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ABSTRACT

In non-cooperative communication system, symbol rate is a crucial part of parameter estimation. Based on
the wavelet transform, an improved symbol rate estimation model is proposed. Without a prior knowledge,
we raised a better symbol rate pre-estimation method in view of corrected average periodogram’s
smoothing power spectrum. By choosing the optimal wavelet scale and fast Fourier transform, we adopted
a multi-synchronous reference algorithm to extract the symbol rate. Simulation demonstrates that the
performance of accuracy and anti-noise is improved than traditional algorithms. The normalized mean
square is lower than 102 at SNR=0dB and reached 10° when SNR=10dB, which is approaching more
closely to CRLB.

Keywords: Symbol Rate Estimation; Wavelet Transform; Optimal Scale; Non-Cooperative
Communication; Multi-Synchronous Reference; Fast Fourier Transform; Corrected Average
Periodogram’s Smoothing Power Spectrum.

1. INTRODUCTION modification is moving the carrier frequency of
received signal to zero before wavelet transform,
Non-cooperative communication is not only  but it is quite sensitive to vestigial frequency shift
applied in electronic warfare and intercepting  and not stable. After that, a series of algorithms
communication intelligence, but also has a great  based on the wavelet transform coefficient and
value in military communication and civilian  auto-correction has been proposed: Ho applied the
communication. However, the current research is  autocorrelation of WT coefficients to estimate
focus on estimating parameters and identifying  symbol rate at moderate SNR [4]. Sun adopted a
modulation types of the received signals under low  cyclic correlation algorithm [5] and Gao employed
SNR. Symbol rate estimation, which is an important ~ the morlet wavelet transform and autocorrelation [7]
part of parameter estimation, has a great to estimate symbol rate under Doppler channel.
significance  on identification and  signal They got a better estimation results, however, it
demodulation. Wavelet transform, which has  needs a great number of samplings and intensive
excellent location properties and noise suppression  computation.
properties, is widely used in the extraction of
instantaneous parameters[1]. For PSK signal,
wavelet transform has very good ability to capture
the transient characteristics when the phase
changes.

In addition, there still have some problems been
ignored: a). The importance of the pre-estimation of
symbol rate, which is made only a simple
assumption and contrary to no a prior knowledge.
b) The selection of the best wavelet scale. Although

Chan first proposed the theory of wavelet  the mult-scale wavelet transform can overcome the
transform to estimate the symbol rate [2], and interference of noise in some extent, it can not
combine the coefficients over several scales to  effectively overcome the strong noise interference.
improve the accuracy of the estimator, but the  c) the extraction algorithm, which has strong ability
algorithm has weak ability of anti-noise. Xu  to counteract noise interference.
analyzed the defects in choosing wavelet scale and
weak ability of anti-noise in Chan’s algorithm [3],
then proposed an improved algorithm, and the main

Towards above defects, we first in-depth analyze
the wavelet transform of rectangular pulse shaping
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filter model and raised cosine shaping filter model.
Meanwhile, a new calculation method based on the
perspective of the power spectrum is proposed; then
select the best wavelet scale, and combine with
FFT(fast Fourier transform), a new algorithm based
on multi-synchronization reference points is raised
to extract the symbol rate of PSK signal. At last, an
improved symbol rate estimation model has been
proposed. Simulation improves the accuracy and
precision of symbol rate estimation at low SNR
using the improved model.

In Section I, the two pulse shaping filter models
and theoretical results of wavelet transform is
outlined. The MSR algorithm is discussed in detail
in Section Il and verified by comparing and
analysis simulation results with the existing
algorithms in Section 1V. Finally, a conclusion is
made in Section V.

2. SIGNAL MODEL AND WAVELET
TRANSFORM

Set the received complex signal [2] is:

(1]
X(t) = s(t) +n(t) = §(t)e’ "% +n(t) O
CLITTTTTITT] 1)

Where s(t) is the modulated complex signal ,
n(t) is a complex additive Gaussian white noise
and E[\n(t)ﬂzzgj. And w, is the carrier frequency,

6, is the carrier phase. For PSK signal,

M

5(t) =Ezem g, (t-iT). ¢ e{fw—”(m—l)}

m=1

()

Where E is the signal power, and g:(t) is the
pulse shaping filter function, T is the symbol
duration. For simplicity, assuming the signal

power E =1hnd 6, =0.

