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TELECOMMUNICATIONS SCIENCE 

Synthesis of microstrip filters based on  

miniaturized hexagonal resonators 

Marin V. Nedelchev, Ilia G. Iliev 

 

The paper proposes the application of the miniaturized hexagonal resonators in the microstrip 

filter design and their applicability in mobile communication systems. The main coupling topologies 

are researched and the coupling mechanism is explained. Using full-wave electromagnetic simulator, 

the coupling topologies are analyzed, in order to find the coupling coefficients in value and in sign. It 

is researched the coupling coefficient dependence by the coupling resonators position. The graphical 

results for the coupling coefficient in dependence of the resonator spacing are presented, when 

different coupling topologies are examined. Two triplet filters with asymmetric responses are 

synthesized. The results of the simulation show very good match of the theory and the simulation 

results.  

Keywords: miniaturized resonators, coupled resonators, microstrip filters 

Проектиране на микролентови филтри на базата на миниатюризирани шестоъгълни 

резонатори (Марин В. Неделчев, Илия Г. Илиев). В работата е предложено и изследвано 

приложението на миниатюризирани шестоъгълни резонатори в микролентови 

лентопропускащи филтри за мобилни комуникационни системи. Изследвани са основни 

топологии на свързани резонатори използвани при проектирането на филтри. С помощта на 

електромагнитен симулатор са анализирани свързаните структури, за да се определят 

коефициентите на връзка, както по стойност, така и по знак. Изследван е характерът на 

връзката в зависимост от разположението на свързаните резонатори. Показани са в 

графичен вид коефициентите на връзка в зависимост от разстоянието между резонаторите 

при различни характери на връзката. Проектирани са два трирезонаторни филтъра с 

асиметрични характеристики. Резултатите от симулационното изследване показват много 

добро съвпадение на теоретичните и получените резултати. 

Ключови думи: миниатюризирани резонатори, свързани резонатори, коефициент на 

връзка, микролентови филтри 

 

Introduction 

The rapid development of the mobile 

communication systems stimulates the research of 

microwave filters with specific asymmetric 

characteristics [1]. In order to achieve the high slope 

of the characteristics of filters and linear group delay 

the proper filters are cross-coupled, which have 

couplings between non-adjacent resonators. This kind 

of filters have improved characteristics compared to 

conventional filters in which compromise is between 

slope and linear group time. The filters with 

asymmetric frequency response are composed of 

coupled resonators tuned to different frequencies. On 

the other hand due to its easy production and tuning, 

the microstrip filters are subject to continuous 

research in recent years. The main objective of 

implementing microstrip filters is their 

miniaturization. This can be achieved by use of 

miniaturized resonators. The methods for the synthesis 

microstrip filters are limited to the preparation of the 

coupling coefficients matrix from the approximation 

[2]. The individual coupling coefficients are realized 

by coupled resonators. For this reason, as the task is 

the issue of the analysis of different topologies 

connected microstrip resonators. In the references, the 

use of electromagnetic simulator connection between 

the physical structure of microstrip resonators and 

related coupling coefficient [3]-[6]. This approach to 
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solving the problem is related to the solution of 

Maxwell's equations for the specific topology 

numerical method used in computational software. 

This paper analyzes coupling coefficient between 

asynchronously tuned hexagonal microstrip resonators 

with magnetic and hybrid connection. Using a 

microwave simulator are analyzed different topologies 

of coupled resonators and their coupling coefficient. 

The represented graphics can be used in the design of 

microstrip filters with asymmetric characteristics for 

mobile communication systems. There are designed 

two triplet filters with asymmetrical response. The 

results of the simulation study indicate excellent 

coincidence between the theoretical and simulation 

results. 

 

Analysis of the coupling coefficient for 

miniaturized hexagonal microstrip resonators 

 

The mechanism of the coupling between closely 

spaced resonators is based on common field between 

them. The nature of the coupling depends on the 

spatial orientation of both resonators. The coupling 

coefficients for synchronously tuned resonators are 

calculated by the resonant frequencies of the even and 

odd mode excitation of the structure [1]: 

(1) 
2 2

2 2
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e o
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k
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where 
ef  is the frequency of even mode, and 

of  is the 

frequency of odd mode. The necessary condition for 

the observation of these resonant peaks in the 

characteristics of the coupled resonators is to be 

overcritical loaded. In this case, the couplling 

coefficient is greater than a critical value 1 Q , where 

Q is the quality factor of the resonators. In the paper, 

it is used an electromagnetic simulator based on the 

method of moments in order to determine the 

resonance frequency of even and odd mode. 

 

Magnetic coupling  

When two resonators are arranged in the manner 

shown in Fig.1, the coupling has magnetic manner. 

Due to the symmetry of the resonator, point A is 

assumed to have zero potential. At this point, the 

fundamental resonance frequency of the electric field 

has a minimum and a maximum of magnetic field. 

The mutual inductance of two lines defines the 

magnetic nature of the relationship as mutual 

capacitance between the lines is negligible. The 

mutual capacity is negligible because of the minimum 

of the electric field.  

The coefficient of magnetic coupling is with a 

positive sign, as the frequency of even mode is greater 

than the frequency of odd mode. 

 

 

A 

s 

 

Fig.1. Magnetic coupling.  

In Figure 2 are shown the results of the simulation 

study of the dependence of the coefficient of magnetic 

coupling from the distance between the resonators. 

The simulations are performed for dielectric substrate 

FR-4 with thickness 1,5mm.  

 
Fig.2. Magnetic coupling coefficient in dependence of the 

gap between the resonators. 

The geometric parameters of the resonator are 

respectively arm length 13l mm , width of the main 

transmission line 2.8w mm , width of the coupled 

lines 1 3.1w mm  and distance between the coupled 

lines of the resonator 0.3mm . In the simulations, the 

coupled resonators are loaded overcritical and the 

frequency response observed two characteristic 

resonance of even and odd mode. Those frequencies 

are recorded and according to formula (1) is 

calculated the magnetic coupling coefficient. The 

topology of magnetically coupled resonators is used 

for realization of positive coupling coefficients in 

cross coupled filters. 

  

Electrical coupling 

The topology of the electrically coupled resonators 

is shown on Fig.3. 
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Fig.3. Topology of electrically coupled microstrip 

resonators.  

The coupling is considered to be electric, as the 

maximum of the electric field is in point A in Figure 

3. At this point, the resonant frequency of the 

electrical component of the field dominates over the 

magnetic. Therefore, the strength of the coupling is 

determined by the mutual capacitance of the coupled 

lines. The mutual inductance is negligible because of 

the small amplitude of the magnetic field. Figure 4 

shows the dependence of the coefficient of the 

electrical coupling from the distance between the 

resonators. 

 

Fig.4. Electric coupling coefficient in dependence of the 

gap between the resonators. 

The electrical coupling coefficient has a negative 

value. Due to the short length of the coupled lines 

(5mm), the total coupling coefficient takes smaller 

values than other topologies coupled resonators. The 

application topology shown in Figure 4 is limited in 

realization of negative factors in connection with 

cross-coupled filters. Negative coefficients are thus 

necessary to be able to realize the zeros of the transfer 

function for finite frequencies.  

 

Hybrid coupling of I and II type 

The hybrid coupling type I is observed in the 

disposal of the resonators coupled as shown in Fig. 5a. 

One of the resonators is connected with the side that is 

closer to the open end. This type of connection is used 

for the design of cascaded triplet filters cross-linked 

(Cascaded Triplet) with zero of the transfer function 

located in upper the stopband. Using the topology in 

this type of filter is desirable, because it allows for the 

realization of magnetic connection of the second 

resonator with third resonator (cross-coupling) and 

hybrid connection of the first resonator with the third.  

The hybrid coupling type II is observed in the 

disposal of the resonators connected as shown in 

Fig.5b. One of the resonators is connected with the 

side, which is close to its middle. For small deviations 

of the resonant frequency, the magnetic component of 

the field is dominant in the coupling. This topology is 

used in the design of CT filters with zero of the 

transfer function in lower bandstop. The specific 

location of the coupled resonators realized electrical 

coupling of the first resonator with a third resonator 

(cross-coupling), while the coupling between the 

second and the third remains of a hybrid type II. 

 
 

s 

                

 

s 

 

(а)                                           (b) 

Fig.5. Topology of hybrid coupled resonators of (а) I type 

and (b) II type. 

In an environment of Ansoft Designer is 

researched the topology of coupled hexagonal 

resonator. Both resonators are of the same length of 

transmission line, but with a different shape. The 

topology is researched for overcritical loaded 

resonators, which are reported in the frequencies of 

the two resonant peaks in the frequency response. The 

coupling coefficient is calculated by Eq. (1). The 

dependence of the coupling coefficient from the 

distance between the resonators is given in Fig. 5. 

From the presented results, it can be seen that the 

coefficient of relationship is monotonically decreasing 

with distance s. When the hybrid coupling cannot be 

determined which of the two components of the 

electromagnetic field dominates over the other. The 

coupling coefficient decreases with increasing the 

distance between the coupled lines due to the 

weakening of the total electromagnetic field between 

both resonators. This decay becomes an exponential 

law. 
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(a) 

 

 (b) 

Fig.5 Coupling coefficient in dependence for hybrid 

coupling (а) I type andи (b) II type. 

The range of the investigated distances between 

the coupled resonators is limited from below by the 

technological limit for the production of a gap of less 

than 0,2mm. The top limit is consistent with the 

radiation losses of coupled lines. The change of the 

coupling coefficient in the relation of the gap width of 

1.5 mm to 2 mm is less than 5%, which means that the 

influence of the two coupled lines carrying the 

coupling decreases. The topology of the hybrid 

coupling I type is used for the realization of positive 

coupling coefficients in connection with cross coupled 

filters. The location of the resonators is suitable to be 

connected to the third resonator by magnetic coupling. 

Experimental results from the synthesis of 

microstrip resonator filters 

It is proposed a methodology for the synthesis of 

microstrip filters, used in the design of two example 

filters. The designed filters are simulated in full EM 

simulator in order to obtain their frequency 

characteristics. For the simulation of the microstrip 

filters is used dielectric substrate of FR-4 glass fiber 

with the following parameters: 

 Relative dielectric permittivity 4.5r  ; 

 Height of the substrate: 1.5h mm  

 Thickness of the copper foil: 17.5t m ; 

 Loss tangent: 0.011tg  . 

Example 1 

To design a microstrip three resonator band-pass 

filter with a zero in the transfer function with the 

following parameters: center frequency 

0 825f MHz ; bandwidth at -3dB level: 

50f MHz  ; frequencies to zero of the transfer 

function 1 925f MHz , and return losses in the pass 

band 20RL dB   .For realization of the transfer 

function is chosen topology of a triplet microstrip 

filter with a zero above the pass band, shown 

schematically in Figure 6. The calculated the matrix of 

the coupling coefficients for the selected topology and 

Chebyshev approximation. The coupling coefficients 

are 1 3 0.0644S LM M  , 11 33 0.0043M M  , 

22 0.0165M   , 12 23 0.0596M M  , 31 0.017M   . 

 As it can be seen from the calculated coupling 

matrix, the elements on the main diagonal are non-

zero. It follows that the resonators are tuned to 

different frequencies of the center frequency of the 

filter. Positive factors of connection between the 

resonators are realized by hybrid connection type I, 

and the negative of the electrical connection.  

The geometrical parameters of the resonator are as 

follows: length of the arm: 13l mm , width of the 

main transmission line 2.8w mm , width of the 

coupled lines: 1 3.1w mm .  

 

Port1 Port2  

Fig.6. Topology of miniaturized filter with a zero of the 

transfer function above the passband. 

The results of the studies for the electrical 

connection in Fig4. are obtained for the distance 
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between the electrically coupled resonators 

3.14eld mm  and hybrid connection of I type 

1 0.28hybd mm from Fig.5a. 

 

Fig.7. External quality factor in dependence of the tap 

position of the input/output line. 

A simulation of external quality factor depending 

on tap position of input/output line is performed. The 

simulation results are presented on Fig. 7. The tap 

position is found to be 8.5t cm from Fig.7. It is 

performed an electromagnetic analysis of the designed 

filter using the dimensions of the filter of studies for 

the coupling coefficient. The results of the 

electromagnetic simulation are shown in Fig.8. 

The losses in the pass band are less than -3dB 

mainly due to losses in the dielectric losses of the 

finite conductivity of the copper. From the simulated 

results it is seen that the frequency of the zero of the 

transfer function is 937MHz and it is 12 MHz higher 

than the theoretical value. This is due to the sensitivity 

of the electrical coupling to the change of distance 

between the resonators. Of reflectance in the pass 

band is clearly visible the equiripple character 

indicative of the Chebyshev approximation. 
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(b) 

Fig.8. Frequency responses of miniaturized triplet filter 

with transmission zero above the passband in (a) narrow 

band and (b) broad band. 

Fig. 8b shows a frequency filter in broad 

bandwidth. It can be seen that the spurious bandwidth 

is at frequency 1,8GHz, which is not a multiple of the 

basic frequency. This can ensure the insulation of the 

devices from the signals the harmonic frequencies. 

The second harmonic is suppressed to -37dB to main 

located in the pass band. The dimensions of the filter 

are 63x67mm. 

Example 2 

To design a microstrip three resonator band-pass 

filter with a zero in the transfer function with the 

following parameters: center frequency 0 825f MHz ; 

bandwidth at -3dB level: 50f MHz  ; frequencies to 

zero of the transfer function 1 750f MHz , and return 

losses in the pass band 20RL dB  . 

For the realization is chosen a topology of triplet 

microstrip filter with transfer function zero below the 

passband shown in Figure 9. There are used hexagonal 

miniaturized microstrip resonators whose shape 

allows convenient implementation of topologies 

coupled resonators. Following the proposed 

methodology for synthesis of microstrip resonator 

filters is calculated the coupling coefficient matrix 

according to the Chebyshev approximation. The 

calculated coupling coefficients are: 

1 3 0.067S LM M  , 11 33 0.0131M M   , 

22 0.0447M  , 12 23 0.0562M M  , 31 0.0727M  . 

Fig.9 shows the topology of the synthesized filter. 
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Port1

Port2  

Fig.9. Triplet filter with cross coupling. 

The results of studies magnetic coupling in Fig.2 is 

obtained for the distance between the coupled 

magnetic resonators 1.29magd mm  and hybrid 

connection type II from Fig.5b 2 0.32hybd mm . The 

tap position is found to be 9.45t cm from Fig.7 and 

the external quality factor is 14.92eQ  . The results 

of the electromagnetic simulation are presented  

on Fig 10.  

From the presented results it can be seen that the 

filter has a -3dB frequencies of 800MHz to 865MHz. 

The increase in the pass band is mainly due to 

variations in the coefficient of hybrid coupling II type. 

