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Abstract: In this paper, chaos sequence is used to replace the traditional spread spectrum sequence. 

From the perspective of the communication partner, a new method of generating the initial value of 

chaotic sequence is proposed, which is more suitable for the multi-base spread spectrum system 

and easy to extract. In order to further improve the error performance of the system and ensure the 

integrity of the system, an improved suboptimal soft information extraction method based on log-

likelihood ratio (LLR) is proposed in the channel coding module, which can further improve the 

error performance of the system. On this basis, we choose the synchronization mode of multiple 

transmission of one reference signal to solve the problem that chaotic sequence is difficult to obtain 

synchronization because of its aperiodic characteristics. Finally, the system is simulated in the chan-

nel with low SNR. The simulation results show that chaotic sequence as spread spectrum code can 

make the signal transmit accurately in the worse channel environment. The performance gain of 

applying soft information decoding decision in the multibase spread spectrum system with chaotic 

sequence as spread spectrum code can reach 5.2dB compared with the traditional direct spread 

spectrum system. 

Keywords: M-ary Spread Spectrum; Chaotic Spreading Sequence; (CD)2MA; FHP-BP Decoding Al-

gorithm; BER 

1. Introduction 

A suboptimal soft information extraction algorithm based on LLR is proposed based on multi-

base spread spectrum system, considering the practical conditions of application in engineering, 

which can significantly improve system performance with less complexity. In this paper, the anti-

interference ability of the multi-base spread spectrum system is studied from the perspective of the 

communication partner. In addition to preventing the enemy from detecting the spread spectrum 

code, it is also necessary to consider how to make the partner obtain the local pseudo-code as quickly 

and accurately as possible. Multidimensional spread spectrum (MSS) is a kind of communication 

technology that completes spectrum extension by means of coding. Compared with direct spread 

spectrum technology, 

The multi-base spread spectrum system transmits multiple bits per spread spectrum sequence, 

so the transmission efficiency is improved. Secondly, the multi-base spread spectrum system occu-

pies less bandwidth, which is suitable for the environment with strict bandwidth limitation and high 

data rate. At the same time, the multi-base spread spectrum system extends the information sequence 

by the form of block coding, and obtains the coding gain as well as the spread spectrum gain. Under 

certain conditions, the multi-base spread spectrum system has better bit error performance than the 

direct spread spectrum system. Because of these advantages, multi-base spread spectrum technology 

has been widely used [1]. But with the development of information science and digital signal pro-

cessing theory and technology, the detection methods of existing spread spectrum communication 

signals also appear, which will lead to serious deterioration of system performance. 
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In order to improve the anti-jamming and anti-deciphering ability of communication system, it 

is necessary to find new spread spectrum codes. Chaotic sequence is widely concerned by the indus-

try because of its characteristics such as large number, high confidentiality, good randomness and 

excellent correlation performance [2], and is expected to become an ideal spread spectrum code in 

spread spectrum communication. It is worth mentioning (It is worth mentioning,) that in a large 

number of papers on chaotic DSSS, synchronization is ignored or it is assumed that synchronization 

has been completed at the signal receiving end [3]. In order to overcome the difficulty of synchroni-

zation of chaotic MSSS, it is allowed to use spread spectrum code as an independent branch to trans-

mit in the channel. If this synchronization mode appears in DSSS, it will take a lot of computation to 

synchronize the chaotic sequence to obtain the code sequence and track it due to the characteristics 

of chaotic sequence [4-6]. However, in this paper, the system is built based on the communication 

partner. In the generation of the spread spectrum code block, an iterative method is proposed to 

generate the whole spread spectrum code block by using the last value of the former unquantized 

spread spectrum code as the initial value of the latter spread spectrum code block, which not only 

maintains the excellent correlation and randomness of the chaotic sequence itself, but also reduces 

the difficulty of the communication partner to obtain the code sequence. Therefore, this paper will 

follow the synchronization mode of the transmission of the reference signal. 

In order to combat external interference, the current anti-interference technologies mainly in-

clude: error correcting coding technology, spread spectrum technology, beamforming technology 

and diversity technology [7]. In this paper, the channel coding technology and spread spectrum tech-

nology are studied in order to resist the interference in the bad channel environment and realize the 

reliable transmission of information under the condition of ensuring a certain transmission rate. 