2.1 Rectangular pulse shaping filter model
In this model, g(t) satisfies:

1,
@J(t)={O |

From eqn.2, symbol changing gives rise to
transient in PSK signal, and the wavelet transform
has excellent transient capability to detect and

0<t<T

3
others ®)
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analysis instantaneous change. The continuous
wavelet transform of x(t) is defined as

CWT (a,b) = j X(t)y (t)dt

1 . t—b )
=—| X(t —)dt
N [xp )
Where a is the wavelet scale, b is the

translation, and y_(t) is a mother wavelet function.
The haar function (defined as 1
when—0.5<t<0, -1 when0<t<0.5, and 0
otherwise), satisfies the condition of choosing
optimal mother wavelet function [8][4], in addition,
the corresponding wavelet transform is easy to
compute and implement.

The following derives the haar wavelet transform
of PSK signals. When the haar function is within a
symbol or continuous symbols as shown in figure

1a, X(t) has a constant phase ¢ .Hence

CWT (a,b)
:i[ ])‘ ei(@:(t0)+9) ¢ +aj'zei(wc(l+b)+¢)dt
\/a -al2 0
(%)
So, the magnitude square is
CWT (a,b)f' =2 sin*(%:2) (6)
aw, 4

c

When the haar function covers a phase changing
as shown in figure 1b, there is

1 (a0 .
CWT (a,b) =— {I el (e @0 gt
a —al2
0 . al2 .
+,[ ej(wc(l+b)+¢+a)dt _J‘ e](wc(t+b)+¢+a)dt}
d 0

U]

Where ¢ is phase change, d is the time instance
when the phase changes relative to the centre of the
wavelet. And the magnitude square of eqn.7 is

2 16 . a . a
2
. a ..wa o, . ,ma
+(sin=cos @.d + 2sin(—= + =) sin(—=))?
( 5 08 (4 2) (4 ))}
(8)

From eqn.6 and eqn.8, |CWT(a,b)| is a
constant related to wavelet scale among the
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continuous phase ranges, while appears singular
value at the phase transition.

-/

L]
|d|
(b)

Figure 1 Haar wavelet positioning in PSK signal

2.2 Raised cosine shaping filter module

In raised cosine shaping filter model, time-
domain waveform function is
sm(’f/) cos(aﬂ/)
9)

T / (405 t / )
Where « € (0,1] is roll-off factor, T is the

symbol duration. The received signal after raised
cosine shaping filter is

S(t) = [;(t) *q (t)] x @ l(@t+)

(AU
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@

(10)
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Figure 2 The coefficient of CWT under two modules

For BPSK signal, Figure 2 shows the magnitude
of wavelet transform coefficients with a=4 in the
rectangular pulse shaping filter model and raised
cosine pulse shaping filter model figure 2a shows
the BPSK signal waveform; figure 2b gives the
coefficients of wavelet transform in the rectangular
pulse shaping filter model; and figure 2c shows the
coefficients of wavelet transform in the raise cosine
pulse shaping filter model. It can be seen that the
distinct peaks are obvious when the haar wavelet
covers a phase change, and the distance among the
peak’s changing will give out a symbol period
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estimation. By comparing the two models, we can
see that the wavelet coefficient in the modulated
signal at the phase transition point, there is a
distinct spectral peaks at the rectangular pulse
model, moreover, the interval between peaks is just
an integer multiple of symbol rate, while others is a
much smaller constant in the continuous waveform.
However, in the raised cosine pulse shaping filter
model, the transient behaviour of the wavelet
transform is not well represented, because the
wavelet coefficients of peak or valley by the inter-
symbol interference (ISI) effects. The peak or
valley does not have regular intervals which is no
longer an integer multiple of symbol rate, so the
symbol rate can not be effectively estimated. In
summary, the wavelet transform is not suitable for
the raised cosine pulse shaping filter model to
estimate the symbol rate. But we still select the
rectangular pulse model for further study to reflect
the advantages of wavelet transform at symbol rate
estimation.

3. PRE-ESTIMATION OF SYMBOL RATE

The current study on symbol rate estimation is
under the condition of known pre-estimated symbol
rate value or the hypothetical symbol rate pre-
estimation, which is contrary to no a prior
knowledge. The value of pre-estimation is not only
reducing the scope of selecting the optimal wavelet
scale and the amount of computation, but also
affects the final accuracy and precision. So, from
the perspective of power spectrum analysis, we
proposed a pre-estimated algorithm based on the
corrected average periodogram’s smoothing power
spectrum.