The losses in the pass band is smaller than -2dB. The 

return loss, however, is below -13dB and ensures 

better matching of the filter with the devices  

coupled to it. 

The frequency of the zero of the transfer function 

is 781MHz. This deviation is due to the deviation of 

the value of the coefficient of magnetic coupling of 

the distance between the coupled resonators. The 

attenuation of the filter for the frequency of the zero 

of the transfer function is greater than 36dB. Fig. 10a 

shows that at the frequency of 1GHz appears one 

more zero of the transfer function, which is not 

predicted in the approximation. It is due to the 

parasitic coupling between adjacent input and output 

lines. On the one hand this connection increases the 

steepness of the filter from the upper part of the pass 

band, but on the other hand, it is undesirable 

connection. The spurious bandwidth is at the 

frequency of 1785MHz and it is not an accurate 

harmonic of the fundamental frequency. This result 

can be expected because the resonator length is not a 

multiple of half of wavelength. The dimensions of the 

filter are 63x57mm. 

0.7 0.75 0.8 0.85 0.9 0.95 1 1.05 1.1
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(b) 

Fig.10. Frequency responses of miniaturized triplet filter 

with transmission zero lower the passband in (a) narrow 

band and (b) broad band. 

Conclusion 

The paper analyzes the coupling coefficient in 

asynchronously tuned hexagonal microstrip resonators 

with electrical, magnetic and hybrid couplings. Using 

a microwave simulator there are analyzed the 

topologies of coupled resonators. There are 

represented graphics that can be used in the design of 

microstrip filters with asymmetrical characteristics for 

mobile communication systems. There are designed 

two triplet filter with asymmetrical responses. 

Simulation and theoretical results have a very good 

coincidence, proving the feasibility of the proposed 

graphical relationships. The dimensions of the 

designed filters are 32% smaller than the half-wave 

resonator filters are tuned to the same frequency. 
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Computer simulation of distortions in optical fiber  

for CATV systems 

Kalin L. Dimitrov, Lidia T. Jordanova, Tsvetan A. Mitsev  

 

A general overview of most problems appearing when signals are transmitted in the fiber optic 

part of a CATV system is made. Some basic theoretical dependencies, as well as numerical methods 

suitable for computer simulation, are studied. A general classification is made of the numerical 

methods based on finite differences and the methods based on dividing fiber length into parts. Methods 

with division are used because of their speed and acceptable accuracy. For the non-linear dispersion 

medium a method based on division into parts and application of Fourier transformation is used. The 

paper presents simulations with different input parameters. The models are created in MatlabTM 

environment. The non-linear Schrodinger equation is solved with acceptable accuracy. Many of the 

results are presented in the form of graphics.      

Компютърна симулация на изкривявания в оптично влакно за CATV системи  

(Калин Л. Димитров, Лидия Т. Йорданова, Цветан А. Мицев). Резюме – Направен е общ 

преглед на повечето от проблемите, които се прояват при предаване на сигнали във 

влакнесто-оптичната част на  CATV система. Разгледани са основни теоретични 

зависимости, както и числени методи, подходящи за симулация. Направена е обща 

класификация на числените методи базирани на крайни разлики и методите базирани на 

разделяне на дължината на влакното на части. Използвани са методи с разделяне заради 

тяхната бързина и приемлива точност. За нелинейната дисперсионна среда е използван метод 

базиран на разделяне на части и прилагане на Фурие преобразуване. В работата са 

представени симулации при различни входни условия. Моделите са създадени в среда на 

MatlabTM. Нелинейното уравнение на Schrodinger се решава с приемлива точност. 

 

Introduction 

The contemporary world demands the combination 

of radio-frequency engineering experience with 

overall high-speed digital design, as well as an overall 

understanding of system performance. With the 

correct design, high performance is possible. 

An essential understanding of linear and nonlinear 

phenomena is important in order to achieve the 

desired performance levels.  

Nowadays, the transmission of more data at greater 

distances is a constant task. It is necessary to conduct 

continuous theoretical and experimental studies. 

Various examples can be given, such as dispersion 

management, amplification, different sources, 

receivers, multiplexors, etc. Basically, the study of 

more complex systems can be done gradually, starting 

with the analysis of propagation in one single fiber.   

Each optical fiber represents a frequency 

dependent transmission system. A pulse propagation 

inside this transmission system can be described by 

the nonlinear Schrödinger equation [1]. From the 

equation we can obtain effects in optical fibers and we 

can classify them as: linear (which are wavelength 

dependent) and nonlinear effects (which are power 

dependent). 

Linear effects cause the major losses in the optical 

fibers. These linear effects are dispersion and optical 

attenuation. Two kinds of dispersion occur in the 

optical fibers: modal and chromatic. Here we consider 

single mode fibers and therefore the modal dispersion 

is not examined. The chromatic dispersion is caused 

by the different travelling speed through the fiber for 

different wavelengths and it depends on the spectral 

width of the pulse. The broadening and phase shifting 

occurs in optical fibers due to the chromatic 

dispersion. 

Nonlinear effects are essential in the transmission 

of optical pulses through optical fiber. Kerr 

nonlinearities are among the basic nonlinear effects. 

This is a self-induced effect in which the phase 

velocity of the wave depends on the wave’s own 

intensity. The Kerr effect describes change in the 
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refractive index of the fiber due to electrical 

perturbation. Due to the Kerr effect, we are able to 

describe the following effects:  

-  Self-phase  Modulation  (SPM)  - the effect  that  

changes  the  refractive  index  of  the transmission 

medium caused by the intensity of the pulse;  

-  Four Wave Mixing  (FWM)  - the effect in which 

the mixing of optical waves causes a fourth wave, 

which can influence other used waves; 

- Cross-phase  modulation  (XPM)  is  the effect 

where  the wave of light can  change the phase of 

another  wave of light with different wavelength. This 

effect causes spectral broadening.   

The effects mentioned here are due to elastic 

interactions without any energy transfer. 

Other nonlinearities are the scattering 

nonlinearities, which occur due to the inelastic 

scattering of a photon to a lower energy photon.  We  

can  say  that  the  energy  of  the light  wave  is  

transferred  to  another  wave  with a different 

wavelength. Two effects appear in the optical fiber:  

- Stimulated Brillouin Scattering (SBS) and 

Stimulated Raman Scattering (SRS) – the effects that 

change the variance of the light wave into different 

waves when the intensity reaches a certain threshold. 

They are due to the non-elastic interaction between 

the pump wave with wavelength λp and the fiber core 

that transfers most of the pump energy into a Stokes 

light with wavelength λs > λp . 

The wavelength division multiplexing technology 

(WDM) allows increasing the transport capacity of 

CATV systems with the number of wavelengths used. 

A wavelength in this technology has the meaning of 

an optical carrier modulated with either an analogue 

or a digital signal. The most challenging in WDM 

systems is to achieve simultaneously smaller channel 

separation as well as higher modulation rates of the 

optical carrier in order to increase the transmission 

capacity. In many cases this is contradictory with 

dispersion and nonlinear effects. 

Dispersion 

In the contemporary CATV systems single mode 

fiber is established as a basis. Estimation of the 

chromatic dispersion is performed through the pulse 

spread chr  that is given by  

(1)      2 2 ( )chr out in chr sD l       , 

where in and out are optical pulse width in the input 

and the output of the fiber, respectively; Dchr – 

chromatic mode dispersion coefficient; ()s – 

spectral width of the laser; and l – the length of the 

fiber. The relation between the coefficient Dchr and the 

wavelength for the fibers frequently used in the 

CATV system is shown in [2]. 

At present, the Dense WDM (DWDM) is used and 

a fiber with zero dispersion for working wavelengths 

is unsuitable because of the great non-linear effects. 

This imposes the usage of the so-called Non-Zero 

Dispersion-Shifted Fiber (NZ-DSF). The chromatic 

dispersion coefficient Dchr is zero in the outside of the 

1550 nm range.  

The polarization mode dispersion is caused by the 

property of the fiber to divide the ray in two mutually 

perpendicular rays. The fiber is not perfectly round 

and it is exposed to various mechanical forces and 

climatic conditions. Therefore, the two rays travel in 

the fiber with distinct velocities and have different 

delays at the fiber end. The phenomenon described 

above is the reason for the polarization mode 

dispersion. 

The polarization mode dispersion is estimated by 

the difference between the delays of the two 

orthogonal components of the optical pulse at the fiber 

end or so-called polarization mode dispersion pulse 

spread pol. The pulse spread pol is determined by the 

following expression: 

(2)  2 2
out inpol polD l     , 

where by Dpol is denoted the polarization dispersion 

coefficient of the fiber in ps/km.  

SRS, SBS, XPM, SPM, FWM 

Though very similar in origin, SRS and SBS differ 

due to the fact that optical phonons participate in SRS 

while acoustic phonons participate in SBS. А 

fundamental difference is that in optic fibers SBS 

occurs only in the backward direction (with respect to 

the pump) whereas SRS dominates in the forward 

direction. The growth of the Stokes power due to SRS 

is characterized by the relation [3] 

(3)       ( ) (0)exp (0)s s R s p e eP l P g P l A l     
,     

where Ps(l) is the Stokes power at the fiber output, 

Pp(0) is the input pump power, gR(ωs) is the value of 

the Raman-gain coefficient at a Stokes frequency ωs 

that is downshifted from the pump frequency by about 

13.2 THz, l is the actual length of the fiber, le is its 

effective length, α is the fiber attenuation coefficient 

and Ae is the effective core area. 

The magnitude gR(ωs) corresponds to the Raman 

gain peak. The following formulae are used to 

calculate Le and Ae : 
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(4)       
2

1 , 2l
e el e A MFD     ,   

where MFD is the mode field diameter of the fiber to 

be found in the manufacturer’s data sheet. 

In a similar way to SRS, the Stokes power grows 

exponentially in the backward direction because of the 

Brillouin amplification due to SBS. Тhat growth can 

be described by the same relation as (3) if gR(ωs) is 

replaced with the peak value of the Brillouin-gain 

coefficient gB(ωs).  

Both types of scattering effects reveal a threshold-

like behaviour, i.e. significant conversion of pump 

energy into Stokes energy occurs only when pump 

power exceeds a certain threshold level. The Raman 

threshold is defined as the input pump power at which 

Stokes power at the fiber output becomes equal to that 

of the pump, i.e. 

(5)         ( ) ( ) (0)exps p pP l P l P l   .   

The same formula applies to determine the 

Brillouin threshold if Ps(l) is replaced with Stokes 

power at the fiber input Ps(0). 

The critical pump power required to reach the 

Raman threshold PRT in a single mode fiber with 

α l >> 1 can be calculated by the following formula: 

(6)   16RT e R s eP A g l .   

The SBS power threshold PBT is given by the 

equation 

(7)   21BT e B s eP A g l .  

The typical value of the SBS threshold is less than 

10 mW, while the SRS threshold is higher by about 

two orders and can reach 1 W. 

The Raman-gain spectrum being very broad, SRS 

can cause problems in WDM systems and does not 

affect the parameters of the single-channel systems. 

Due to SRS an energy transfer from lower channels 

(shorter wavelengths) to higher channels (longer 

wavelengths) is observed [2, 3]. This results in 

worsening the CNR in lower channels and limiting the 

transport capacity of CATV systems. The power 

penalty due to SRS is characterized by 

(8)   10lg 1SRS kPP P   ,   

where Pk is the fraction of the power coupled from 

channel k to all other channels. 

SPM refers to the self-induced phase shift 

experienced by an optical field during its propagation 

along optical fibers. Its magnitude can be defined on 

the basis of the optical field’s phase Φ according to 

the formula 

(9)        0 00 1 1 e en n P A k l     ,   

where n0 is the refractive index, n1 is the nonlinear 

index coefficient, P/Ae is the optical intensity inside 

the fiber, k0 = 2π/λ and λ is the optical wavelength. 

SPM is responsible for broadening the pulses’ 

spectrum and for producing the optical solitons in the 

fibers’ anomalous-dispersion regime. 

If the effect of group-velocity dispersion (GVD) on 

SPM is negligible then the intensity-dependent 

nonlinear phase shift at a point z arbitrarily chosen 

along the fiber at a moment t can be described by 

(10)                 0

2

1 , 0, ez t U t P l  ,   

where U(0,t) is the normalized optical field amplitude 

at z = 0, P0 is the peak power and γ = 2πn1/λ Ae is the 

nonlinear propagation coefficient. Parameter γ can be 

calculated by the formula 

(11)                     12 en A   ,   

where n1  3.2 x 10−20 m2/W. 

Since Φ1 is proportional to |U(0,t)|2 its temporal 

variation is identical to that of the pulse intensity. The 

maximum phase shift occurs at the pulse center 

located at t = 0 and is given by 

(12)                     
01max eP l  .  

In order to avoid inadmissible intra-symbol distortion 

in NRZ digital systems the requirement Φ1max  π/2 

must be fulfilled. 

The SPM-induced spectral broadening is a 

consequence of the time dependence of Φ1 . A 

temporally varying phase implies that the 

instantaneous optical frequency differ across the pulse 

from its central value ω0 . The difference δω(t) is given 

by 

(13)        0

21( ) 0,et P l U t
t t

 
 

   
 

. 

The time dependence of δω can be viewed as a 

frequency chirp increasing in magnitude with the 

distance propagated. In other words, new frequency 

components are continuously generated as the pulse 

propagates down the fiber. These SPM-generated 

frequency components broaden the spectrum over its 

initial width at z = 0. 

As shown through analysis, the temporal variation 

of the induced chirp δω is negative near the leading 

edge of the pulse (red shift) and becomes positive near 

the trailing edge (blue shift). In other words, the result 
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is a shift towards longer wavelengths at the leading 

edge of the pulse along with a shift to shorter 

wavelengths at the trailing edge [3].  

Cross-phase modulation appears when two or more 

waves propagate inside the fiber and interact between 

them in result of the nonlinearity of the refractive 

index produced by the total power inside the fiber. 

This effect is similar to SPM but the phase shift of one 

channel depends on the power of other channels. The 

XPM phase shift Φi associated with each channel 

(i = 1,2, …, N) can be estimated by adapting the 

formula used for SPM phase shift as follows  

(14)           2
N

i e i n

n i

l P P


 
   

  
 .   

As seen from (14), XPM is always accompanied by 

SPM. If the optical fields are of equal intensity the 

XPM contribution to the nonlinear phase shift is twice 

as big as that of SPM. Like SPM, the XPM phase shift 

in a NRZ digital system becomes significant when 

Φi > π/2. 

In WDM systems both SPM and XPM can cause 

significant phase changes. When information is 

transmitted through amplitude modulation and is then 

incoherently demodulated, nonlinear phase changes 

are of little consequence. However, if coherent 

demodulation techniques are employed, such phase 

changes can limit the system performance. 

