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Abstract: The creation of coherent radio lines is one of the 

ways to increase the noise-resistance and reach conditions 

making possible the reception of the optimal signals. The paper 

presents a method and a device for the purpose mentioned, both 

protected by application for a patent. It is based on the two 

American patents of Motorola Company known up to now and 

used to accomplish a coherent connection in the Air Forces of the 

USA. The approach suggested gives a possibility for a simpler 

and more effective technical implementation to build coherent 

radio lines under the condition of fast signal fluctuations. That 

makes possible to use it both in aviation and cosmic radio lines 

where it is necessary to transmit a great amount of data of 

telemetric information as coherence ensures considerably higher 

amplification with received signal processing in comparison with 

the ways used up to now.  
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I. INTRODUCTION 

A number of modern systems of transmitting 

information such as the systems of space radio connection and 

of mobile communications are characterized by common 

requirements for the used signals. These requirements are 

most completely satisfied by using frequency hopping spread 

spectrum signals (FHSS). The properties of those signals in 

combination with the optimal methods of their processing 

make possible to ensure a high level of accuracy with 

measuring distance and speed, to combine the transmission of 

information with trajectory measurements, to increase the 

efficiency of radio systems operation with regard to 

electromagnetic compatibility and, under the multi-beam 

conditions, to achieve energy and structural obscurity of 

emission, etc. 

For the space radio lines and mobile communications 

of limited energy resources it is extremely urgent to develop 

systems of connection with coherent JLCCF as they make 

possible to ensure considerably greater signal amplification 

with coherent processing in the receiver. However, at the 

same time the requirements concerning the system of 

synchronization and monitoring on delays are considerably 

increasing. The purpose of this paper is to propose a method 

and a device for accurate independent and coherent 

reproduction of the shape of the transmitted FHSS in the 

transmitter and receiver. 

II. SYSTEMS OF MONITORING ON DELAY WITH 

COHERENT RECEIVING SIGNALS OF JLCCF  

 Two main patents of coherent systems for have been 

known up to now. They belong to the Motorola company and 

have been applied to implement a radio connection by using 

FHSS and fast-moving objects (Air Force airplanes), i.e. 

under the conditions of quick fluctuations of delay [1, 2]. A 

coherent system of synchronization with a phase synthesizer 

is described in [2]. 

The principal peculiarity of the system proposed 

consists of using a special device to synthesize the phase in 

the receiver as a local generator: a synthesizer performing the 

voltage – phase transformation. In this way the controlled 

signal for the phase synthesizer should be equal to the value of 

the current phase of the frequency synthesized. The structural 

diagram for the delay observation system (DOS) is given in 

Fig.1. The input signal in the receiver is presented with an 

equation: 

     ttj
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where p  is the frequency of the pilot signal. 

The phase of the received coherent FHSS can be 

written in the kind of: 

    tdtt
t

0

01
  ,                                                       (2) 

where 0  is the central frequency of the signal,  t  is the 

amplitude of the random oscillation of rectangular shape that 

determines the frequency values of the signal of JLCCF and 

has been distributed evenly between p  and p . 

To accomplish the synchronization between the 

received and the reference signals according to delay, it is 

necessary to reduce the phase error to zero, i.e.: 

   tt 12  ,                                                              (3) 

where  t2  is the integral phase of the supporting signal. 
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Fig. 1 

For a case when е  the approximate equation has 

been completed: 

 
dt

td 1  ,                                                                       (4) 

or   
 t

dt

td
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Hence, the assessment of the output signal phase can 

be presented in the kind of: 
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td
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 .                                                        (5) 

At that the error of the obtained assessment can be 

evaluated with the expression: 

     ttt   ,                                                        (6) 

where    tt  . 

The method suggested can be implemented by the 

diagram in Fig. 1 in the following way. The signal 

determining the law of the phase change for the phase 

synthesizer (PS), is formed at the output of the first generator. 

It presents the integral sum of the phases of the central 

frequency obtained at the output of the circle of phase 

automatic frequency setting (PAFS 1) of the input radio signal 

and the signal entering from generator of pseudo-random 

sequence (GPRS) determining the value of  t . The 

preliminary evaluation of the phase error formed on the basis 

of delay 3  is taken out from the obtained value of the phase 

in the extracting device and the result obtained is used as a 

controlling effect for the PS. In this way the PS generates a 

signal of the kind of: 
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The synthesizer examined presents an address memory 

device (MD) storing exp jx, values where х is a number fed at 

the MD input. At that, a digital-to-analog transformer 

operating according to discrete  jxexpRe is used at the MD 

output. 

The signal of the mixer output is of the kind of: 

         ttexpRetS ззm   .                        (8) 

Signal )t(Sm
 passing through band filter (BF) enters at 

the input of the circle of PAFS 2. In the case examined, 

according to its structure and purpose the circle of PAFS 2 is 

analogous to the circle of PAFS 1 in DOS described in [1]. 