3.1 Corrected average
smoothing power spectrum

Set the direct periodogram power spectrum [6] is

periodogram’s

1
p(@) =Xy (@)f )
n-1
Xy (@)= x(n)e " (12)
n=0

The main lobe of Direct periodogram in the
frequency domain is not infinitely narrow, and there
is large side lobes which make the main lobe’s
energy ‘leaks’ to the side lobe, it makes the
spectrum estimation undulating. On the analysis of
the covariance of periodogram, we found that the
periodogram value, which is an integer multiple of
the frequency interval 2%‘ , IS not relevant.
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However, when the window length N increases, the
interval reduce between the power spectrum of
which covariance is zero. Therefore, the longer the
window is, the more periodogram’s undulation is.
To avoid this phenomenon, we set the

sequence X(N) into segments to obtain periodogram
power spectrum and then averaging.

Set the sequence be divided into L segments,
there are M samples in each segment, the ith
segment of sample sequence denoted X' (n), so the
periodogram power is

2

I (o) =ﬁ Y x(me |, 1<i<L @3)
n=0
And its average is
_ 1 L )
P xx (a)) = I Z | rln ((0) (14)
i=1

In order to calculate conveniently for the fast
Fourier transform, we do two amendments. First,
calculating the periodogram power with appropriate

window function w(n), that is

1
MU

(15)

MOE lex‘ (N)o(n)e "

Where U:imia)z(n) is the normalization
n=0

factor, which presents the average energy of the
window function. Second, segment is able to
overlap at most 50%, then the variance can be
reduced to almost half of the original. Taking
eqn.15 to egn.14, we get the corrected average
periodogram’s smoothing power spectrum.

3.2 Pre-estimation of symbol rate
With the corrected average periodogram’s
smoothing power spectrum, we can get the pre-

estimated value f, =AB,, , where A is the

weighting factor. The value of fb' has very

important influence on selection of the optimal
wavelet scale and synchronization reference point.
Because of the interference of noise, especially
under lower SNR scenarios and in order to reduce
error, we introduce the automatic adjustment

weighted factor A , which is[1,1.5].
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Figure 3 Power spectrum of BPSK with SNR=2dB

Figure 3 shows the power spectrum of BPSK
signal with SNR=2dB. Figure 3a is the power
spectrum calculated directly; while figure 3b uses
the corrected average periodogram’s smoothing
power spectrum algorithm to smooth power
spectrum. By comparison, the spectrum in figure 3a
has been serious interference by noise, and it is
difficult to estimate the bandwidth, however, the
spectrum in figure 3b is much more clear and
smoothness. It is not only reduced the estimated
degree of difficulty, but also improve the estimation
accuracy.

4. THE OPTIMAL SCALE SELECTION

Eqn.6 and egn.8 show that the wavelet scale
a determines the wavelet transform coefficient,
moreover, the peak value at the phase change-point
is directly impacting on the symbol rate extraction.
So the choice of scale parameter is essential.
Combining the coefficients over several scales to
avoid the selection of optimal scale, but the
algorithm has weak ability of anti-noise. Actually,
the small scale which has a serious influence by
noise at low SNR, is not conducive to accurate
estimation of the symbol rate; the larger the scale is,
the more obvious in the noise suppression,
however, if the scale is too large, it will reduce or
even overwhelm local extreme value. Therefore, we
proposed an optimal scale selection algorithm.

Theoretically, there should be an optimal scale
parameter. From the perspective of power spectrum
analysis, at the optimal wavelet scale, the spectrum
of the coefficient is much more prominent, and the
energy has the largest proportion. That is

arg min(W /

ac(Lth)

i| ft(|cwt(a, i)||2) (16)
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W = iq fit(ewt(a, i)))| an

—Mmax

1<i<N

fft(owt(a, i)

Where N is the data length. In order to
effectively extract the interval symbol transition

information, the scale must satisfy: th < int(%.) .
b

By the pre-estimation of symbol rate, the range of
acan be easily calculated. Meanwhile, we set the
scale step is 2 to reduce the computational load.

5. SYMBOL RATE EXTRACTION

The methods to extract symbol rate include fast
Fourier transform, autocorrelation and cyclic
autocorrelation. However, using autocorrelation of
wavelet coefficients to estimate symbol rate needs
high computation and the error is also large. Based
on fast Fourier transform, We proposed a new
multi-synchronous reference (MSR) algorithm to
extract precisely the symbol rate. After fast Fourier
Transform (FFT) of the WT magnitude, there will
be a series of non-strictly periodic spectrums. The
interval  between  adjacent  spectrum is
approximately integer multiple of symbol rate
cycle. Select multiple synchronous reference points
and correction, symbol rate can be extracted
accurately.