 Four-wave mixing is the interaction between three 

transmitted channels of different frequencies fi , fj and 

fk , producing a fourth product frequency 

(15)                 
ijk i j kf f f f   .   

There are a number of ways in which channels can 

combine to form a new channel according to the 

formula above. With N-channel system the number M 

of unwanted signals known as ghost channels can be 

calculated by 

(16)                 3 20.5M N N  .  

FWM products reduce the energy in the 

transmitted channels, thus causing the carrier-to-noise 

ratio (CNR) to go down at the receiver input. In 

addition, if the resulting frequency product is within 

the bandwidth of the transmitted channel it will cause 

crosstalk at the receiver. Тhe equation (15) indicates 

the position of the potential FWM products it provides 

no information as to whether the product will be 

viable, i.e. if the process will be efficient enough for 

the product to have significant power. The effect of 

FWM depends on the phase relationship between the 

interacting signals. That’s why the efficiency of the 

FWM process is determined by the phase matching 

condition. Phase matching depends on the frequencies 

of the incident and resultant signals and the chromatic 

dispersion of the fiber. 

Numerical methods 

Generally, the numerical methods [4-6] used for 

the solving of problems for CATV fiber networks are 

shown in the Fig. 1.  

 

 

 

 

 

 

 

 

 

Fig. 1. Classification of the numerical methods used in 

CATV fiber networks. 

We will consider the simulation of a single channel 

as basic for simulations of WDM systems. With one 

single channel the general classification is based on 

methods with finite differences and methods with 

splitting into parts. The methods with splitting into 

parts are used because of the quickness and the 

acceptable accuracy. In particular, for a non-linear 

dispersive medium the Split Step Fourier Method is 

used [7-9].  

We use the equation for light propagation in an 

optic fiber  

(17)                
2 2

02 2 2

1
.

E P
E

c t t


 
   

 
 

For the wavelength interval 0.5 - 2 μm it is 

necessary and possible to define the relations between 

P and E: 

(18)       trPtrPtrP
NLL

,,,     

(19)                    1

0, ' , ' 'LP r t t t E r t dt 




   

(20)        
     

     

3

0 1 2 3

1 2 3 1 2 3

, , ,

, , , . .

NLP r t t t t t t t

E r t E r t E r t dt dt dt

 


    




 

Taking into account (17), (18) and 

(21)      EE 2   

we derive the following dependence: 

Numerical methods 

For one Wavelength 

Split Step 

For WDM 

Finite Differences 
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(22)         
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  .  

Normally, PNL changes much less than PL and the 

pulse envelope (we denote it by A) changes slowly 

compared to the carrier frequency.  

 The carrier frequency ω0 meets the condition 

Δω << ω0. For pulses with length under 5 ps, we can 

use the simplification 

(23)       

 

2 3
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2 2
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where T = t – β1z. 

  In (23) can be made a description about β1 – third 

order dispersion which appears with very short pulses 

and it is represented as  

(24)                     AND
z

A 





 ,    

where 


D  and 


N  are respectively: 

(25)              
262 3

3

3

2

2 
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D  ,  

(26)  
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The optical fiber is split into small lengths h . For 

its part, h  is split into two parts: in the first part 

functions 


N , and 0


D , while in the second part 

functions 


D , and 0


N  

(27)        TzANhDhThzA ,expexp,


   

(28)        TzBFiDhFTzBDh TT ,exp,exp 1

















 




     

(29)             











 hzNzN
h

dzzN
hz

z
2

''  .  

The results after the last transformations are now 

appropriate for use in simulation products such as 

MatlabTM [10].  

Simulation results 

We have created a simulation in the program 

environment MatlabTM. In order to illustrate the 

effects, we have chosen suitable values for the initial - 

Fig. 2, Fig. 3, Fig. 4 and Fig. 5. 

 
Fig.2. Simulation with two pulses and γ = 1. 

 
Fig.3. Simulation with two pulses and γ = 2. 

 
Fig.4. Simulation with four pulses and γ = 1.  
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Fig.5. Simulation with four pulses and γ = 2. 

The derived results can be interpreted as a 

continuation and building upon the results from [1] - 

Chapters 3 and 4. 

Conclusions 

The derived results clearly show the impact of the 

non-linearities in the optic fiber. As it was to be 

expected, the impact on lower frequency signals (the 

case with the two pulses) is weaker. 

     These results can be used for the correct choice of 

fiber depending on the specific requirements of CATV 

systems. 
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Optimal divergence of laser beam in optical wireless 

communication systems 

Tsvetan A. Mitsev, Nikolay K. Kolev  

 

Determining the optimal divergence of transmitter’s beam in optical wireless communication 

systems (OWCS) can largely compensate for the negative impact of the change in the direction of 

propagation of optical radiation due to various random factors. In this work an explicit formula for 

calculating the value of divergence of optical radiation after aperture of transmitting antenna is 

derived. This value allows maximum deviations of the laser beam. It is shown that, depending on the 

system parameters, the power of the transmitter, the length of the communication channel and 

meteorological conditions of work, the proper choice of the divergence of transmitter’s irradiation can 

significantly improve the reliability of information transmission. The influence of the optical power of 

the transmitter and the length of the communication channel on the value of the optimum divergence 

of the beam after transmitting antenna is studied. 

Оптимална разходимост на лазерния лъч при оптичните безжични комуникационни 

системи (Цветан А. Мицев, Николай Н. Колев). Определянето на оптималната 

разходимост на лъча на предавателя при оптичните безжични комуникационни системи 

(ОБКС) до голяма степен може да компенсира негативното влияние на промяната в посоката 

на разпространение на оптичното лъчение поради различни случайни фактори. В работата е 

изведена експлицитна формула за пресмятане на стойността на разходимостта на 

оптичното лъчение след апертурата на предавателната антена. Тази стойност позволява 

максимални отклонения на лазерния лъч. Показано е, че в зависимост от параметрите на 

системата, мощността на предавателя, дължината на канала за връзка и конкретните 

метеорологични условия на работа, правилният избор на разходимостта на излъчването на 

предавателя може значително да повиши надеждността на предаване на информацията. 

Изследвано е влиянието на оптичната мощност на предавателя и на дължината на канала за 

връзка върху стойността на оптималната разходимост на лъча след предавателната антена. 

 

Introduction 

The necessity of increasingly higher bitrates in 

today’s broadband communications requires more 

extensive use of optical communication systems, in 

particular optical wireless communication systems 

(OWCS). The role of channel in these systems is 

performed by atmospheric paths. OWCS found 

increasing application in specific conditions of 

connection in various communication systems and 

networks, including the group of mobile 

communication systems. In recent years significant 

progress has their mobile version. This is due to their 

wide bandwidth, narrow radiation pattern of the 

antennas, lower price, free frequency band, lack of 

frequency planning.  

The increased interest for OWCS, however, 

requires their continuous characteristics improvement 

and parameters optimization [1], [2], [3], [4]. This is 

directly related to overcoming the main disadvantage 

of these systems, namely, the low reliability of 

operation. 

One of the reasons for the reduced reliability of 

operation of OWCS is the random angular deviations 

of the transmitter laser beam from the direction of the 

receiver location. Two are the main reasons for 

interference, leading to the spatial displacement of the 

beam. The first one is the atmospheric turbulence, the 

intensity of which is related to a dynamically 

changing weather conditions in the atmospheric 

channel. It is caused by the uneven heating of the air. 

This leads to the formation of the corresponding 

vortices which in turn cause the spatial redistribution 

of the optical energy [5]. The effect is very 

pronounced in high coherent radiation. The second 

reason  for  spatial  fluctuations  of  the  optical  beam 

is  the   displacements   and   twists   of   the   common  
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mechanical structure that includes transmitter and 

receiver. They are caused by the heating of the 

mechanical constructions, of the wind and vibrations 

of the building, i.e. a base on which are fixed systems. 

The above mentioned phenomena decrease the length 

of communication channel or reduce the reliability of 

the system mainly in adverse weather conditions [6], 

[7]. 

 Increasing the reliability of the system is possible 

by increasing the possibility of a maximum deviation 

of the beam of the transmitter from its main direction 

(this is the direction in which the transmitter axis 

passes through the center of the receiving antenna). 

This compensates the harmful effects of the free space 

displacements of the beam. There are scientific studies 

and numerical simulations [8] about the influence of 

the divergence of the transmitter’s laser beam and 

weather conditions on the OWCS operation. Despite 

the numerous researches so far, there is no equation 

for calculation of the laser beam optimal divergence 

depending on the system and communication channel 

parameters. 

This work investigates the maximum possible 

angular (or linear in the plane of the receiving 

antenna) deviation of the laser beam from its main 

direction as a function of preset divergence of the 

beam from the transmitter. An expression for 

calculating the optimum divergence of the beam after 

transmitting antenna is derived. This is the divergence, 

allowing for maximum deviation of the laser beam 

while retaining the reliability of the system. The 

dependence of the optimal divergence of laser beam 

from the optical power of the transmitter and from the 

length of the communication channel of optical 

wireless communication system is examined. 

Graphical dependences of the optimal divergence for 

two wavelengths of the used laser radiation are shown. 

Mathematical model of the task 

Task that we want to solve is illustrated by Fig.1. It 

shows a structural diagram of OWCS in case of 

coincidence of the optical axes of the transmitting 

(TA) and the receiving (RA) antennas. The 

distribution of the intensity of the optical radiation I(, 

z) in the plane z = const depends on the phase and the 

amplitude distribution of the field in the TA. For our 

consideration will accept constant phase and Gaussian 

amplitude distributions. 

The following symbols are used in Fig.1: ФL - 

optical flow emitted by the laser, Фt and Фr - optical 

flows through apertures of the transmitter TA and 

receiver RA, Фpd - optical flow at the input of the 

photo detector. I(0, z) is the intensity of the optical 

radiation along the axis of the transmitting antenna 

(along the axis of the optical beam from the 

transmitter), and the radius of Gaussian laser beam ρz 

(in azimuthal symmetry of radiation) can be calculated 

by the condition: 

(1)   
 

2e

,0
,

zI
zI z  . 

The radius ρz defines the divergence θt of the optic 

flow in the far zone (at z > zc  where zc  is the zone of 

cone and approximately match with the zone of 

Fraunhofer) – tgθt = ρz/z. τt and τr represent the losses 

in the transmitting and receiving antennas, τa is 

atmosphere transparency, 2θr is angular width of 

directivity diagram of the receiving antenna RA. 

In the assumed Gaussian radial intensity 

distribution of the optical radiation in the plane z = 

const, in which the receiving aperture, it is assumed 

that the radius of the receiving antenna is much 

smaller than the radius of the laser beam (Rr  z).. 

 

Transmitter ТА 

 z 

Atmosphere - a 

 RА Receiver 
  z 0 

z 

 ΦL  Φt                                                                                         Φr    Φpd   

 t  r 

 I(z, z) 
 

 I(, z) 
 

 I(, z) 
 t,1 

 t,2 
 2r 

 
Fig.1. Structural diagram of OWCS. 
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Then we can approximately determine the received 

optical flow Фr  at radial displacement ρ of the center 

of the receiving antenna RA from the axis of the optic 

beam as a multiplication of light intensity in the center 

of RA and area Ar of the receiving antenna 

(2)   
 

   .tgrad,

,,

2
rr

rr

zzRA

AzI




 

In the assumed radial distribution of intensity of 

the optical radiation is clear that with increasing ρ, i.e. 

as we increase the deviation of the beam from its main 

direction (when it is ρ = 0, respectively θ = 0), the 

intensity of the optical radiation will decrease. We 

will reach to intensity Imin , which corresponds to the 

minimal optical power trough the receiving aperture 

RA  Фr,min (respectively trough the aperture of the 

photo detector, which is defined from given BERmax). 

This is the ultimate power where OWCS still works 

reliably. The respective value of ρ  ρmax defines an 

angle θmax , which is the value of the admissible 

angular deflection of the laser beam from the main 

direction of propagation (θ = 0) as a result of various 

random factors. 

Fig.1 shows two optical flows of the transmitter 

with two different divergences θt,1 and θt,2 (θt,1 < θt,2) 

which correspond to two distributions of light 

intensity I(ρ, z). In case of ideal optical setup of the 

OWCS (i.e. coincidence of the axes of optical 

antennas of opposite pairs of transmitter/receiver) we 

can permit very small values of the angle θt. In this 

case BER usually reaches values smaller than 10-20, 

while values for normal operation of OWCS are 

between 10-12 to 10-8. This allows while preserving the 

transmitter’s optical power to increase the divergence 

of the transmitter’s optical beam θt. In this case we 

have also bigger laser beam angular deflection θmax 

from the main direction of propagation, i.e. we have 

executed the condition receiving power Фr to be 

bigger than minimal allowed value Фr,min  

(respectively the minimum average intensity of 

radiation in the receiving aperture r  be larger than 

Ir,min.). In the case of Fig.1, this means θmax(θt,2) > 

θmax(θt,1). It is obvious that this trend will continue to 

limit value θt,opt, which corresponds to the maximum 

value of θmax (at a given schedule and parameters of 

the system and of the communication channel). 

During further increasing of θt we reach to Фr < Фr,min 

including at angle θ = 0, i.e. at perfect adjustment of 

the system and without spatial displacements of the 

beam. 

The task of our analysis is determination of θt,opt , 

and the study of its dependence on the parameters of 

the OWCS system. 

In the Gaussian amplitude distribution of the 

optical field at the aperture of the transmitting antenna 

the intensity distribution in the far zone, which the 

receiving antenna is located, is also Gaussian 

(3)     
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At  ρ = ρmax  follows  I = Imin, i.e. 

(4)     
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To determine the intensity I(, z) of the optical 

radiation along the axis of the optical beam 

(respectively through the center of the receiving 

antenna) must know its power z in the plane in 

which the receiving aperture lies. We assume that all 

the energy of the optical flow is concentrated and 

passed through the area Az. It is perpendicular to the 

axis of propagation z and symmetrically located 

around it. Then the optical flow z is determined by 

the expression 

(5)      2,, zz

A

zz AdAzI

z

  . 

We pass in polar coordinates (, ). To solve the 

integral () we use connection, and corresponding 

limits of integration 

(6)         2,0,,0, zdddA . 

Using the connection z = t.a.L we obtain an 

expression for calculation of the intensity of optical 

radiation along the axis of the laser beam. The 

intensity depends on the parameters of the transmitter 

and the atmospheric channel of communication [9] 

(7)   
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Transparency of the atmosphere is related to the 

meteorological visibility SM and the wavelength 0 of 

the optical source radiation 

(8)  
 

 



























 


 q

S

z
zS

55,0

μm

km

92,3
exp,,

0

M

M0a . 

When SM  10 km,  3
M km0,585  Sq  . 