The signal at the output pf the circle of PAFS 2 is fed to the 

first input of the multiplier of the circuit of delay evaluation, 

while at the other input of the circuit, the value of  t  

averaged in low frequency band filter (LFBF1) enters 

obtained by GPRS. The time constant of LFBF1 corresponds 

to the time constant of BF. In this way at the output of the 

multiplier the following signal is obtained: 

     ttS 2
зд   .                                                             (9) 

Besides that the averaged value of  t  is fed to the 

square power device and after averaging in LFBF2 with a 

time constant bigger than the one of LFBF1, the signal 

obtained  is in the kind of: 

   ttS 2
d   .                                                                     (10) 

This signal is fed as a divisor at the input of a diagram 

of division. In the capacity of dividend a signal of the kind is 

used: 

     t2tS зд 



  ,                                                      (11) 

obtained from  tSд   by averaging in  LFBF3. In this way a 

new evaluation of the delay is formed 
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which at the integrator output is in the kind of: 


 з
/
з

.                                                                          (13) 

The evaluation enters on a multiplier where the 

consecutive signal is formed for the correction of the 

frequency of the DOS monitoring system. 

 

III. PHASE SYNTHESIZER 

The aim is to develop a device for independent and 

accurate (coherent) reproduction of the phases in the 

transmitter and receiver of FHSS and on the base of it, a 

coherent device of synchronization serviceable with random 

fluctuations of delays [3]. 

The problem is solved by creating a frequency 

synthesizer including a source of a standard (bearing) signal, 

generator of primary signals and switching circuit. The series 

of primary signals of an angular frequency corresponding to 

the bearing signal frequency is taken to the switching-over 

circuit output in a kind of a phase displaced line. The 

switching-over circuit is synchronized with one of the primary 

signals and switching-over can be controlled by choosing the 

number of primary signal cycles. 

The advantage of the frequency synthesizer suggested 

is that the generator of primary signals generates them with 

the same spectrum frequency as the source of the bearing 

signal (SBS) and hence, if the switching circuit has been 

synchronized with one of the primary signals, the signal 

chosen with the same phase is obtained every time with the 



 

synthesis start that makes possible to control the synthesized 

signal phase and to reproduce it independently in the 

transmitter and receiver. 
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Fig. 2 

 

The performance of the suggested frequency 

synthesizer as an example is shown in Fig.2 (block PS). 

According to [3], the frequency synthesizer consists of a 

source of a bearing signal, generator of primary simple 

signals, accomplished in the kind of a multi-terminal delay 

line with N terminals, switching-over circuit, divisor of 

frequencies synchronized with one of the simple signals of the 

generator and connected with the tact input of the switching-

over circuit. 

The synthesizer operation is the following: The signal 

of the frequency standard generator of angular frequency 0 is 

given to the frequency standard generator input (multi-

terminal delay line (MTDL) with N terminals). The switching 

circuit is synchronized through the divisor of frequencies and 

switches over after every k cycles of the primary signal. If the 

interval of time between two switching over is Тs, the phase 

difference between the signal synthesized and the bearing one 

increases by phase  for time Тs.  As =2/N, the signal 

synthesized can be supported for a random period of time with 

a multiple usage of N primary signals and the synthesized 

signal frequency с is с=0+k/Ts. By the control of the 

switching circuit (the choice of k) the output signal phase can 

be changed. 

On the basis of the synthesizer suggested, a device for 

synchronization of coherent FHSS was obtained. The device 

consists of a transmitter that can be regulated, receiver, 

diagram of monitoring by delay, extrapolator of delay and the 

bearing signal source, generator of primary simple signals, 

switching circuit, divisor of frequencies. 

The advantage of the device suggested is that the 

moment to start the synthesis of the desired signal in the 

receiver correlating unit can be determined on the basis of 

extrapolation of the delay evaluation as receiving the same 

phase as the one used in transmitter. 

The implementation of the device for coherent 

synchronization as an example according to [3] is given in 

Fig. 2. The device of synchronization consists of a transmitter 

that can be regulated, receiver, diagram of monitoring by 

delay, extrapolator of delay and source of a bearing signal, 

generator of primary simple signals, switching circuit, divisor 

of frequencies.  

The device performance is the following: The current 

value of delay is evaluated in the standard diagram of 

monitoring by delay. To compensate the delay, the 

extrapolator determines value *(t) and from it, overtaking in 

time, i.e. *(t)=t-(t) of transmitting in transmitter that is 

implemented by feeding the signal at the input of the 

generator of bearing signals (multi-delay line). 

Let’s one of the n in number signal elements, which are 

approximately equal to zero out of the interval, is marked with 

S[0,T]. Then the signal transmitted can be marked with the 

expression: 

   



n

0k
k iTtStS .                                                           (14) 

Considering the random delay, the obtained useful 

signal is: 

        



n

t

tiTtSttSttS
0

,  .                       (15) 

Let’s present the discrete parameter  t  and the 

random delay  t  in the kind of known information function, 

i.e.: 

       tt,ttS,,tS   .                                       (16) 

The discrete parameter takes constant values of the tact 

intervals    1iii t,tt,t  . The values of the information 

parameter of the tact intervals form a normal Markov chain  

  n,...1,0i,ti   with n states and a known matrix of 

transmitting state i into state j   ij
 and a vector of initial 

states 
iрр  . The boundaries of the tact intervals are 

determined by the random delay  t , i.e.   ii tt . Wish 

accomplishment of certain delay, the boundaries of the tact 

intervals are  ii tiTt  .  