5.1 Extraction of MSR

Figure 4 gives the FFT magnitude of wavelet
transform coefficient with SNR=2dB. The upper
window shows that it is hard to extract symbol rate
from so much irregular spectrum peaks, especially
at the low SNR scenarios, though there have several
salient periodic peaks. So, we first set a threshold

A to filter some lower peaks and remain some
larger ones, obtained the spectrum like lower
window in figure 4. Then, selecting the max

spectral peak as a synchronous reference point fi ,
p, = max{from p,,to p,,} i=12,..,N

Where p; is the pulse amplitude of f,, and N is
the number of synchronous reference points.

The value of A is very important to the number
of synchronous reference point and accuracy.
Therefore, the larger A, is, the better anti-noise is.

However, the value of A is too large, the number
of N reduced, and will decrease the effectiveness
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of symbol rate. Therefore, adjusting the threshold
by using adaptive approach: A=74,, 7 is a
variable weighted factor (we set initial value at 3),
and A, is the mean value of FFT magnitude.
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Figure 4 The spectrum of wavelet coefficient

5.2 Accurate Estimate of Symbol Rate

Because of the noise interference and other
factors, there maybe detect more than one reference
points within one symbol rate cycle. To avoid this
problem and extract the accurate symbol rate, we
will discuss in detail as follows:

a. Selecting the previous maximum of
M (M <N) from p;: p;( j=1,..,M)

b. Remove the smaller point of which the
distance between adjacent points is less than y fb' ,

where fb' is the pre-estimated symbol rate, y is a

weighted factor, set = 0.8, and remains

1., K(K<M)

P,

c. Selection synchronous reference points
once more: pick up all the points in [, , which
distance between adjacent points is still less
thanyfb', setas p,,,m=1,...,L, and remains

p,,n=1..,K-L

d. The final MSR:
set p=max{p,,m=1,..,L},so {p,,p}are
corresponded to the synchronous reference

points{fj, j=1..,K-L+1}.

e. The number of symbol between adjacent
points is
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n; =round (M)
b

f. Accurate estimation of symbol rate fID is
as bellows:
- 1 K—L|fjl_fj|
f = + (18)
K-L JZ; n

i
6. THE OPERTATION PROCESS AND
SIMULATION

The improved model of symbol rate estimation is
shown in figure 5, and the process of the improved
algorithm is summarized in the following. First, we
do some preprocessing to the received signal, such
as A/D. down sampling and filtering. After that,
the frequency is located and moved to IF, then we
couple the IF signal into two branches: one branch
is to pre-estimate the symbol rate by the algorithm
discussed above, and the optimal scale based on our
algorithm is extracted; the other branch is to reduce
the noise and improve SNR by using haar wavelet
composition and reconstruction [8-10] After fast
Fourier transform of the haar wavelet coefficients,
there are several salient periodic spectrum peaks.
Finally, by extracting the spectrum peaks with the
multi-synchronous reference algorithm, the symbol
rate is correctly estimated.

Wavelet L) Wavelet
fransfom

- FFT

Qenoising

!
& Pre-

PIOCESS

Cal

Symbol rate
extraction

pre-estimationf;

Figure 5 The operation process of improved algorithm
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Figure 6 The performance on symbol rate estimation

In the simulation, the modulated parameters were
set as f,=10f , f =3f, where f_is the

sampling rate, f_is the carrier rate and f, is the

symbol rate in theory. We set the normalized mean
square error is

s — | 2 (o™ fb’% /‘ (19)

where f, is the estimated symbol rate. The

results were computed from 11000 times
independent simulations. Figure 6 shows the
normalized mean square error of our algorithm for
different modulated signals in different SNR
scenarios. The normalized mean square error is
even lower than 107 while SNR=0dB. And it
demonstrates that our algorithm is suitable for
BPSK. QPSK. 8PSK and 16PSK. Due to the
noise interference, the fluctuation is available.
When the SNR increases, the fluctuation becomes
flat. Comparing with the original algorithms, our
algorithm’s efficiency is obvious:15dB lower than
HO’s [4], and 3dB lower than Xu’s [3], also has
lower RMS and less computation than Gao’s [7],
approaching more closely to CRLB.

7. CONCLUSION

In the paper, we first in-depth analyze the
wavelet transform of two shaping filter model. And
then an improved model to symbol rate estimation
is proposed to estimate symbol rate. The superiority
is that pre-estimation and the selection of optimal
scale is from the point of the power spectrum. By
combining the optimal wavelet scale and fast
Fourier transform, a new algorithm based on multi-
synchronization reference point is raised to extract
the symbol rate of PSK signal. Moreover, The
algorithm is suitable for different modulation.

Simulation improves the performance of our
algorithm. The normalized mean square error is
reached 10" when SNR=10dB, and even lower than
10 at SNR=0dB.By comparing with the existence
algorithms, the performance of accuracy and anti-
noise is comparatively higher at lower SNR.
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