From (4) and 7) we reach to: 
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(9)     
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This relationship allows determination of extreme 

value of max as a function of z. The value of z, 

which cause maximum for max is: 

(10)    
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Imin  is determined by the condition: 

(11)  
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At given value of SNR optical flow pd can be 

determine by expression [9] 

(12)  
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In (12) RI is photo detector’s integral sensitivity by 

current 

(13)         00
5

0I 10.06,8 R , 

(0) is quantum efficiency of the material of the 

photo detector, CI  is the information throughput of 

the digital communication system, kB = 1,38.1023 J/K 

is the Boltzmann’s constant, T is absolute temperature, 

A  is the constant of the receiver, RFb  is the value of 

the resistor in the feedback in the preamplifier, 

e = 1,602.1019 C  is the charge of the electron. 

The background optical flow B depends on the 

spectral brightness of the background radiation L,B 

and receiver’s parameters: the radius Rr, the 

transmittance coefficient r and angular width of the 

receiving antenna r [9]. 

(14)         F
2
r

2
rB,r

2
B   RL , 

where F indicates the width of the pass band of the 

interference filter in front of the photo detector. 

From (12) and from physical considerations we 

reach to clear solution for the value of the signal 

optical flow at the input of the photo detector 

(15) 
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By using of expressions (15), (11) and (10) we 

calculate  z,opt  respectively 

(16)  rad
opt,

optt,

z

z
 , 

as a function of the parameters of the OWCS and the 

communication channel. 

Numerical results 

For OWCS (for example, the optical wireless 

communication system of TU-Sofia [10]) and 

atmospheric communication channel with average 

characteristics we will calculate the optimal 

divergence  t,opt  of the transmitter’s optical beam. 

The system operates at a wavelength 0 = 850 nm 

with the information throughput CI = 100 Mbps and 

power in optical bit pulse L = 10 mW. By two lence 

Kepler collimator the divergence of the laser beam is 

changed smoothly in the range of 1 to 5 mrad. The 

possible length of the communication channel is up to 

2,5 km. Other system parameters necessary for the 

calculation by formula (12) are: t = 0,85; K = 10 

(this is a factor considering the random fluctuations in 

the phase of the field in the emitting aperture); Rr = 

5,5 cm; r = 5 mrad; r = 0,85; (0) = 0,7; F = 10 

nm; RFb = 1 k; A = 5. For the calculations we choose 

values SM = 10 km, L,B = 102 W/m2.sr.Å, T = 300 K, 

and the constants are kB = 1,38.1023 J/K, e = 

1,602.1019 C. 

Fig.2 shows the SNR() dependence by rising 

divergence t,exp of the transmitter’s beam. It can be 

seen that at choosing of minimal level of the signal-to-

noise   ratio   SNRth = 11,2,   which   corresponds  to  a 

 
 Fig.2. Dependence of the signal-to-noise ratio from the 

angular deviation   of the transmitter’s beam from its main 

direction of propagation: L = 10 mW, z = 2,5 km,            

t = 0,4; 0,65; 0,95; 1,45 mrad. 
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BER ≈ 108, the maximum possible deviation of the 

beam  max  from the ideal alignment with increasing 

t first increases and then begins to decrease, as we 

have already predicted. 

The values max(t), necessary for plotting the 

graphics on Fig.3 and Fig.4, are calculated by (12) 

through the iteration procedure till reaching the 

condition SNR  11,2 (т.е. BER  108). 

 
Fig.3. Dependence max(t) by z = 2 km for three values of 

L. Determination of t,opt  (L = 10 mW). 

The dependence max(t) for three values of the 

power of the source of optical radiation L = [10, 15, 

20] mW at length of the communication channel z = 

2 km is shown on Fig.3. It can be seen that increasing 

of L leads to increasing of max too. The graphs show 

that for obtaining the maximum value of max  we need  

 
Fig.4. Dependence max(t) by L = 10 mW three values of 

z. Determination of t,opt  (z = 1 km). 

to change t too, i.e. there is an optimal value of t and 

it is t,opt. When two fold increase in L, and at the 

optimum value of the divergence of the optical beam 

of the transmitter, the maximum possible angular 

deviation of the beam increases by 37%. The figures 

also shows that max depending on L vary more 

significantly for large values of t. 

Fig.4 shows the dependence max(t) for three 

lengths of the communication channel z = [1, 1,5, 2] 

km and at a power source of optical radiationL = 10 

mW. Reducing the distance z requires significant 

readjustment of the transmitting optical system, but as 

a result we can achieve significantly increased 

employment of the system. At twice decreasing z 

required almost three times increased t to maintain 

optimum system setup. As a result, however, the 

possibilities for deflecting the beam from the main 

direction of propagation, while keeping the operability 

of the system are more than 2.2 times larger. 

From the comparison between Fig.3 and Fig.4 it 

is seen that the efficiency of the system is more 

sensitive to the change of the length of the 

communication channel than the power of the source 

of optical radiation. At values of the divergence of the 

optical radiation t < 1 mrad influence of the change 

in the z or L to max can be ignored. 

 
Fig.5. Dependence of the optimal divergence of the laser 

beam t,opt from the optical transmitter power L ( the 

length of communication channel z = 2 km). 

 

Fig.6. Dependence of the optimal divergence of the laser 

beam t,opt from the length of communication channel z 

(optical transmitter power L = 10 mW). 
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Fig.5 and Fig.6 show the dependencies of t,opt 

from the power of the transmitter and from the length 

of the communication channel, calculated by formulas 

(15), (11), (10) and (16). Strong dependence of  t,opt 

can be seen within one order of magnitude (1 mrad to 

10 mrad). It follows that the correct choice of the 

optimal divergence of the laser beam from the 

transmitter in each case (regarding the parameters of 

the system and the atmospheric communication 

channel) is of great importance for the reliable 

operation of OWCS. 

Conclusion 

The work demonstrated the ability to significantly 

increase efficiency and reliable operation of the FSO 

system with optimal adjustment of the transmitter’s 

divergence of optical radiation t,opt. Its value depends 

on the specific parameters of the system and the 

communication channel. The influence of the length 

of the communication channel z and the power in the 

code pulse of optical radiation of the source L on the 

maximum possible deviation max of the beam of the 

transmitter from the ideal direction (i.e. in the 

alignment of the antennas on opposite 

transmitter/receiver  = 0 (Fig.1)) was studied. It is 

shown that the values max(t,opt) increased with 

increasing L and decreased with increasing z, as the 

length of the communication channel z has greater 

influence on them. Under conditions of constant 

collimation of the beam of the transmitter, i.e., 

constant value t, the value of max is influenced more 

strongly by both z, L in the case of large values of t, 

than in the smaller, for example at t  1 mrad. The 

realization of optimal adjustment of the divergence of 

the beam at the specified limits of the study (see 

Numerical results) is possible up to 121% increase in 

the tolerances max. 

The optimal value of laser beam divergence is 

affected much more by the communication channel 

length than the laser power. Upon  six times increase 

of the communication channel length the value of the 

optimum divergence decreases eight times, while five 

times decrease of the transmitter power leads to four 

times reduction of the optimum divergence. The 

dependence on the optical radiation wavelength is 

significantly weaker. 
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Transmission quality assurance in the design of 

HFC television network 

 
Lidia T. Jordanova, Dobri M. Dobrev  

 

The paper deals with signal degradation due to noise and nonlinear distortion in the forward 

channel of HFC television network. A mathematical model of the optical channel is presented that 

makes it possible for the following parameters to be calculated: the minimum signal level at the 

optical receiver input, the optical modulation index per carrier and the maximum RF signal voltage in 

the input of laser transmitter. Analytical expressions to determine the CNR and CIR at the most distant 

subscriber tap for QAM signals are given that take into consideration the suppression of digital signal 

levels relative to analog signal levels and the noise susceptibility bandwidth of the digital receiver. 

Simulation investigations have been carried out to obtain the optimal parameters of the optical 

channel and the results obtained are use in its design. Formulae for the gain and the maximum 

number of RF amplifiers in the longest coaxial link are developed that can be used when designing the 

coaxial part of HFC network. 

Осигуряване на качествено предаване на сигналите при проектиране на хибридна 

влакнесто-оптична/коаксиална телевизионна мрежа (Лидия Т. Йорданова, Добри М. 

Добрев). В тази статия е разгледано влиянието на шумовете и нелинейните изкривявания в 

една хибридна влакнесто-оптична/коаксиална телевизионна мрежа върху качеството на 

приеманите сигнали. Представен е математически модел на оптичния канал, който позволява 

да бъдат изчислени следните параметри: минималното ниво на сигнала на входа на оптичния 

приемник, оптичния модулационен индекс за един канал и максималното напрежение на 

модулиращия радиочестотен сигнал. Дадени са изрази за определяне на CNR и CIR в изхода на 

абонатния насочен отклонител, отчитащи по-ниското ниво на предаваните QAM сигнали и 

по-широката шумова лента на цифровия приемник. Проведени са симулационни изследвания с 

цел оптимизиране на параметрите на оптичния канал и получените резултати са използвани 

при неговото проектиране. Изведени са формули за изчисляване на усилването и максималния 

брой на RF усилвателите в най-дългата коаксиална линия, които са подходящи за 

проектиране на коаксиалната част на една хибридна кабелна мрежа.         

 

Introduction 

The cable television industry has now deployed 

hybrid fiber/coax (HFC) architectures for most of its 

networks. Such networks include headend, optical 

ring with distribution hubs connected to the ring, 

optical lines through which the signals are transported 

from the hubs to the optical nodes that feed the short-

cascade coaxial distribution networks. Cable 

distribution networks are bi-directional that makes it 

possible for additional services (such as Internet 

access, VoD, VoIP etc.) to be provided to the 

subscribers. Two-way transmission of high-speed 

interactive services is performed by Cable Modem 

Terminal System (CMTS) that is located in the 

headend or the hub. Cable modem or Set-Top-Box is 

used in order to receive the data packets addressed to 

the subscriber and to transmit the data to the CMTS 

[1] [2]. 

The cable television systems differ by using RF 

carriers to transmit the information signals and data. 

Two frequency bands are provided for signal 

transmission from the headend to the subscribers: 

112 MHz to 550 MHz (for analog video broadcasting) 

and 550 MHz to 862 MHz (for narrow casting 

services – data, voice and digital video). Analog video 

signals are transmitted by using AM-VSB while QAM 

methods (usually 256-QAM) are mainly used to 

transmit digital video programs and data. The system 

reverse paths make use of the 5 MHz to 65 MHz 

frequency band and subscribers’ signals are 

transmitted by using QPSK or 16-QAM methods [3]. 

The RF signals are transferred over the optic fiber 
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by means of optic carriers whose wavelength may be 

1310 nm or 1550 nm. The distributed feedback (DFB) 

laser is the most common light source used in optical 

transmitters. Directly modulated DFB generate optical 

carriers and intensity-modulate those carriers with 

wideband RF spectra. The parameters of the optical 

channel with directly modulated laser are of poor 

quality due to laser chirping. To eliminate this 

disadvantage externally modulated transmitters are 

used. They consist of a continuous wave light source 

whose intensity is varied through the use of an 

external Mach-Zehnder modulator that is driven by 

the FDM waveform [4]. 

Although there are many parameters of interest, the 

two of fundamental importance in designing a linear, 

broadband distribution system are added noise and the 

generation of distortion products. The main sources of 

noise and distortion in the downstream channels are 

active devices (laser transmitters, optical receivers, 

optical and RF amplifiers) and optical fiber.  The level 

of both noise and unwanted spurious signals depends 

on the parameters of the cable network components, 

the dynamic range of RF signals, number of channels, 

optical modulation depth etc. Modern HFC 

multimedia systems usually apply externally 

modulated DFB transmitters and “push-pull” RF 

amplifiers that produce only composite third-order 

distortion products (CTB) [5]. 

The paper aims at providing dependences that can 

be directly applied in engineering design of HFC 

television networks taking into account the network 

topology and parameters of its optical and RF 

components, the channel loading and QoS parameters 

measured at the most distant subscriber tap.     

Downstream channel noise performance 

To estimate the quality worsening of the received 

signal due to noise the carrier-to-noise ratio (C/N) at 

tap output is used. The total C/N for the optical plus 

coaxial portion of the HFC network is given (in dB) 

by the formula  

(1) 10 1010lg 10 10
Opt CoaxC N C N

C N


  
 
 
 

   . 

The optical link C/N will have contributions due to 

laser transmitter RIN (C/N RIN), optical amplifier noise 

(C/N EDFA), photodiode shot noise (C/N Shot) and 

postamplifier noise (C/N PA), as well as due to the 

interferometric intensity noise (IIN) in the fiber and 

can be easily calculated (in dB) as follows: 

(2)   
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To determine the RIN contribution to optical link 

C/N in dB the following formula can be used: 

(3) = 10lg 20lg( )RIN nC N RIN B m   , 

where Bn is the receiver noise bandwidth (in Hz) for 

the communications channel being evaluated  and m  is 

the optical modulation index (OMI) per carrier. 

Typical values for quality DFBs are approximately 

−160 dB/Hz, provided that there is no reflected light. 

The noise susceptibility bandwidth Bn for analog 

receivers is 4.75 (BG) or 5.75 MHz (DK) and for 

QAM receivers it is equal to the full 7-MHz (BG) or 

8-MHz (DK) channel bandwidth. 

The C/N contribution from an EDFA is given by 

(4) 86.2 20lg( )EDFA in EDFAC N P m NF    , 

where Pin is the optical input power to the EDFA in 

dBm and NFEDFA is the noise figure of the amplifier in 

dB (it depends somewhat on input power). Typical 

variations in NFEDFA based on several manufacturers’ 

specifications are from 6 dB (Pin = 0 dBm) to 8 dB 

(Pin = 10 dBm). 

The contribution of shot and postamplifier thermal 

noise to optical link C/N is given by 

(5) 20lg( ) 10lg 10lg 154.94Shot Rx nC N P m R B     , 

(6)  
2 20lg( ) 20lg 10lg

20lg 180 ,

PA Rx n

r

C N P m R B

I

    

 
 

where PRx is the received optical power level in dBm, 

R is the responsivity of the receiving diode in amperes 

per watt (typical responsivity is 0.8 to 1.0 mA/mW)  

and Ir is the postamplifier equivalent input noise 

current density in pA/√Hz (typical values will be 6 to 

8 pA/√Hz). 

For affected frequencies, IIN can be related to in-

channel CNR in the same way as transmitter RIN: 

(7) = 10lg 20lg( )IIN nC N IIN B m  . 