In order to ensure the reliability of signal transmission, channel coding technology is a crucial 

technology in modern communication systems [8]. According to the way the signal is received and 

processed, the channel coding includes two categories: Hard Decision decoding (Hard Decision) and 

Soft decision decoding (Soft Decision), at the same bit rate and code length, the performance of soft 

decision decoding is much higher than that of hard decision decoding. In order to reach the Shannon 

limit, the log-likelihood ratio (LLR) should be used to extract soft information [9], but its complexity 

is high and the computation is huge, which is basically impossible to implement in engineering. In 

this paper, an improved soft information extraction method based on the log-likelihood ratio (LLR) 

is proposed, which greatly reduces the computational complexity and is easier to implement in hard-

ware. 

The structure of this paper is as follows: Firstly, the whole system model of the multi-base spread 

spectrum system is introduced, then the generation mode of chaotic sequence spread spectrum code 

block in this paper is introduced, the basic principle of reference signal branch synchronization is 

introduced, including the two steps of capture and tracking, and the sub-optimal soft information 

extraction algorithm based on LLR is introduced, which is combined with channel encoding and de-

coding to optimize the system. The error performance of the whole system in the channel is analyzed, 

and finally the full text is summarized. 

2. M-ary Spread Spectrum communication system model 

Figure 1 shows the system model considered in this paper. At the sending end, the binary mes-

sage sequence is encoded by (2,1,7) convolution coding to map 1 bit to 2 bit encoded signal. This 

signal continues to undergo spread spectrum modulation in the channel. 
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                          Figure 1 Whole System Diagram

 

M-ary Spread Spectrum can actually be seen as a (N,k) encoding, where continuous K-bit infor-

mation is mapped to the symbol Ci(i=0,1,…,M-1), and the system model of multi-base spread spec-

trum is shown in Figure 1. The K-bit information code corresponds to M states, M = 2k, so the system 

is also called M-base spread spectrum system. The K-bit information code is represented by a spread 

spectrum code of length N. In the M-base spread spectrum system, the K-bit information code has M 

different states, which requires a spread spectrum code of length N Ci(i=0,1,…,M-1), to represent M 

different states. Ci can be expressed as: 

                                                               Ci(t) = ∑ Cn
i gc(t − nTc)

N−1

n=0
                                                    (1) 

gc(t) is a gate function, which is 1 when 0≤t<Tc, and is obtained by dividing an by k bits, 

                                                               a(t) =∑ angb(t − nTb)                                                        (2)
∞

i=0
 

                                                           ak(t) =∑ amgb(t − mTb)
k−1

m=0
                                                     (3) 

Where T=kTa=NTc is the pseudo-code period, Tc is the width of the pseudo-code chip, and N is 

the length of the pseudo-code. The corresponding method of information code and spread spectrum 

code adopted in this paper is: weighted value j of K-bit information code, 

                                                                      j = ∑ ai2
k−1−i                                                                  (4)

k−1

i=0
 

Pseudo-code Cj(t)(j=01,…,M-1) with corresponding subscript to complete the M-ary information 

expansion. The sending signal is: 

                                                                  S(t) = ∑Cj(t − nT)                                                                 (5)

∞

n=0

 

QPSK modulation is performed on the signal S(t) which is the Spread spectrum modulated sig-

nal : 

                                                       SI(t) = S(t)cosωct − iS(t)sinωct                                                    (6)  

Gaussian additive noise will be increased when the modulated signal enters the AWGN channel: 

                                               Sn(t) = S(t)cosωct − iS(t)sinωct + n0(t)                                           (7)  

At the demodulation end, the signal receiving frequency changes due to the relative motion be-

tween the signal transmitting end and the receiving end, the received signal frequency is no longer 

fc(fc = ωc/2π) but fr = fc + fd Where fd is called Doppler shift, this phenomenon because the signal 

frequency changes with the relative motion between the transmitting source and the receiver is called 

Doppler effect. The phase of the spread spectrum code copied at the receiving end is also different 

from that of the received signal. The received signal cannot be demodulated and demodulated di-

rectly. 

The carrier and pseudo-code are captured and tracked by the synchronization module, and the 

synchronization information is obtained to dissociate the signal. In this system, considering the non-

periodicity and complexity of chaotic code, a short reference signal branch is adopted to obtain syn-
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chronization information through this branch and then compensate to the information path to com-

plete synchronization. Because the two signals are transmitted in parallel, the two signals are rela-

tively synchronous, which is also the premise of applying this method. 

After the synchronization is completed, the sent signal is recovered and then the convolutional 

encoding and decoding of it can completely strip the sent binary sequence. 

