This paper proves for the first time that the piecewise
linear interpolation can improve the signal-to-noise ratio.
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Fig. 8. Noise signal and white noise signal
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Fig. 9. Power comparison of music signal and white noise at dif-
ferent multiples of interpolation

Also, it is indicated that the piecewise linear interpola-
tion facilitates signal enhancement. Therefore, it can be
applied to signal detection, blind source separation, and
other fields to preprocess the correlated signals. For ex-
ample, reasonable interpolation is conducive to improve
the performance of blind source separation of mixed sig-
nals.
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Fig. 10. Power comparison of LFM signal and white noise at
different multiples of interpolation
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