The interferometric noise level (in dB/Hz) is given by 

(8)       1114 2=10lg 3.6 10 2 1 l
rmsIIN l e f

      
 

, 

where l is the length of the fiber in km, α = 1 – 10−α0/10, 

α0 is the loss in the fiber in dB/km and Δ  frms is the 

total rms effective linewidth. 
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In the downstream direction, coaxial distribution 

networks with multiple, identical amplifiers in cascade 

are usually designed and operated so that the gain, 

measured from amplifier output to amplifier output, is 

unity. When systems carry only one signal type (e.g., 

analog video signals), their output levels are often 

adjusted so that they increase linearly with frequency, 

as measured at amplifier output ports. This usually 

results in amplifier input levels that are approximately 

the same across the spectrum and creates the optimum 

balance between noise and distortion. 256QAM 

signals are operated 6 dB lower in level than 

equivalent analog video signals would be at the same 

frequencies. 

To determine the quality worsening of the received 

signal due to noise in the coaxial part of the forward 

channel, it is necessary to compute the C/N of 

cascaded RF amplifiers, each followed by loss equal 

to the gain of the preceding amplifier. For k identical 

amplifiers, the general expression for composite 

C/N Coax is approximated by the equation 

(9) = 10lgCoax AC N C N k , 

where CNR A is the C/N of a single amplifier. The 

value of C/NA is calculated in dB as 

 (10) A out nC N U G U NF    , 

where Uout is the amplifier output level in dBμV, Un is 

the thermal noise floor in dBμV, G and NF are the 

gain and the noise figure of the amplifier in dB 

respectively. 

Typically, the amplifiers output levels of the 

highest channels are + 105 to + 120 dBμV, the gain is 

from 20 to 38 dB and the noise figure is 6 - 8 dB. The 

channel noise floor Un depends on the effective noise 

bandwidth of the receiver and is approximately 

1,6 dBμV (B/G) or 2,4 dBμV (D/K) – for analog 

channel and 3,3 dBμV (B/G) or 3,8 dBμV (D/K) – for 

QAM channel. 

Since digital signals transmitted in the forward 

direction are generally more robust than analog 

signals, it is common to specify noise performance 

under two conditions: a full spectrum of analog 

television signals and a defined mix of analog 

television and digital signals. 

Typical design specifications for the fiber-optic 

plus coaxial distribution portion of the network call 

for 48 to 49 dB analog video C/N. In a simple HFC 

architecture, a 49-dB C/N requirement might be met 

by cascading fiber-optic and coaxial sections, each 

independently providing 52-dB C/N. 

The C/N at the most distant subscriber tap for 

256QAM signals can be calculated as 

(11)  ,10lg 2dig ang ch n angC N C N S B B    , 

where C/Nang is the analog video C/N, S is the 

suppression of digital signal levels relative to analog 

signal levels in dB (S = 6 dB), 10lg(Bch /Bn,ang) takes 

into account the different noise susceptibility 

bandwidth of the digital and analog receiver and 

“− 2 dB” is the expected variation from design 

performance due to aging and operational tolerances. 

If C/Nang = 49 dB, then the calculated values of C/Ndig 

are 39.3 dB (B/G) and 39.6 dB (D/K). 

Evaluation of forward channel nonlinearity  

Distortion in the optical channel is fundamentally 

caused by both small-signal nonlinearities in the laser 

transmitter and clipping caused by large-signal peaks. 

As is known, directly modulated DFB transmitters 

generate both composite second-order (CSO) and 

composite triple beat (CTB) products. The transfer 

function of Mach-Zehnder modulators provides one 

important advantage over directly modulated sources. 

The distortion is symmetrical about the inflection 

point of the transfer function, providing significantly 

suppression of second-order distortion products. This 

means that externally modulated transmitters produce 

only CTB products. The same is true for the “push-

pull” amplifiers in the coaxial portion of the channel. 

Hence to evaluate the forward channel nonlinearity 

the carrier to composite triple beat (C/CTB) parameter 

can be used. 

Analysis has shown that CTB products at 

frequencies  i + j − k ,  i − j + k and 

 i − j − k  ( i < j < k) must be taken into 

consideration when determining the nonlinear 

distortion in the optical channel with externally 

modulated laser. To calculate the number of third-

order intermodulation products at these frequencies 

the following expression can be used [6]: 

(12)      
2

0.25 1 0.5 1 0.25CTBN N N M M N      , 

where N is the carriers number and M is the number of 

the received channel. 
By solving equation dNCTB (М)/dM = 0 one can 

show that a maximum number of the CTB products is 

attained when M = (N + 1)/2, hence the CTB products 

number is at its maximum for the central RF channel 

and can be calculated with the following formula 

(13)  2 2
, max 3 8 2 8 3 8CTBN N N N    . 

If the levels of all carriers are equal the CTB level 

will theoretically be proportional to 10 lg(NCTB), where 

NCTB is the number of beats in a channel. In actuality, 
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owing to the unequal carrier levels and beat 

amplitudes, and possibly differences in distortion 

across the spectrum, CTB may increase as slowly as 

5 lg(NCTB) to 7 lg(NCTB). Furthermore the level of CTB 

products increases by 3 dB for every 1-dB increase in 

the levels of the input signals so that the ratio between 

the desired output signals and third-order products 

decreases by 2 dB for every decibel increase in 

operating level. 

In the specifications of broadband equipment 

manufacturers the value of C/CTB (in dB) is given for 

a reference level of the input (or output) signal Lref (in 

dBm or dBμV) and channel loading Nref . When the 

actual signal level L new and the actual number of 

channels Nnew differ from those given in the 

specifications, then the following correction must be 

made: 

(13) 
 

 

20lg

2 .

new ref new ref

new ref

C CTB C CTB N N

LL

  

 
 

If the power level of each RF carrier Ps, in (in dBm) 

and number of the TV channels N are given then the 

carrier-to-interference ratio for laser transmitter can be 

derived (in dB) from 

(14)    2
3 ,2 6 10lg 3 8Laser IP s inC CTB NP P   , 

where PIP3 is the input power at the third-order 

intercept point in dBm (it can be found in the 

specifications of the laser transmitter). For externally 

modulated transmitters C/CTB is 65 dB or better with 

channel loadings of 77 unmodulated carriers. 

Assuming that half the total power in all 

intermodulation products is distributed evenly over 

each of N channels then C/CTB is calculated as [3] 

(15) 
  2

2

1/ 2

3

1 6
2

Laser
C CTB e








 , 

where μ is the rms value of composite optical 

modulation depth. The quantity μ is related to the 

OMI per channel m by the approximation 

 (16)  2m N  . 

This approximation is only valid when the number of 

the channels is substantially greater than 10 and all 

channels are of an equal level. 

Typical “push-pull” amplifiers provide a C/CTB of 

70 to 90 dB when loaded with 77 unmodulated 

carriers at recommended operating levels Uout, ref 

(usually from 105 to 120 dBμV). When k identical 

amplifiers operating at the same output levels are 

cascaded, the expression for C/CTB is 

(17) = 20lgCoax AC CTB C CTB k  

where C/CTBA  is the distortion of a single amplifier. 

In the design of forward channel the C/CTB for the 

optical and coaxial part of the network should be 

about 60 dB for analog video signals. 

When QAM signals are subject to third-order 

distortion, they do not produce single-frequency 

products but rather bands of noise-like products 

known as composite intermodulation noise (CIN). 

Generally, CIN is quantified as an equivalent increase 

in the effective noise floor of the system. When the 

digital signal levels are suppressed by 6 dB or more 

relative to analog signals, the C/N degradation on the 

most affected (highest) analog channel due to CIN is 

typically less than 1 dB. For QAM signals, 40-dB 

end-of-line C/(N + CIN) is a typical design spec and is 

consistent with 48-dB analog signal to noise, with 

digital signals depressed 6 dB from analog and a 

correction of 1.7 dB for the noise susceptibility 

bandwidth, provided that the noise floor is similar 

across the analog and digital spectrum. 

In the case of digitally modulated signals sharing 

the cable network with analog television signals, some 

intermodulation products will fall into the digital 

spectrum. The analyses done shows that the worst-

case operational C/CTB for 256QAM might be as low 

as 54 dB. 

Noise-distortion trade-off  

The mathematical model of the optical channel, 

described by equations from (2) to (8) makes it 

possible for the signal minimum level at the optical 

receiver input and the optical modulation index per 

carrier to be calculated if the value of C/NCh is known. 

Typically, the fiber-optic link is required to provide a 

C/N of 50 dB or greater (usually 51 to 54 dB) for each 

analog video carrier. 

In Fig. 1 dependences of C/NCh and its components 

are shown as a function of the received optical power 

level. They refer to a channel operating in the 1550 

nm band, where modules are used with the following 

parameters: RIN = − 160 dB/Hz, output power of the 

DFB laser 37 mW; fiber attenuation constant 

α = 0,25 dB/km; photodiode responsivity 1 mA/mW; 

EDFA noise figure 3,8 dB. 

The investigations have shown that the light level 

reaching a receiver must be controlled within a few 

decibels of 0 dBm for the best balance between noise 

and distortion for amplitude-modulated links. 

Figure 2 illustrates how C/NCh will change as a 

function of the OMI per channel m and the received 
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optical power level PRx . It is evident, that increasing m 

improves the C/NCh , but it does increase impairment 

caused by nonlinearity too. Even with perfectly linear 

lasers the modulation depth is bounded to values 

beyond which all orders of distortion increase rapidly. 
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Fig. 1. Determination of the minimum value of PRx 

depending on the C/NCh (denoted by CNRch). 
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Fig. 2. C/NCh (denoted by CNRch) verses m under PRx. 

The maximum acceptable modulation depth per 

channel can be calculated by means of expressions 

(15) and (16) if the C/CTB and the channels number 

are known. Typically, the fiber-optic link is required 

to provide a C/CTB of 60 dB or greater for each 

analog video carrier. As seen from figure 3, the 

requirement for C/CTB ≥ 60 dB is met when 

m = 5,7 % (for N = 36), m = 4,6 % (for N = 57), 

m = 3,9 % (for N = 78) и m = 3,3 % (for N = 110). 

The optimum operating value for m is balance 

between noise and distortion. With the system here 

considered a rather shot variation interval (0.03 to 

0.06) of the modulation index m provides for the 

admissible minimum value of the CNR and CIR 

parameters. 
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Fig. 3. Determination of the maximum value of m 

depending on the C/CTB (denoted by CIR) and N. 

While the noise floor determines the minimum RF 

signal detectable for a given optical link, non-

linearities in the laser tend to limit the maximum RF 

signal that can be transmitted. 

To determine the maximum permitted RF input 

level needed at the laser transmitter one should use 

expression (14) or experimental curves that relate Us, in 

to the number of video channels and the optical output 

power PTx . Such experimental curves can be found in 

the technical documentation of all laser transmitter 

manufacturers. It is important to know that stimulated 

Brillouin scattering and other nonlinear fiber effects 

limit the maximum transmitted power to +10 to +17 

dBm. 

The investigations carried out on characteristics of 

manufactured laser transmitters allow the following 

formula to be determined for optimum voltage of the 

modulating RF signal: 

(17)  , 1 2(32 34) 10lgs inU N N m    , 

where N1 and N2 are the number of analog and digital 

video channels respectively, m is coefficient that 

depends on the modulation type (for 256QAM m = 4) 

and (32 ÷ 34) dBmV is the RF input voltage that is 

necessary for one analog program. 

Application of the results obtained in the optical 

channel design 

At present two topologies of the optical part of the 

HFC network are mainly used – “star-shape” and 

“tree-and-branch”. With the first one an optical 

divider is used to distribute the signal among several 

feeder lines at one point. With the “tree-and-branch” 
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topology the signal power is split into the feeder lines 

at several points of the optical backbone. In Fig. 4 (a) 

and (b) block-diagrams of the two topologies of the 

optical trunk systems are shown. 
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Fig. 4. Configuration of the optical part of HFC network.  

One of the main parameters that must be optimized 

when designing the optical part of the network is the 

minimum optical power received PRx . To determine 

PRx the expressions (2) to (8) are used, in which the 

required carrier-to-noise ratios for each optical node 

(C/N1 , C/N2 , C/N3 and C/N) and OMI per channel m 

are substituted. The value of m depends on the 

acceptable carrier-to-interference ratio at the optical 

receiver output and the channel loading N and can be 

calculated by the expressions (15) and (16). 

Let's consider the first configuration and assume 

that the required receiver input powers to achieve the 

desired C/N ratios are PRx 1 , PRx 2 , PRx 3 and PRx 4 dBm. 

The goal is to determine the laser transmitter output 

power PTx and what the split ratios need to be on the 

optical splitter in order to deliver the required amount 

of optical power to the receivers. 

To calculate PTx (in dBm) the following equation is 

used: 

(18)  ,

4
0.1

5

1

10lg 1.2 10 Rx k kP L

k

Tx LP




 
   

 
 , 

where the receiver input optical power PRx,k is in dBm, 

Lk is the total loss in the k-th optical line in dB, 

including splices and connectors and the coefficient 

1.2 accounts the excess loss of the optical splitter 

(20%). Most single mode fiber has 0.5 dB/km loss in 

the 1310 nm region and 0.25 dB/km in the 1550 nm 

region. 

The optical splitter ratios for each output can be 

calculated as  

(19)    , ,

4
0.1 0.1

1

10 10Rx k k Rx k kP L P L

k
ks

 



  . 

The voltage Us,  in of the modulating RF signal is 

the next important parameter to be optimized. To 

determine the RF input level needed at the laser 

transmitter one should use expression (17) or 

experimental curves that relate Us,  in to the number 

of video channels and the laser transmitter output 

power PTx  .  

Algorithm for coaxial part design   

When designing the coaxial part of a HFC 

television network the loss between each pair of 

amplifiers must be made identical to the gain of 

selected amplifier for optimum performance (unit gain 

concept), that is   

(20) ( 1),( /100) i il G   , 

where α is the cable attenuation in dB per 100 m, 

l(i −1), i is the length of the coaxial cable between the 

(i − 1)-th and i-th amplifier in meters. 

If the loss is less than that value, then each 

amplifier’s input level (and hence output level) will be 

greater than the previous amplifier, and the distortions 

will quickly build up to a high level. If the loss is 

greater than the gain, then the input of each amplifier 

will be less than the previous amplifier and thus 

contribute disproportionately to the overall C/N 

degradation. 

The amplifier output level must be kept within 

certain limits in order to ensure the required signal 

quality at the subscriber tap. Those limits are defined 

by the minimum (Uout min) and maximum (Uout max) 

level of the amplifier output signal. The minimum 

level refers to the required C/N and the maximum one 

refers to the acceptable non-linear distortion. If the 

equations (9), (10), (13) and (17) are taken into 

account, the acceptable output levels (in dBμV) of the 

amplifiers in the longest coaxial link can be defined as 

follows can be used: 

(21) 
min

10lg
out Coax n

U C N G U NF k      

(22)  max
20lg 20lg

out out ref new ref
U U N N k   . 