In the hard decision receiver, the receiver makes the best decision for the modulation input signal 

according to the ratio of the output signal of the multi-channel matching filter, and the maximum 

output value of the matched filter is sent to the decoder as the decision result, and the decoder then 

makes a judgment on it to correct the wrong decision that may occur in the demodulator. However, 

the waveform information is wasted and the decoding performance is not high. Soft decision decod-

ing can provide almost the best decoding, which is the reason why I choose soft decision decoding. 

However, soft decision decoding based on LLR is not easy to implement in engineering because of 

its high complexity. In this paper, a sub-optimal soft information extraction algorithm based on LLR 

is proposed to improve system performance with less complexity increase. 

3. Generate chaotic spread spectrum code 

This system is a (1024, 10) M-ary Spread Spectrum System. Due to the high number of base num-

bers in the system and the large number of spread spectrum codes required, it is very difficult to find 

1024 pseudo-code sequences with excellent correlation performance for traditional pseudo-code se-

quences, such as M sequence and Gold sequence, while chaotic sequence is extremely sensitive to 

initial values. The characteristics of continuous wideband spectrum and huge amount of spectrum 

meet the requirement of spread spectrum code in M-ary Spread Spectrum System very well. 

However, because of the non-periodicity of chaotic sequences, it brings new difficulties to the 

process of synchronization and local recovery of pseudo-codes. Therefore, according to the extreme 

sensitivity of chaotic sequences to initial values, a method of generating pseudo-code sequences using 

the last value of the previous sequence as the initial value of the latter sequence is proposed, which 

greatly reduces the difficulty of extracting local pseudo-code as a communication partner. 

Before introducing the specific generation mode of chaotic sequence, the author thinks it is nec-

essary to briefly introduce the concept of chaos. According to the Li-Yorke definition of chaos, first 

proposed by Chinese American scholar Li Tianyan (Li.T.Y) and American mathematician Yorke J A 

in 1975, chaos can be understood: Chaos is an unpredictable random phenomenon of a certain mac-

roscopic nonlinear system under certain deterministic conditions, and its unpredictable characteris-

tics come from its internal nonlinear cross-coupling mechanism rather than external stimuli. The ex-

treme sensitivity to the initial value is also due to this nonlinear cross-coupling effect, which can show 

chaotic phenomenon under certain critical conditions.Chaotic sequences have the following charac-

teristics: 

1) Chaotic sequences are generated by deterministic equations, and the reception and generation 

can be controlled by users; 

2) Chaos can only be generated in nonlinear systems, because the motion state of chaos is formed 

by repeated separation and folding, so its mapping relationship is not one-to-one correspondence; 

3) In nonlinear motion, only a certain parameter space corresponds to the chaotic state, because 

the chaotic state is related to the parameters of the system equation in addition to its mapping form; 

4) In chaotic motion, the motion state of the system is extremely sensitive to the initial value; 

5) Sequences generated by chaotic systems have good autocorrelation performance, and even 

two different sequences in a unified sequence have almost zero correlation. 

Among them, the fourth and fifth characteristics are also the basis for the design of chaotic spread 

spectrum sequences in this paper. 

In this paper, Full-Logistic mapping is selected to generate chaotic sequences, and the Logistic 

mapping is defined as follows: 

              Xn+1 = f(Xn) = 1 − aXn
2,     1.40115518909205… < a ≤ 2                              (8) 

When the argument a=2 is taken, the entire (-1, 1) interval will be filled. Therefore, it is called Full 

mapping, and full-logistic mapping can be concretely expressed as: 
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                                              Xn+1 = 1 − 2Xn
2， − 1 < Xn ≤ 1                                                             (9) 

A series of discrete values are generated by equation 9, and quantized by threshold. In this sys-

tem, the threshold is set to th=0, and then the spread spectrum sequence is generated by T-bit trun-

cation method. The author chose to discard the first 20 bits of a series of discrete values and then 

intercepted 1024 bits to generate a pseudo-code sequence, and stored the last quantized value of the 

previous pseudo-code sequence in the register as the initial value of the next pseudo-code sequence, 

and generated 1024 pseudo-code sequences in this way. 

4. Synchronization module 

The synchronization module can be divided into two parts, capture and tracking. In order for 

the receiver tracking loop to track the signal successfully, the carrier and pseudo-code copied inside 

the initial receiver must match the received signal to a certain extent, otherwise the tracking loop will 

lose the signal lock because the difference between the two exceeds the pull-in range of the loop. This 

is where the capture module comes in before tracing. It can also be more roughly understood as 

"coarse synchronization" and "fine synchronization". 