In the tact interval 1ii t,t   signal  ,,tS  coincides 

with the elementary signal   tiTtS   if   it  . The 

process  t  satisfies the system of stochastic differential 

equations: 

 
   tn,tf

t

t
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  .                                                        (17) 

Here  ,tfi  are functions satisfying the condition of 

Lipschitz and  tni  is Gauss’s noise of intensity  ,tbij
. A 

priory the process probable features  t  have been 

determined by the equation of Fokker-Plank-Kolmogorov: 

    
 

 WL
Wtb

Wta
t

W
t

n nn
















  1 1

2

1 2

1

  





 







,
, ,  (18) 

where   ,tWW  is a priory the process probable density 

 t . 



 

In order compensation of the delay  t  in the transmission 

medium of the signal  ts , the same should be broadcast with 

overtaken in time  ty , i.e. be of the form:     tytsts y  . 

In case of delay  t  the useful signal at the input of the 

receiver will be: 

        ttyttstts yy   .                                 (19) 

Problem whose solution is the purpose of this study is to 

determine the value of  ty , at which is providing minimum 

mean square value of the offset    in the time of reception 

of the signals at the input of the receiver in case of accidental 

delay  t , i.e.: 

      ttytt    .                                                        (20) 

For the determination of  ty  can be used all the current 

information about the random delay, which is contained in the 

realized oscillation  tr  for the interval  t,0  at the input of 

receiver, whereupon this oscillation is the sum of the useful 

signal and the noise: 

      tnttstr y   . 

The signal emitted by the transmitter in random moment of 

time 0t , enters at the input of the receiver in a channel with a 

random delay time point 1t , so that the equality obviously is 

met:  ttt  10 . The raised problem can be reduced, so that 

based on the monitoring of implementation  tr  until the time 

of transmission of the signal   00
0,0 tttrr

t
  to 

determine the overtaking  0ty , which is providing minimum 

mean square value of the offset  1t  of the signal, taken at 

the moment of time 1t . As is known, the optimal mean square 

assessment coincides with the conditional mathematical 

expectation, i.e.: 

        dtprtMty ot

o 




 0110
,     ot

ortptp 101     (21) 

is a’ posteriori, i.e. the conditional at monitoring of 

implementation 0

0

t
r  density of the probabilities of the random 

process  t  at the moment 1t . At a fixed time of signal 

broadcasting 0t , the time of its occurrence at the input of the 

receiver 1t , determining according to equality (20) is random. 

To avoid examining of the process in random moments of 

time may be introduced process: 

   101 tt   .                                                                       (22) 

From (20) it follows that: 

       0101001 ttttt   .                                    (23) 

So  01 tp   is the current a posteriori probabilistic density of 

the process  t1 :        00

001101

tt

o rtprtptp   . 

In its physical sense  t1  is the magnitude of delaying of 

emitted signal at the moment t . 

Ratio (22) is a transcendental equation on the basis of which it 

is possible to determine the  t1  at given process. From 

formula (23) can be obtained an equation defining the 

relationship between  tp 1
 and     0t

orltptlp   , , i.e. 

with a’ posteriori probabilistic density of the random delay at 

some point of the time  lt  . When l  considering as a 

random variable with probabilistic density  lp , and  lt   

as a function of this value, then on the basis of (12) is 

satisfied: 

       0 0

1 0 0

t t
p t r p t l r p l dl   
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From equation (23) follows that:  tl 1 , i.e.    tlplp 1 , 

from where follows the ratio determining  tp ,1  at a set 

probabilistic density  tlp , : 

     1 1,p t p l t p l t dl 




 
.                       (25) 

Equation (25) connects the probabilistic characteristics of the 

process  t1  with the characteristics of process  t . The 

algorithm for calculation of the  tlp , , follows from the 

results of the theory of optimal nonlinear filtration. The 

accidental delay may accepts non-negative values, i.e. 

  01 t ,   01 tp  to 0 . Therefore, in equation (25) is 

only used  tlp ,  to 0l , i.e. only the extrapolated density of 

probability. Monitoring  tr  is determined by the formula 

(19). 

Therefore, the determination of the a’ posteriori probability 

density  tlp ,  based on the monitoring of 0tr  is solvable 

task of Markov theory for optimal nonlinear filtration. 

 

IV. CONCLUSIONS  

The proposed device and algorithm of optimal FHSS 

receiving allow independent and accurate control on the 

phases in the transmitter and receiver.  The possibility of 

direct assessment of the random delay gives a possibility to 

obtain an algorithm including a wide range of problems. The 

device and algorithm are protected by a patent [3].  
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