If we plot the expressions (21) and (22) as a 

function of cascade, we can see that there is a 

maximum attainable cascade and a unique operating 

level that allows that cascade to be realized. Figure 5 
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illustrates the usable operating range, along with the 

parameters that define the noise-distortion-cascade 

relationship. As seen, the values Uout max  and Uout min 

come closer to each other and coincide for a given 

amplifier when the cannel loading and the number of 

cascaded amplifiers is increased. If the parameters of 

the wideband RF amplifiers and the attenuation in the 

coaxial cables on sale are taken into consideration it 

can be concluded that the coaxial trunk line cannot be 

longer than 7-8 km and the number of amplifiers in 

the line cannot exceed 10-12. 

 Uout, dB

Uout min

i

Uout max
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Fig. 5.  Acceptable dynamic range of Uout 

When higher-gain amplifiers are used, then either 

output levels must be raised or input levels lowered; 

the former will further increase distortion, whereas the 

latter will cause a greater C/N degradation in each 

amplifier station. If amplifiers are spaced more closely 

together, then more will be required to reach the same 

physical distance, thereby increasing both noise and 

distortion. 

The dependences given in this section allow the 

acceptable number of amplifiers in the longest coaxial 

trunk line and there gain to be determined. For this 

purpose, the distance Si between the first and i-th RF 

amplifier is calculated so that the following condition 

to be met [7]: 

(23) 100( 1) /i iS i G l   , 

where l is the length of the coaxial line. If the 

condition is satisfied for i = n, the number of 

amplifiers that can be included in the coaxial line is n, 

and their gain is equal to that of the n-th amplifier. 

Then the distance between two adjacent amplifiers is  

(24) ( 1), ( 1)/i il l n   . 

Conclusion 

The relations described in the paper have been 

applied to design the forward channel of HFC 

television network. Experiments carried out with 

operating systems show that the calculated values of 

the system parameters correspond well enough to 

those required by the existing technical standards.  
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DOA algorithms noise performance analysis for  

cognitive radio systems 

Todor D. Tsvetkov, Ilia G. Iliev  

 

In this paper the precision of variety direction of arrival (DOA) algorithms used in cognitive 

radio systems are investigated. The researched algorithms are MUSIC, Capon (MVDR), ROOT 

MUSIC, ESPRIT-LS and ESPRIT-TLS. The goal of this article is to achieve better quality performance 

in cognitive radio networks by using smart antenna arrays. Dynamic spectrum access allows 

secondary users to access licensed frequency bands as long as they are not interrupting primary users' 

transmission. Cognitive radio users must be able to identify the presence of the primary users as 

quickly as possible. The accuracy and relative average processing time of each algorithm depending 

by signal to noise ratio (SNR) with given number of antenna array elements and number of snapshots 

are compared and analyzed. Wide and narrow angular separation modes are used for analyzing the 

performance of DOA algorithms in different detection and environment conditions. The results 

obtained in this work give an idea of the effectiveness of the DOA algorithms and their applicability to 

improve quality performance in cognitive radio devices. 

Изследване шумоустойчивостта на DOA алгоритми, приложими в когнитивни 

радиокомуникационни системи (Тодор Д. Цветков, Илия Г. Илиев). В настоящата работа 

се изследва и анализира точността на различни алгоритми за изчисляване на ъглите на 

постъпване при детектиране на сигнали в когнитивни радиокомуникационни системи. 

Разгледани са алгоритмите MUSIC, Капон (MVDR), ROOT MUSIC, ESPRIT-LS и ESPRIT-TLS. 

Целта на предложения анализ е подобряване на качествените показатели на когнитивното 

радио чрез прилагане на адаптивна антенна решетка и динамичен достъп на вторичните 

потребители, които да използват лицензирана честотна лента без да внасят смущения в 

каналите на първичните потребители. Сравнени и са анализирани точността и средното 

относително процесорно време на всеки алгоритъм в зависимост от отношението сигнал-

шум при зададени брой елементи на антенната решетка и брой на отчетите в 

обработваната извадка. Изследвани са комбинация от ъгли на постъпване, разположени на 

близко и далечно разстояние един от друг за оценка на разделителната способност при 

различните условия на приемане. Резултатите, получени в настоящата работа дават 

представа за ефективността на алгоритмите за изчисляване на ъгъла на постъпване и 

препоръки за тяхното приложение с цел подобряване качествените показатели на 

когнитивните радиокомуникационни системи. 

 

I. Introduction 

In recent years, the number and capacity of 

wireless devices using licensed frequency bands is 

increased. This results in situations in which some 

radio frequency bands are heavily used, while others 

are only either partially or rarely occupied. Cognitive 

radio technology gives the opportunity for more 

efficient frequency usage [1].  

Users who have legacy rights on the usage of 

spectrum bands are called primary users, while 

secondary users have lower priority in the same 

frequency bands without causing unnecessary 

interference to the primary users [1]. Dynamic 

spectrum access allows secondary users (SU) to 

access licensed frequency bands as long as they are 

not interrupting primary users' transmission. Cognitive 

radio users must be able to identify the presence of the 

primary users (PU) as quickly as possible. All 

secondary users must use devices with cognitive radio 

capabilities in order to provide the necessary quality 

of service for primary users and for their own 

requirements. Primary users can use their frequency 

band at anytime while cognitive radio is operating in 

the same band. All secondary users must constantly 

change their transmission parameters in order to avoid 
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interference to the primary users. 

Spectrum sensing is one of the most important 

goals in cognitive radio and can be classified as blind 

spectrum sensing or non-blind spectrum sensing. The 

main advantage of blind spectrum sensing is that it 

does not require information about a primary user’s 

signal a priori. Examples of blind spectrum sensing 

methods are energy detection, wavelet detection and 

eigenvalue detection. When there is prior knowledge 

about the primary signals, then non-blind spectrum 

sensing techniques are used as matched filtering and 

cyclostationary detection. Matched filtering is optimal 

method in this category, but requires perfect 

knowledge about the primary signals characteristics. 

Higher implementation complexity makes it difficult 

to apply in cognitive handheld devices [2]. 

Cyclostationarity detection utilizes specific features of 

the primary signals, which could be considered as 

periodical [3]. Thus improves detector’s sensing 

process and it can easy distinguish cyclostationary 

signals from stationary noise. However, this technique 

is not widely used due it’s high computational demand 

and long observation times [4]. Energy detection is the 

most common type of spectrum sensing technique due 

to its implementation simplicity and does not require 

knowledge about the primary signal [3]. Energy 

detector cannot detect weak signals in noise due to 

noise power, which may change over time and hence 

is difficult to measure precisely in real time [4]. 

Wavelet detection has been introduced in the recent 

years for spectrum sensing, where wavelet filters are 

used for detecting the edges in the power spectral 

density (PSD) of the received signal [5]. Eigenvalue 

detection uses the largest and the smallest eigenvalues 

of the covariance matrix to detect the presence or the 

absence of the primary user [6]. It requires smart 

antenna array or cooperative detection sensing. 

Cognitive users may reduce the interference level 

to the licensed users by implementing smart antenna 

arrays. In this case the secondary users will optimize 

their transmit beamforming to satisfy the primary 

users' quality of service (QoS). Due to the higher 

technical and computational complexity that idea is 

most suitable for centralized cognitive radio networks 

with communication nodes (base stations). Direction 

of arrival (DOA) can be combined with GPS 

estimation and database exchange according to IEEE 

802.22 standard [7]. 

In this paper the precision of various direction of 

arrival (DOA) algorithms used in cognitive radio 

networks is studied. The goal of the proposed analysis 

is to improve quality performance by using smart 

antenna arrays. The investigated algorithms are 

MUSIC, Capon (MVDR), ROOT MUSIC, ESPRIT-

LS and ESPRIT-TLS. The comparison is made by 

using the number of array elements, number of 

snapshots, SNR and processing time. 

The rest of this paper is organized as follows. In 

the section II is described the system model. Section 

III introduces a quick review of DOA algorithms. 

Simulations and results are presented in Section IV 

followed by conclusions in Section V. 

II. System Model 

M  element antenna array is receiving signals 

from L  uncorrelated sources. The spacing between 

array elements is d . All transmitters are emitting in 

narrowband. N  is number of snapshots taken from 

antenna array. Figure 1 shows a simple cognitive radio 

network with two primary base stations (PBS). 

 

 
Fig.1. Dynamic spectrum sharing of a cognitive radio 

network. 

Given an existing primary radio network with two 

primary base stations (PBS) and four primary users 

(PU), where three secondary users (SU) try to sense 

and share the same spectrum through space 

separation. Secondary users should not violate the 

quality of service (QoS) requirements of the primary 

users and meet their own QoS constraints. Cognitive 

users may use smart antenna arrays to minimize the 

interference to the licensed users. In this case the 

secondary users will locate and track signals of the 

primary users through DOA techniques and will 

dynamically adapt their antenna pattern to enhance the 

beamforming process without interrupting primary 

users' transmission. 

The received signal  tx  can be expressed as an 

amount of signals from all transmitters and linearly 

added  tw ∊ℂM additive white Gaussian noise 

(AWGN) [8]:  

(1)        twtsatx
L

k kk  1
 , 
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where  tx ∊ℂM is complex baseband equivalent 

received signal vector at the antenna array at time t . 

(2)         TM txtxtxtx ,,, 21  . 

 tsk  is incoming plane wave from the k th 

transmitter at time t  with angle of arrival k , 

 ka  ∊ℂM is array response vector to the same angle 

of arrival. A single observation  tx  from the antenna 

array is known as a snapshot. The received signal 

 tx  can be written in matrix notation as:  

(3)        twtsAtx  , 

where  A ∊ℂMxL is array response matrix for each 

angle of arrival.  

(4)         LaaaA  ,,, 21  , 

here  La  ∊ℂM is array response vector for each 

angle of arrival.   is matrix of vectors for all angles 

of arrival and can be written as:  

(5)  TL ,,, 21  . 

 ts ∊ℂM is received signal vector in amplitude and 

phase from each transmitter at time t . 

(6)         TL tstststs ,,, 21  . 

The set of array response vectors for all possible 

angles of arrival is  A  and is also known as an 

array manifold. In the most of algorithms for 

estimating the angle of arrival, array response matrix 

 A  must be known for each one of the elements in 

the vector matrix   [9]. 

In terms of LM   and LN   the following 

matrix formations are proposed by [8]:  

(7)       NxxxX ,,2,1  , 

(8)       NsssS ,,2,1  , 

(9)       NwwwW ,,2,1  , 

where X ∊ℂMxN, W ∊ℂMxN and S ∊ℂLxN. They can be 

written as:  

(10)   WSAX  . 

 

III. DOA Estimation Algorithms 

A. Capon (MVDR) 

The Capon’s minimum variance method is also 

known as MVDR (Minimum Variance Distortionless 

Response). This method constrains the beamformer 

gain to 1 in the desired direction and minimizes the 

output power from all other directions. Spatial 

spectrum of Capon can be written as [10]:  

(11)  
   


aRa

P
xx

HCapon 1

1


 , 

where  a  is array response vector for angle of 

arrival,  H  denotes Hermitian (complex conjugate) 

transpose. DOAs are estimated by a spatial spectrum 

scan, where peak values correspond to the actual 

received angles of arrival  . The Capon’s minimum 

variance method estimates the inverse signal 

covariance matrix 
1

xxR , unlike the delay-and-sum 

method also known as conventional beamforming 

method (CBF). In addition, MVDR presents better 

resolution in most cases with slightly higher 

computational cost. 

B. MUSIC 

The Multiple Signal Classification (MUSIC) 

algorithm was first proposed by Schmidt in [11] and it 

can be used to estimate multiple signal characteristics 

like azimuth, elevation, range, polarization, etc. This 

is accomplished when the array response matrix 

 A  is known for all possible combinations of 

transmitter’s signal characteristics [8]. They are 

estimated with calibration or analytical computation 

of each response for every array element. 

The MUSIC’s algorithm key feature is that the 

desired steering vectors of the received signals in the 

signal subspace are orthogonal to the noise subspace 

[12]. The signal and noise subspaces are estimated by 

eigendecomposition of the incoming signal covariance 

matrix xxR . The MUSIC spatial spectrum is 

calculated as follows [12]:  

(12)  
   


aQQa

P
H

nn

HMUSIC

1
 . 

A peak in MUSIC spatial spectrum is formed, when 

the steering vector  a  of the incoming signal 

become orthogonal to the one of the eigenvectors nQ  
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in the noise subspace, which corresponds to the real 

received angle of arrival. In practice,  a  is not fully 

orthogonal to the noise subspace due to imperfections 

in calculation of nQ . This flaw is minimized by 

increasing the number of snapshots used in the 

estimation of covariance matrix xxR . The MUSIC’s 

algorithm main disadvantages are that it is unable to 

differentiate angles of arrival in correlated signals and 

its high computational cost. Its main advantages over 

the conventional methods are that it achieves better 

resolution in DOA estimation and it can be applied in 

a variety of array geometries. 

C. ROOT MUSIC 

The ROOT MUSIC algorithm was first proposed by 

Barabell [13]. He managed to improve the ordinary 

MUSIC algorithm by reducing its computational 

complexity and increase its resolution threshold in 

DOA estimation especially at low SNRs. This is 

accomplished by finding the roots of a polynomial 

instead numerical search in spatial spectrum for 

orthogonal basis as in the MUSIC algorithm. ROOT 

MUSIC is only applicable for uniform linear array, 

which is its main disadvantage. 

D. ESPRIT 

The Estimation of Signal Parameters via Rotational 

Invariance Techniques (ESPRIT) was first proposed 

by Roy and Kailath [14]. It is based on the fact that 

the steering vector of the received signal at one array 

element has a constant phase shift from the previous 

element. This is done by using structures of matched 

pairs (or doublets) of the sensor array with identical 

displacement vectors [14]. The ESPRIT achieves 

significantly less computational and storage costs as 

compared to MUSIC algorithm, which does numerical 

search in spatial spectrum for orthogonal basis. 

Narrow spaced signals and low SNRs are also an issue 

in MUSIC. 

IV. Results 

Results estimations are simulated in MATLAB 

environment. Comparison between DOA algorithms is 

achieved by averaging 100 trials for each simulation. 

Two largely (  101  and  202 ) and two 

closely (  503  and  604 ) angle spaced signals 

are used in different signal to noise (SNR) scenarios 

with 500 snapshots and 12 array elements.  

MUSIC and Capon (MVDR) power spectrum 

results for different SNR scenarios are shown in Fig.2 

and Fig.3 respectively. 
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Fig.2. MUSIC performance for different SNR scenarios. 
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Fig.3. Capon (MVDR) performance for different SNR 

scenarios. 
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Fig.4. Mean Squared Error by MUSIC, Capon (MVDR), 

ROOT MUSIC, ESPRIT-LS and ESPRIT-TLS as a function 

of different number of SNR. 