 

4.1  Signal Capture 

In order to estimate the two parameter values of carrier frequency and code phase of a signal, 

the signal capture process is generally completed by two-dimensional scanning search of the carrier 

and phase of the signal, until the signal is found and confirmed, marking the completion of capture. 

As mentioned above, due to Doppler effect and actual receiver crystal oscillation, clock fre-

quency drift and other factors, the center frequency of the carrier signal received by the receiver is 

generally different from the nominal frequency at the time of transmission, so it is necessary to search 

the signal carrier frequency in one dimension. At the same time, because the distance of the receiver 

changes from time to time, the pseudo-code phase of the received signal also changes from time to 

time, so the receiver needs to search the code phase in one dimension. The carrier frequency is a one-

dimensional search in frequency, and the code phase is a one-dimensional search in time, so the cap-

ture of the signal can be called a two-dimensional search in the two-dimensional space composed of 

time domain and frequency domain. The main operation of search is correlation operation. In this 

paper, the parallel code phase capture method is adopted, and 2048 times code phase search can be 

completed by Fourier transform at one time, so the two-dimensional search is simplified to one-di-

mensional search in the frequency domain. So it can be seen that the correlation technique based on 

FFT is equivalent to parallel correlators. 

As shown in Figure 2, after the digital IF signal is mixed with the sine and cosine signals copied 

at a certain frequency on the I and Q branches respectively, the phase search of parallel code is to 

make the mixing result i+jq in the complex form Fourier transform, multiply it with the Fourier trans-

form conjugate value of the copied pseudo-code, and then detect the value of the inverse Fourier 

transform. Instead of having the mixing results i and q directly correlated with the copied pseudo-

code via a digital correlator. After completing the search and detection of the current frequency band, 

the above calculation is repeated by changing the frequency value of the replicated carrier through 

the numerical control oscillator (NCO) 
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                     Figure 2 Acquisition Algorithm Flow 

Next, the author will prove the correctness of the correlation operation using the Fourier trans-

form instead of the correlator. 

Assuming that two sequences of length N and their correlation values are, the correlation defi-

nition gives: 

                                                            z(n) =
1

N
∑ x(m)y(m − n)

N−1

m=0

                                                    (10) 

Applying the Fourier transform to z(n) yields Z(f): 

                                                                Z(f) = ∑ z(n)e−i2πfn/N                                                            (11) 

N−1

n=0

 

Substituting formula 10 into formula 11 yields: 

                                                               Z(f) =
1

N
X(f)Y∗(f)                                                                   (12) 

Where is the conjugate of Y∗(f) complex number Y(f) , thus proved. 

 

4.2  Signal Tracking 

After the signal is captured, and the error can be controlled within half of the chip, the tracking 

loop is entered to further detect the carrier frequency and the code phase offset more finely. 

The tracking loop of the signal is actually composed of two loops, carrier tracking ring and code 

tracking ring, respectively tracking the carrier and the pseudo-code in the received signal. The pur-

pose of the carrier ring is to make the copied carrier signal consistent with the received carrier signal, 

and the carrier can be stripped after mixing to obtain the baseband signal. In contrast, if the copied 

carrier is not exactly the same as the received carrier, it cannot be completely stripped off, and the 

relevant value obtained after entering the code ring will also be weakened. 

Code ring through its internal correlator to copy the pseudo-code and the received signal to do 

correlation operations, the purpose is to strip the pseudo-code, only the phase of the copied pseudo-

code and the pseudo-code phase of the received signal is exactly the same, the correlation value has 

a maximum, and the relative phase is still deviated, the correlation value will be weakened. 

Through analysis, it can be seen that the ultimate purpose of synchronization is to restore the 

received signal into a baseband signal without pseudo code, the carrier ring strips the carrier, the 

code ring strips the pseudo code, and the correlation value is still used to determine whether the 

tracking is on. The specific process is shown in Figure 3. 
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                  Figure 3 Tracking Algorithm Loop 

 

4.2.1 Phase locking loop 

Hereinafter referred to as phase-locked loop. The phase-locked loop (PLL) is a carrier loop that 

targets the phase of the carrier signal. When the phase of the input and output signals is basically 

consistent, it is judged to be locked. At this time, the PLL shows steady-state characteristics. There 

are some key parameters in PLL that need to be determined, which will be analyzed by the author. 

The system function of the PLL obtained by definition is: 

                                                                            H(s) =
KF(s)

s + KF(s)
                                                          (13) 

Where K is the loop gain and F(s) is the transfer function of the loop filter. In this system, a 

second-order loop filter is selected, where F(s) is 

                                                                               F(s) =
τ2s + 1

τ1s
                                                             (14) 

Substituting formula 14 into formula 13 yields: 

                                                                    H(s) =
2ξωns + ωn

2

s2 + 2ξωns + ωn
2
                                                    (15) 

In Formula 15, ωn is called the characteristic frequency and ξ is called the damping coefficient, 

which completely determine the performance of the second-order PLL, and the relationship is as 

follows: 

                                                                                                             

{
 
 

 
 
ωn = √

K

τ1

ξ =
ωnτ2
2

                                                                                                (16) 

When the damping coefficient is 0 < ξ < 1, the system responds flexibly but oscillates violently. 

When ξ > 1, the stability of PLL is relatively high but the system reaction is relatively slow. Noise 

bandwidth is defined as: 

                                                                      BL =
ωn
4
=
ωn
2
(ξ +

1

4ξ
)                                                      (17) 

It controls the amount of noise entering the loop, the narrower the noise bandwidth, the better 

the loop filtering effect, but it is not infinitely small, because the high dynamic stress will cause the 

received signal carrier frequency and phase of the violent oscillation, hope to allow such fluctuations 

as small as possible under the premise. 

Therefore, there are: 
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                                                                         {
ξ = 0.707
BL = 0.53ωn

                                                                            (18) 

Phase discriminator module, this paper selects the arctangent function: 

                                                                       φe(t) = arctan (
Q(t)

I(t)
)                                                       (19) 

What gets φe(t) is the phase difference at time t, and Q(t) and I(t) are the output results of 

integration-eliminator I and Q respectively. 

NCO is used to copy the carrier. The work of NCO is divided into two steps: first, the carrier 

numerical control oscillator outputs a stepped periodic signal, and then the sine and cosine lookup 

table converts the stepped signal into the digital sine and cosine carrier copy signal respectively. From 

the above two processes, it can be seen that the CNC oscillator can be simplified into two parts: "ac-

cumulation" and "accumulation after overflow and reverse zero". For an n-bit CNC oscillator, the 

frequency of the step signal is defined as: 

                                                                             fo =
Mfc
2N

                                                                        (20) 

Where M is the phase increment of the carrier CNC oscillator, which makes the carrier CNC 

oscillator output an IF frequency including Doppler shift, when the loop filter output is 0, it can be 

considered that the output frequency is equal to the nominal IF frequency, and the offset value can 

be derived from this. 

Since the Doppler change rate is also considered in addition to the Doppler frequency shift, that 

is, the receiving end and the transmitting end are always moving relative to each other at a fixed rate. 

In this system, a second-order loop is adopted, so the obtained frequency tracking steady state has a 

certain slope, and when the phase reaches a steady state, it oscillates around 0. 

 

4.2.2 Code tracking loop 

The code tracking loop is based on the good correlation characteristics of the pseudo-code se-

quence. If the two-bit code sequence is different or there are still phase differences, the correlation 

becomes low or even close to 0, and the correlation peak is reached only when the two sequences are 

the same pseudo-code. 

Similar to the carrier ring, the code ring estimates the phase difference between the copied and 

received pseudo-codes based on the correlation values, and uses the filtered phase difference as the 

input to the pseudo-code numerical control oscillator for phase adjustment. 

The difference is that the code ring copies three copies of the pseudo-code of different phases at 

each moment, that is, the pseudo-code of leading, immediate and delayed replication, as shown in 

Figure 3 for comparison. Otherwise, it will be difficult to determine whether the correlation value 

reaches the maximum. 

The low-pass filter after mixing is replaced by an integral-cleaning module in this system, be-

cause considering the complexity of the system and the reality of subsequent engineering implemen-

tation, the integral-cleaning module is less difficult to achieve and can also filter out the effect of high-

frequency components and noise through integral operation in a certain time, and improve the car-

rier-to-noise ratio. This process is coherent integration, and the corresponding integration time Tcoh 

is called the pre-detection coherent integration time. 