Even under lowest SNR, MUSIC algorithm shows 

distinguishable peaks with largely spaces signals 

 101  and  202 . Same peaks for Capon 

(MVDR) method could be distinguished under SNR 

levels with at least 10dB higher. Peaks for closely 
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spaced signals  503  and  604  in MUSIC 

algorithm become distinguishable for SNR values 

larger than -10dB. Same peaks for Capon (MVDR) 

method could be distinguished once again under SNR 

levels with at least 10dB higher. 

Fig.4 shows mean squared error by MUSIC, Capon 

(MVDR), ROOT MUSIC, ESPRIT-LS and ESPRIT-

TLS depending on the SNR. It is noted that MUSIC 

gives high values of mean squared error for -15dB 

SNR. Its spectral resolution of 0.1° and low SNR 

value explain this result. In this case a higher spectral 

resolution of 0.01° could be used. This will help to 

reduce mean squared error levels given by MUSIC, so 

they will drop further to the values of ROOT MUSIC, 

ESPRIT-LS and ESPRIT-TLS. The computational 

complexity increases through the use of higher 

spectral resolution, which leads to increasing number 

of iterations and takes more processor time. 
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Fig.5. Normalized CPU time for different number of SNR 

by MUSIC, Capon (MVDR), ROOT MUSIC, ESPRIT-LS 

and ESPRIT-TLS. 
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Fig.6. Normalized CPU time for different number of SNR 

by MUSIC and Capon (MVDR). 

Fig.5 and Fig.6 shows normalized CPU time for 

different numbers of SNR by MUSIC, Capon 

(MVDR), ROOT MUSIC, ESPRIT-LS and ESPRIT-

TLS. Fig.5 shows decreasing normalized CPU time in 

MUSIC and Capon (MVDR) algorithms by increasing 

SNR. This improvement is caused by peak function 

seen in Fig.6. MUSIC and Capon (MVDR) algorithms 

are two-stage process. The first stage estimates power 

spectrum for various angles, where the second stage 

chooses the peaks as the angles of arrival. Peak 

function performance is improved by increasing SNR, 

which shows the key role played by the function for 

finding peaks in reducing normalized CPU time for 

both methods. Proper selection of this function can 

improve accuracy and reduce the computational 

complexity of MUSIC and Capon (MVDR) 

algorithms, which saves limited resources (battery 

power, computation power etc.) and leads to an 

extension period of activity in cognitive handheld 

devices using these two methods. 

The Capon's (MVDR) algorithm is a conventional 

beamforming method for DOA estimation and can be 

used in cases where there is no prior knowledge about 

the primary signals. MUSIC, ROOT MUSIC, 

ESPRIT-LS and ESPRIT-TLS are subspace based 

methods for DOA estimation and they are executed 

when detector known information about a primary 

user’s signal a priori. 

MUSIC and ROOT MUSIC perform best for 

varying SNR scenarios. MUSIC and Capon (MVDR) 

utilize the highest computational time and generate the 

highest iterations than the other methods. This makes 

them less effective for a frequently spectrum scans 

when they are used in cognitive handheld devices with 

limited resources. ROOT MUSIC algorithm makes a 

direct calculation of the signal spectral components 

instead of numerical search for maxima like MUSIC. 

This drastically reduces his computational complexity 

and makes it more suitable for use in cognitive radio 

systems. ESPRIT-LS has the lowest computational 

complexity as compared to all other methods 

discussed so far. There is significantly better 

performance than Capon (MVDR), but withdraws to 

the MUSIC and ROOT MUSIC. ESPRIT-TLS 

improves the performance of ESPRIT-LS with 

slightly higher computational cost. ROOT MUSIC, 

ESPRIT-LS and ESPRIT-TLS are most suitable for 

use in cognitive radio systems for DOA estimation, 

when detector know information about a primary 

user’s signal a priori.  

V. Conclusions 

This paper presents results of direction of arrival 

(DOA) estimation using MUSIC, Capon (MVDR), 

ROOT MUSIC, ESPRIT-LS and ESPRIT-TLS 
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algorithms in cognitive radio networks. The 

comparison is made by using the number of array 

elements, number of snapshots, number of SNR and 

processing time. Wide and narrow angle spaced 

signals are used in different detection and 

environment conditions for analyzing the quality 

performance and resolution threshold. The expected 

increase in accuracy and performance is observed with 

increasing the SNR value for all considered 

algorithms.  

The simulation results in this article show the 

effectiveness of DOA estimation algorithms for 

improving quality performance in cognitive radio 

systems. 
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Application of high order APSK modulations in satellite  

 digital video broadcasting 

Lidia T. Jordanova, Lyubomir B. Laskov, Dobri M. Dobrev 

 

In this paper are presented the results of a study of the characteristics of the DVB-S2 channels 

when using 32APSK and 64APSK modulation. Expressions for determining the probability of bit error 

after APSK demodulator, LDPC and BCH decoders are given. A simulation study of the noise 

immunity of the DVB-S2 channels when the selected modulations are used in combination with 

standard and optimized LDPC codes has been performed and the necessary carrier to noise ratio, 

which ensures quasi error free reception, has been defined. The mathematical dependences, taking 

into account the non-linearity of the satellite TV channel and the expressions to determine the 

characteristics of the pre-correction in the transmitter are given. The parameters of APSK 

constellations after their pre-correction in the DVB-S2 transmitter in order to reduce nonlinear 

distortion caused by the high power amplifier in the satellite transmitter have been calculated. 

Приложение на APSK модулации с висока кратност в цифровото спътниково ТВ 

разпръскване (Лидия Т. Йорданова, Любомир Б. Ласков, Добри М. Добрев). В тази статия са 

представени резултати от изследване на характеристиките на DVB-S2 канали при използване 

на 32APSK и 64APSK модулации. Дадени са изразите за определяне на вероятността за 

битова грешка след APSK демодулатора, LDPC и BCH декодерите. Проведено е симулационно 

изследване на шумоустойчивостта на DVB-S2 канала при използване на разглежданите 

модулации в комбинация със стандартни и оптимизирани LDPC кодове и е определено 

необходимото отношение носещо трептение/шум, при което се осигурява квази-безпогрешно 

приемане. Дадени са математически зависимости, отчитащи нелинейността на спътниковия 

телевизионен канал и изрази за определяне на характеристиките на предварителния коректор 

в предавателя. Изчислени са параметрите на APSK съзвездията след предварителната им 

корекция в DVB-S2 предавателя с цел намаляване на нелинейните изкривявания, които внася 

крайният усилвател на мощност в спътниковия ретранслатор. 

 

Introduction 

In order to achieve pre-set quality of the received 

digital TV programs, the required BER at the MPEG 

decoder input shall not exceed 10−11. This requirement 

corresponds to the so called Quasi Error Free (QEF) 

reception. The main issues of the satellite TV channel 

are the great signal attenuation (200 dB), the high 

level of noise and interference and its nonlinearity, 

resulting from the non-linear operating mode of the 

high power amplifier in the satellite transmitter [1]. 

As a result of the huge signal attenuation and the 

high level of noise and interference, the carrier to 

noise ratio (CNR) at the satellite receiver input is low, 

which is a reason for increasing the bit error rate 

(BER) in the satellite radio line. Since the DVB-S2 

system use modulations with a higher order (besides 

QPSK, 8PSK, 16APSK and 32APSK), the required 

noise immunity of the radio channel is ensured with 

more efficient channel coding (concatenated LDPC-

BCH). Detailed information about these codes is 

given in [2].  

The nonlinear distortions in the high power 

amplifier in the satellite transmitter lead to the 

following two side effects: change of the location of 

the symbol points in the modulation constellation and 

the intersymbol interference (ISI). The influence of 

the first effect is minimized by using pre-correctors, 

and that of the second – by adding equalizers at the 

transmitter and at the receiver [3]. Further reducing of 

the nonlinear distortion of the signals is achieved by 

the selection of energy-efficient modulation methods. 

The most suitable for this purpose are Amplitude 

Phase Shift Keying (APSK) modulations, which 

provide a good compromise between noise immunity, 

spectral efficiency and the efficient use of transmitter 

power [4]. 
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The main advantages of the second generation 

satellite DVB systems compared to the first generation 

are the smaller values of the parameter CNR required 

for QEF reception, the larger channel capacity and the 

possibility to deliver additional services (Internet 

access and a range of professional applications – 

DSNG, DTT, etc.). It is typical for DVB-S2 systems 

that the quality of the provided additional services is 

ensured by the technology adaptive coding and 

modulation. This technology allows the dynamical 

change of the order of modulation and the rate of the 

used channel code according to the parameters of the 

communication channel between the satellite and the 

user. 

The aim of this paper is to explore the noise 

immunity and the nonlinear distortion of signals in the 

satellite DVB channel when using high order APSK 

modulations. 

M-ary APSK modulation schemes designed for 

operating over nonlinear satellite channels 

The APSK constellation consists of N number of 

concentric circles, where the k-th circle contains nk 

number of signal points. Each of the circles in the 

constellation is characterized by a primary phase shift 

φk and radius rk . In the general case, the APSK 

constellation can be described as follows:  
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For convenience, instead of the radiuses are used 

their ratios relative to the radius of the innermost 

circle – γk = r(k +1) /r1. The APSK modulation is usually 

denoted as n1+n2+…APSK. 

То optimize the APSK constellations, which are 

suitable for operating over a satellite nonlinear 

channel, two algorithms can be used [5]. In the first 

algorithm, the constellation parameters are chosen so 

as to maximize the minimum Euclidean distance. The 

aim of the optimization which is done by the second 

algorithm is to provide minimum symbol error 

probability. The design optimization and results 

obtained for 16- and 32-APSK modulation schemes 

based on the second algorithm are presented in detail 

in [6]. 

For carrying out the surveys presented in this 

paper, the APSK constellations shown in Fig. 1 are 

selected. The parameters of these constellations are as 

follows: N = 3, n1 = 4, n2 = 12, n3 = 16, φ1 = 45o, 

φ2 = 15o, φ3 = 0o, γ1 = r2 /r1 = 2.84 and γ2 = r3 /r1 = 5.27 

– for 32APSK and N = 4, n1 = 4, n2 = 12, n3 = 20, 

n4 = 28, φ1 =45o, φ2 = 15o, φ3 = 9o, φ4 = 45/7o, 

γ1 = r2 /r1 = 2.73, γ2 = r3 /r1 = 4.52 and γ3 = r4 /r1 = 6.31 

– for 64APSK. 

 

 

 
Fig.1. M-APSK Constellations: (a) 32APSK  

and (b) 64APSK. 

Although these higher-order M-ary APSK 

modulation schemes have been specifically designed 

for operating over nonlinear satellite channels, they 
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still show signal envelope fluctuations and are 

particularly sensitive to the characteristics of the 

satellite transponders which introduce channel 

nonlinearities.  

APSK error performance 

The 32APSK and 64APSK modes are mainly 

targeted at professional applications, due to the higher 

requirements in terms of available CNR, but they can 

also be used for broadcasting. While these modes are 

not as power efficient as the other modes (QPSK, 

8PSK and 16APSK), the spectrum efficiency is much 

greater. The research done shows that their 

performances on a linear channel are comparable with 

those of 32QAM and 64QAM respectively. 

In [7], a simplified method for evaluating the error 

performance of APSK constellations in an AWGN 

channel has been presented based on a close 

approximation of the Voronoi diagram. After applying 

the proposed method to 64-APSK, the following 

expression for the symbol error rate (SER) was 

obtained: 
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where Es /N0 is the energy per symbol to noise power 

density ratio and α is given by the formula 

(3) 
2 2 2
1 2 31 3 5 7

16

  


  
 , 

The value of the error complementary function is 

obtained by the formula 

(4)  21
( ) .experfc x x

x 
  . 

The approximate BER expression can be obtained 

by multiplying each of the terms on the right hand 

side of (2) by hi,j /log2M, where hi,j is the Hamming 

distance between the symbols and M is the order of 

modulation. For the examined 64APSK constellation, 

the expression (2) takes the following form: 

(5) 
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where Eb /N0 is the energy per bit to noise power 

density ratio. 

The proposed approach has also been applied to 

32-APSK modulation. The obtained expression for 

determining the BER for a 32APSK modulation is 

(6)   
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where σ is given by the formula 

 (7) 2 2
1 24 12 16     . 

Fig. 2 shows the obtained BER performances of 

32APSK and 64APSK communication channels in the 

absence of channel coding. 
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 Fig.2. BER performances of APSK channels. 

Determining the BER at the output of the  

DVB-S2 receiver 

Block diagram of a DVB-S2 receiver 

Fig. 3 shows a block diagram of a DVB-

S2 receiver. The broadcast signals by the satellite 

transmitter that fall within the bandwidth from 9.7 to 

12.7 GHz, are passed initially to a Low Noise 

Converter (LNC). In it they are amplified and their 

spectrum is transferred to a first intermediate 

frequency (from 950 to 2050 MHz). 

 

 
 Fig.3. Block Scheme of a DVB-S2 Receiver. 

The signal coming from the low noise converter is 

passed initially to a satellite tuner (Tuner) where the 

following operations take place: selection of the 

desired channel and transfer of its spectrum to a 

second intermediate frequency (479.5 MHz), 

amplification of the signal by a second intermediate 

frequency and demodulation. 

The demodulated signal is passed to the reverse bit 

interleaving block and then, in both concatenated 

channel decoders is performed correction of the 

erroneous bits. The decoded digital stream passes 

through the reverse scrambling and is fed to the 

demultiplexer, wherein it is divided to TV programs 

and additional services, according to the information 

carried by it. 

Bit error probability after channel decoding 

If Pb1 denotes the bit error probability at the output 

of the satellite tuner, for determining the bit error 

probability after (i + 1)-th iteration in the LDPC 

decoder Pb2,(i+1) the following expression can be used 

[8]: 
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(9) 
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The following symbols are used in these 

expressions: j and q – number of the units respectively 

in a column and a row of the parity-check matrix; λj – 

relative number of the columns containing j number of 

units; ωc – maximum number of units in a column; ρq 

– relative number of rows, containing q number of 

units; ωr – maximum number of units in a row. The 

value of the parameter αj is chosen as the smallest 

whole number αj > (j −1)/2, for which the following 

requirement is fulfilled: 

(10)        
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. 

Taking into account the fact that DVB-S2 uses 

BCH codes in which each symbol consists of 1 bit, the 

probability of bit and symbol error will have the same 

value. The bit error probability after BCH decoding 

Pb3 is related to the bit error probability after LDPC 

decoder Pb2 by the following dependency [9]: 

(11)  3 2 2

1

1
1

N
i

b b b

i T

N i

N

N
i P P

i
P

 

 
  

 
 , 

where N is the total number of encoded bits in a 

packet and T is the number of repairable errors in a 

packet. 
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 Results of the simulation study 

For carrying out the simulation studies have been 

used standard and optimized in [10] and [11] LDPC 

codes. The number of units in a row and the 

distribution of the number of units in columns are 

given in Table 1. 