To ensure that the data level does not jump within Tcoh, the system samples 10 sampling points 

per data point, so each  Tcoh in the system contains 5 sampling points. The principle of the pseudo-

code numerical control oscillator is the same as that of the carrier numerical control oscillator, which 

will not be detailed here. 

 

5.  Soft decision decoding algorithm 

The receiver makes the best decision for the modulation input signal according to the ratio of the 

output signal of the multi-channel matching filter, and the maximum output value of the matched 

filter is sent to the decoder as the decision result, and the decoder then makes a decision on it to 
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correct the wrong decision that may occur in the demodulator. A judgment in this way is called a 

hard judgment. The demodulation end is shown in Figure 1. 

The advantage of hard decision method is that it is easy to engineering implementation, but the 

disadvantage is that a part of useful information is wasted, making the decoding performance is not 

high, and the performance is to lose the coding gain of 2 ~ 3dB, especially in the case of the channel 

original bit error rate is not high. 

Soft decision decoding can provide almost the best decoding, and the performance is far superior 

to hard decision decoding. 

It is assumed that the transmission code word is equal probability, the wireless channel is 

AWGN channel, and n(t) is Gaussian white noise with power spectral density N0 2⁄ . M-base spread 

spectrum communication system, each code word has k bits, k = log2M, each bit is denoted by dj(j =

0,1, … , k − 1). The code word composed of dj  is denoted {D}, the spread spectrum code {Ci}(i =

0,1, … ,M − 1) of dj = 0 is denoted by Gj
0, is donated as C0

i , and the spread spectrum code {Ci} of 

dj = 1is denoted by Gj
1, is donated as C1

i  and the soft information extracted by LLR can be written 

as: 

                                                    ∧j=∧ (dj) = ln
∑ P(R ∣∣ Ci )Ci∈Gj

1

∑ P(R ∣∣ Ci )Ci∈Gj
0

                                                           (21) 

In this formula: 

                                                 P( R ∣∣ Ci ) = (
1

√πN0
)

N

exp (−
∣ R − Ci ∣

2

N0
)                                             (22) 

If the log-likelihood ratio is adopted for soft information extraction, the calculation of the algo-

rithm is complicated and the circuit implementation is difficult, a sub-optimal algorithm for soft in-

formation extraction will be adopted by using the approximation relation of equation (22), which 

greatly reduces the complexity and has good effect. 

                                                          ln[∑εk

N

k=1

] ≈ ln [ max
k∈1,2,…,N

{εk}]                                                      (23) 

According to the approximate relation (21) of equation (23), it becomes: 
                                       ∧j≈ ln [max

Ci∈Gj
1
P( R ∣∣ Ci )] − ln [max

Ci∈Gj
0
P(R ∣∣ Ci )]                                                  (24) 

Substitute equation (22) into equation (24) : 

                  ∧j=
1

N0
(max
Ci∈Gj

0
∣ R − C0

i ∣ − max
Ci∈Gj

1
∣ R − C0

i ∣)   −
N

2
ln (πN0) =∧j

′+ Aconst                     (25) 

Where Aconst = −
N

2
ln (πN0) is a constant;∧j

′=
1

N0
(max
Ci∈Gj

0
∣ R − C0

i ∣ − max
Ci∈Gj

1
∣ R − C0

i ∣). In the AWGN 

channel, each signal has the same energy, that is, ∣ C0
i ∣2=∣ C1

i ∣2, then there are: 

                                               ∧j
′=

2

N0
(max
Ci∈Gj

1
R ∙ C1

i − max
Ci∈Gj

0
R ∙ C0

i )                                                        (26) 

Where R ∙ C1
i  and R ∙ C0

i  are the output of the matching filter whose JTH bit is 1 or 0 of the code 

word D.D is grouped as follows: 

gj
1 = {∀D, dj = 1} 

                                                                  gj
0 = {∀D, dj = 0}                                                                     (27) 

The j-bit soft information is obtained as follows: 

                                         Sj ≈ max
D∈gj

1
∣ R ∙ C1

i ∣ − max
D∈gj

0
∣ R ∙ C0

i ∣                                                          (28)Normali-

zation to:    

               Sj ≈ (max
D∈gj

1
∣ R ∙ C1

i ∣ − max
D∈gj

0
∣ R ∙ C0

i ∣)/MAXj                                              (29) 

                                    MAXj = max(max
D∈gj

1
∣ R ∙ C1

i ∣ , max
D∈gj

0
∣ R ∙ C0

i ∣)                                                    (30) 
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6. Bit error performance analysis 

When the signal between K users in the system is assumed to have a random time delay, and the 

signal power of each user is equal, considering white Gaussian noise (AWGN) and multiple access 

interference (MAI), the bit error rate formula of the M-base spread spectrum system is as follows: 

                                                 Pr = (M − 1)Q [(
N0
Es
+
2(K − 1)Mε

NTc
3 )

−
1
2

]                                           (31) 

In formula (31), K is the number of users, M is the number of bases, Eb is the energy of infor-

mation bits, Es is the energy of multibase symbols, Es = Eb log2M, N is the length of the spread spec-

trum code, Mε is the integral of the square of the autocorrelation function of the waveform function 

in a chip.Q(x) =
1

√2π
∫ exp(−t2 2⁄ ) dt
∞

x
, the waveform function is known to be a gate function, equation 

(31) can be written as: 

                                       Pr = (M − 1)Q [(
N0

Eb log2M
+
2(K − 1)

3N
)

−
1
2

]                                              (32) 

Each M decimal symbol of the multi-base spread spectrum corresponds to log2M bit, and the 

decoder miscalculates the error corresponding to log2M bit once. The bit error rate of the multi-base 

spread spectrum system is obtained as follows: 

                                                                   Pb =
M log2M

2(M − 1)
Pr                                                                    (33) 

When considering AWGN and MAI, the bit error rate formula of direct spread spectrum system 

is: 

                                                            Pb = Q [(
K − 1

3N
+
N0
2Eb

)
−
1
2
]                                                          (34) 

The reduction of the bit error rate of multibase spread spectrum system is obtained by coding 

gain. According to formula (33) and formula (34), when the base number M is small, the error perfor-

mance of the traditional direct spread spectrum system and the multi-base spread spectrum system 

is not much different, and in a certain signal-to-noise ratio range, the increase of M corresponds to 

the error performance of the multi-base spread spectrum system is better than that of the traditional 

direct spread spectrum system. 

7. Simulation results and analysis 

Firstly, the correlation of chaotic sequences is tested. The autocorrelation images and cross-cor-

relation images of chaotic sequences are shown in Figure 4 and Figure 5. 

The autocorrelation and cross-correlation images of m-sequence are shown in Figure 6 and Fig-

ure 7. By comparison, the correlation characteristics of chaotic sequence are better than those of m-

sequence. 

Figure 8 shows the images captured in Gaussian channels with different SNR. The Doppler fre-

quency offset set is 10.5KHz, the Doppler change rate is 2KHz/s, and the code phase offset is 100. 

Search and capture are carried out in the range of -15KHz to 15KHz. The SNR of Figure (a) to Figure 

(d) is 8dB, -1dB, -5dB and -20dB, respectively. From the figure, it can be seen that in the case of poor 

channel environment, the spread spectrum system using chaotic sequence as pseudo-code can still 

see sharp correlation peaks, and the error is far less than the length of half a chip. 
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Figure 4 Chaotic sequence              Figure 5 Chaotic sequence 

Autocorrelation                       cross correlation 

 
Figure 6 Chaotic sequence              Figure 7 Chaotic sequence 

 Autocorrelation                      cross correlation 

     

 
(a)                                       (b) 
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(c)                                     (d) 

Figure 8 The autocorrelation peak obtained during the capture process   

After compensating the captured chip offset and carrier offset, the tracking loop is entered, and 

the carrier exchange tracking image and code ring tracking image obtained are shown in Figure 9. 

Since the Doppler change rate is set, the carrier frequency image after the carrier tracking ring is 

tracked does not fluctuate in a fixed frequency range, but increases at a fixed rate. By calculating the 

slope of the image, it can be seen that the Doppler change rate on the tracking is 2KHz/s, which is the 

same as the set rate, and the phase difference always oscillates around 0, which also proves that the 

target has been tracked. (c) and (d) are tracking images of the code ring and enter the tracking loop 

after compensating the tracked code bias. Figure (c) indicates that the code bias that still exists is 

captured and oscillates around this area, while Figure (d) indicates that the code phase difference 

oscillates around 0. The combination of the two indicates that the tracking of the pseudo-code enters 

a steady state and is consistent with the set code bias. 

After the coarse synchronization process of capture, it enters the tracking loop for further fine 

synchronization process. Both steps are completed, and complete synchronization can be obtained 

through the simulation diagram, which proves that the design method used in this paper is com-

pletely feasible and has excellent effect.   

 
(a)                                      (b) 
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(c)                                   (d) 

Figure 9 Tracking loop 

Then the error performance of the system is simulated. The parameter design is shown in Table 

1. In order to clearly compare the impact of different synchronization modes, whether to add channel 

coding and soft and hard decision modes on the system error performance, MATLAB is used to com-

pare and simulate the system performance in AWGN channel. Simulation parameters are shown in 

Table 1. Matlab will be used for simulation. The channel coding adopted is (2,1,7) convolution coding, 

and the multibase spread spectrum system (1024, 10) is adopted. 

Table 1. Simulation parameters of M-ary Spread Spectrum communication system. 

M Rb(b/s) fc(Hz) 

1024 100K 50M 

Rc codelength Eb/N0(dB) 

10.24M 1M 0-8 

The bit error rate of multibase spread spectrum system is better than that of traditional direct 

spread spectrum under certain SNR condition, which can be seen from the formula in Section 5. 

As can be seen from Figure 10, when the bit error rate BER = 1 × 10−3, the (1024, 1) system out-

performs the traditional direct spread spectrum system by about 0.7dB. 

 
Figure10.(1024,1) compared with           Figure 11.(1024,10) compared 

with the bit error rate of DSSS               the bit error rate of DSSS 

Comparing Figure 11 with Figure 10, when the bit error rate is BER = 1 × 10−3, the (1024, 10) 

multi-base spread spectrum system has a gain of about 4.2dB compared with the DSSS system, and 

the (1024, 10) compared with the (1024, 1) system has a gain of about 3.5dB, which is the coding gain. 
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Figure 12 (1024,10) System hard                 Figure 13 Convolutional   

  decision and Comparison of hard                   coding system error 

performance decision error rate of 

soft information extracted 

 

Figure 14 (1024,10) System (2,1,7) 

soft decision decoding 

bit error performance 

There is no significant difference in error performance between the two methods of hard decision 

unexpanding directly on the received signal and hard decision unexpanding after extracting soft in-

formation from the received signal. The method of hard decision after extracting soft information 

does not make full use of the feature of "possibility information" contained in the soft information, so 

the performance is not well improved, as shown in Figure 12. Therefore, convolutional coding and 

soft decision decoding continue to be combined. 

When (2,1,7) convolutional coding is added to the system, the performance is greatly improved. 

The comparison of error performance of hard decision or soft decision when the channel decoding 

mode is selected is shown in Figure 13. It can be seen from Figure 13 that the error performance of 

the whole system after convolutional coding is better than that of the multi-base spread spectrum 

system, with a gain of about 5.2dB, while the performance of soft-decision decoding is about 1dB 

higher than that of hard decision decoding. 

It can be intuitively seen from Figure 14 that the error performance of the system using soft de-

cision decoding and multi-base spread spectrum is greatly improved than that of the DSSS system. 

When the bit error rate is high, the error performance of the system is improved by about 5.2dB. 

8. Conclusions  

A suboptimal soft information extraction algorithm based on LLR is proposed based on multi-

base spread spectrum system, considering the practical conditions of application in engineering, 

which can significantly improve system performance with less complexity. In this paper, the anti-
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interference ability of the multi-base spread spectrum system is studied from the perspective of the 

communication partner. In addition to preventing the enemy from detecting the spread spectrum 

code, it is also necessary to consider how to make the partner obtain the local pseudo-code as quickly 

and accurately as possible. Therefore, based on the initial value sensitivity and aperiodicity of chaotic 

sequence, an iterative method is proposed to obtain spread spectrum code with the last value of the 

unquantized chaotic sequence as the initial value of the latter sequence. The simulation results show 

that the correlation performance of chaotic code as a spread spectrum sequence is better than that of 

traditional spread spectrum code, and it can be captured in the channel environment with lower sig-

nal-to-noise ratio during synchronous capture. In the test of acquisition performance, the correlation 

peak is still sharp in the channel with the SNR of -20, which is much better than that with the tradi-

tional spread spectrum code, and the captured Doppler frequency offset and chip offset error can be 

controlled within a small range. When the bit error rate is high, the system can gain 5.2dB and 1.8dB 

respectively in AWGN compared with DSSS and common (1024, 10) multibase spread spectrum sys-

tem. From the above experimental results, it can be concluded that the proposed scheme is of great 

significance in realizing reliable signal transmission under bad channel environment, improving anti-

jamming and anti-interception performance in secure communication, and practical engineering im-

plementation. 
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