Table 1 
Parameters of effective LDPC codes 

 j 2/3 std. 2/3 new 3/4 std. 3/4 new 

C
o

lu
m

n
s 

co
n

ta
in

in
g
  

j 
 

u
n

it
s 

(λ
j 

•N
) 

1 1 1 1 1 

2 5399 5399 4049 4049 

3 9720 5400 10800 5400 

4 0 0 0 4050 

6 0 5400 0 2700 

8 0 0 0 0 

10 0 0 0 0 

12 0 0 1350 0 

13 1080 0 0 0 

wr 10 11 14 14 

 

In order to assess the noise immunity of the   

DVB-S2 channel, the dependence of bit error 

probability Pb3 , respectively BER at the output of the 

channel decoder, on the energy per bit to noise power 

density ratio Eb /N0 has been used. The values of CNR 

are calculated by the formula 

(12)       
0

10lg( ) 10lg 10lgb
LDPC BCH

E
CNR m R R

N
    , 

where m is the number of bites per symbol, and RLDPC 

and RBCH are the rates of the channel codes used. 

 
Fig.4. BER characteristics of DVB-S2 channel  

when using 32APSK modulation.  

Fig. 4 shows the dependence of BER at the output 

of the channel decoder on the Eb /N0 ratio for the 

considered channel codes and selected 32APSK 

constellation. During the simulations the standard 

BCH code is used, corresponding to the code rate of 

the LDPC code. The values of the parameter CNR, for 

which the bit error rate is 10−11, are given in Table 2. 

Table 2 
Calculated Values of CNR , provided BER = 10−11 

 32APSK 64APSK 

2/3 std. 12.679 dB 15.425 dB 

2/3 new 11.7155 dB 14.4477 dB 

3/4 std. 13.9047 dB 16.6432 dB 

3/4 new 12.8429 dB 15.4667 dB 

 

The dependencies of the BER at the input of the 

MPEG decoder on the Eb /N0 ratio when using the 

same parameters of the channel codes and selected 

64APSK constellation are shown in Fig. 5. The values 

of the parameter CNR, for which the bit error rate is 

10−11, are given in Table 2. 

 
Fig.5. BER characteristics of a DVB-S2 channel  

when using 64APSK modulation. 

As it is evident in Table 2, by using the optimized 

in [10] and [11] LDPC codes with code rate 2/3 and 

3/4 could be achieved reduction in the CNR ratio, 

required for the QEF reception, by around 1 dB. 

Furthermore, for the optimized LDPC code with a 

code rate 3/4, the value of the CNR is pretty close to 

that of a standard LDPC code with code rate 2/3 

(0.16 dB for 32APSK and 0.04 dB for 64APSK). This 

allows achieving increased capacity of the 

communication channel by 11 Mbit/s (32APSK) and 

13 Mbit/s (64APSK). 

In order to determine whether the examined APSK 

modulation schemes are suitable for satellite TV 

broadcasting, it is necessary to take into account the 

real achievable values of CNR at the input of the 

satellite DVB receiver. They depend on the equivalent 
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isotropic radiated power (EIRP) of the satellite 

transponder, the signal attenuation along the line 

satellite-Earth L, the gain of the receiving antenna GA , 

the noise figure of the low noise convertor NFLNC and 

the equivalent noise bandwidth of the receiver Bn (the 

bandwidth is approximately equal to the channel 

bandwidth Bch). To derive CNR we use the following 

formula: 

(13)    10lg 144A LNCchCNR EIRP L G B NF     . 

Taking into account the values of the 

abovementioned parameters, that is EIRP = 45 -

 65 dBW, L = 205 -  211 dB, NFLNC = 0.1 − 0.7 dB and 

GA = 36 − 38 dB, it is easy to determine that CNR at 

the satellite receiver input varies within the limits 

from 9 to 18 dB. As it is evident in Table 2, the 

received CNR values are smaller than 18 dB, which 

means that for satellite TV broadcasting it is possible 

to use 32APSK and 64APSK modulations. 

Table 3 shows the minimum values of the EIRP, 

required to ensure QEF reception. They refer to the 

case where the diameter of the receiving antenna is 

0.8 m, NFLNC = 0.3 dB and L = 211 dB. If the value of 

EIRP is lower than required, it is necessary to use 

larger antennas and /or devices with lower noise 

coefficient. 

Table 3 
Calculated Values of minimal EIRP , provided BER = 10−11 

 32APSK 64APSK 

2/3 std. 50.403 dBW 53.148 dBW 

2/3 new 49.439 dBW 52.171 dBW 

3/4 std. 51.628 dBW 54.366 dBW 

3/4 new 50.566 dBW 53.190 dBW 
 

Nonlinear Channel Characteristics 

One major problem in satellite communications is 

the nonlinearity of the high power amplifier in the 

satellite transmitter that causes the following 

problems: shifting the symbol points in the 

modulation constellation and intersymbol interference 

(ISI). Significant reduction of the first effect can be 

achieved by introducing a pre-correction of the 

constellation in the transmitter. The occurrence of ISI 

is due to the fact that the HPA is driven by a signal 

with controlled ISI caused by the presence of the 

Square-Root Raised Cosine (SRRC) filter in the 

transmitter, resulting in the formation of a channel 

with memory. The considered effect can be reduced 

by using the pre-equalizer in the modulator and /or the 

equalizer in the demodulator. 

In this publication for study of nonlinear distortion 

in satellite channel Saleh’s model is used, which 

describes the work of nonlinear Travel Wave Tube 

Amplifiers (TWTA) [12]. 

The input signal to the nonlinear channel can be 

written as 

(14) ( ) ( )cos 2 ( )cs t a t f t t     , 

where fc is the carrier frequency, a(t) is the modulated 

amplitude, and φ(t) is the modulated phase. 

The nonlinear channel induce phase and 

amplitude distortions to the transmitted signal, i.e. 

the received signal is 

(15)    ( ) ( ) cos 2 ( ) ( )cr t A a t f t t F a t  
    , 

where A(a(t)) and F(a(t)) determine the Amplitude-

to-Amplitude Modulation (AM/AM) and 

Amplitude-to-Phase Modulation (AM/PM) 

characteristics of the HPA amplifier for a signal 

with instantaneous amplitude a(t). To calculate 

A(a(t)) and F(a(t)) the following equations can be 

used: 

(16)   2

( )
( )

1 ( )
a

a

a t
A a t

a t







, 

(17)  
2

2

( )
( )

1 ( )

f

f

a t
F a t

a t







. 

Several values of the model parameters can be 

found in the literature, deriving from response 

measurements of real amplifiers. Some of them are 

given in Table 4 with the respective sources. 

Table 4 
Sоme parameter sets used for the Saleh model 

Model  αa βa αf βf 

№ 1 2 1 π/3 1 

№ 2 1.9638 0.9945 2.5293 2.8168 

№ 3 2.1587 1.1517 4.0033 9.1040 

 

Fig. 6 shows AM/ AM and AM / PM characteristics 

of the satellite DVB channel, obtained by Saleh's 

model with the parameters given in Table 4. Saleh’s 

equations assume that the output power is normalized 

to the saturation power of the HPA and the input 

power is normalized to the input power which causes 

saturation. 

The figure shows that while the AM/AM 

characteristics are very similar for all models, the 

AM/PM characteristics differ more essentially. The 

research presented in this paper is related to the 

satellite DVB channel, whose characteristics are 

described by the parameters of the first studied model. 
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Fig.6. AM/AM and AM/PM characteristics of 

satellite DVB channel. 

The nonlinearity of the satellite DVB channel is 

responsible for a reduction in the distance among 

APSK rings (AM/AM compression) and a differential 

phase rotation among them (AM/PM differential 

phase). This impairment (the warping effect) can be 

efficiently reduced by using nonlinear compensation 

techniques in the uplink station.  

Data Predistortion 

Two kinds of predistortion techniques can be 

considered for APSK: “static” and “dynamic.”  

The static predistortion technique simply consists 

in modifying the APSK constellation points to 

minimize the centroids distance of the demodulator 

matched-filter samples from the “wanted” reference 

constellation. The static predistortion is able to correct 

for the constellation warping effects but it is not able 

to compensate for the clustering phenomenon. 

The dynamic predistortion algorithm takes into 

account the memory of the channel that is 

conditioning the predistorted modulator constellation, 

not only for the currently transmitted symbol but also 

for the (L – 1)/2 preceding and (L – 1)/2 following 

symbols. 

In this paper simulation results for static pre-

distortion techniques for 32APSK and 64APSK 

modes are represented. The transfer function of the 

used predistorter in this case must be such that the 

APSK constellation at the HPA output is as close as 

possible to the desired one. For Saleh's model, reverse 

transformation is achieved when the following 

condition is fulfilled: 

(18) ( )
2

a

a

a t



 . 

The amplitude and phase characteristics of the data 

predistorter are [13] 
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By known characteristics of the predistorter it is 

easy to determine the parameters of pre-distorted 

32APSK and 64APSK constellations in the 

transmitter. The parameters given in Table 5 refer to 

the case where the satellite transmitter operates at 

input-back-off (IBO), equal to 3 dB. In order to 

evaluate the value of the parameter Peak to Average 

Power Ratio (PAPR) the following expression is used: 

(21)  
2

2

( )

1

N

M

p i

i

M r
PAPR

r






, 

where rN is the radius of the outermost circle of the 

APSK constellation, and rp(i) is the radius of the circle 

on which the i-th signal point is located. 

Table 5 
Parameters of predistorted APSK constellations 

 φ1, φ2, φ3, φ4 γ1, γ2, γ3 PAPR 

32APSK 45.35, 17.94, 12.05 2.9690, 6.5554 1.7246 

64APSK 
45.24, 16.86, 14.43, 

18.47 

2.8059, 4.9498, 

7,8631 
1,7058 

 

The main advantage of this predistortion approach 

lies in its simplicity, as it can be implemented through 

digital signal processing at symbol rate. 

Conclusion 

The carried out simulation studies have shown that 

when using 32APSK and 64APSK modulations in the 

DVB-S2 system it is possible to achieve QEF 

reception which is required in digital television 

broadcasting. These modulations allow to increase 

channel capacity by 25% (32APSK) and 50% 

(64APSK) compared to the case where signals are 

transmitted with 16APSK, but they require higher 

value of EIRP or higher quality receiving equipment. 
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To improve the BER characteristic of the DVB-S2 

channel are important not only the parameters of the 

selected APSK constellation, but also the parameters 

of the channel code. The research shows that using the 

presented optimized LDPC codes can provide a gain 

of about 1.2 dB with respect to the parameter CNR. 

The presented mathematical models for the study 

of the noise immunity and nonlinear distortion in 

DVB-S2 channels and formulas to determine the 

parameters of the pre-distorted APSK constellations in 

the transmitter are used in the development of 

software for the design of systems operating with high 

order APSK modulations. 
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Research of miniaturized hexagonal resonators  

Marin V. Nedelchev, Ilia G. Iliev 

 

Abstract: This paper presents and researches the application of miniaturized hexagonal 

resonators in microstrip bandpass filters in the mobile communication systems. There are investigated 

both basic topologies of miniaturized hexagonal resonators. Closed form formulas for the first 

resonance and spurious resonance frequency are derived, when quasi-static approximation of the 

resonator is assumed. For a practical example is made an electromagnetic simulation to determine the 

dependence of the resonance frequency against the length and the distance between the resonator’s 

coupled lines. There are defined and proved the practical limitations of the application of miniaturized 

hexagonal resonators in microstrip bandpass filters. 

Keywords: miniaturized resonators, coupled resonators, microstrip filters 

Изследване на миниатюризирани шестоъгълни резонатори (Марин B. Неделчев, Илия 

H. Илиев) В работата е предложено и изследвано приложението на миниатюризирани 

шестоъгълни резонатори в микролентови лентопропускащи филтри за мобилни 

комуникационни системи. Изследвани са двете основни топологии на миниатюризирани 

шестоъгълни резонатори. Изведени са формули за резонансната честота и първата 

паразитна честота на резонатора, при квазистатично приближение на микролентовите 

резонатори. За конкретен пример е изследвана симулационно зависимостта на резонансната 

честота от дължината и разстоянието между свързаните линии на резонатора. 

Дефинирани и обосновани са практическите ограничения при използването на 

миниатюризирани шестоъгълни резонатори в микролентови филтри. 

Ключови думи: миниатюризирани резонатори, свързани резонатори, коефициент на 

връзка, микролентови филтри 

 

Introduction 

The research of microstrip filters is of a particular 

interest in recent years with the development of 

microwave monolithic (MMIC), and hybrid integrated 

circuits (MIC), as well as miniaturized micro 

electromechanical systems (MEMS). The main 

problems associated with the use of traditional filters 

[1], [2] in integrated circuits are mainly related to 

miniaturization and the realization of frequencies of 

infinite attenuation in bandstop. In order to reduce the 

size of microstrip resonators, the most commonly used 

approach is to bend the open end arms of the 

resonator. Half-wave resonators can be miniaturized 

by bending at both ends. The result is a hairpin 

resonator with half wavelength. In order to 

compensate for the discontinuities introduced by the 

bends, it is necessary to reduce the length of the 

resonator. Another compensation is associated with 

the optimal bending, in order to increase the 

inductance or capacity reduction in the fold area [2,3]. 

The new topologies of microwave filters are 

developed together with the filter theory, allowing the 

realization of zeros of the transfer function on real 

frequencies. This requires a coupling between non-

adjacent resonators. The more sides of a resonator 

topology exists, the greater is the variety of topologies 

coupled resonators can be realized. However, the 

types of couplings have a different character, and the 

coefficients can be with different signs. The authors of 

[3] presented a hairpin resonator that can be in the 

form of a square in order to realize a filter with a pair 

of symmetric zeros of the transfer function. This 

resonator is with length /2. A further reduction of the 

surface occupied by the microstrip resonators can be 

achieved by forming the resonator in a regular 

hexagon.  

In this paper are derived formulas for the resonant 

frequency and researched the characteristics of 

miniaturized hexagonal microstrip resonators. 

Equivalent schematics are composed of resonators in 
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even and odd mode. Using the equivalent schematics, 

are derived formulas for the input impedances of the 

even and odd mode. There were researched the 

relationships of resonant frequency change to the 

length of the coupled lines and the distance between 

them. 

Topology of miniaturized hexagonal resonators 

Figure 1 shows two topologies of hexagonal 

resonators. The surface of this hexagon is 20.018 , 

and the square resonator 20.0156 .  

 
s 

a 

s 

w 

 

Fig.1. Topologies of hexagonal halfwave microstrip 

resonators. 

The hexagonal half-wave resonators have the 

advantage in ease of setup of the center frequency, 

and increased number of sides that can be realized in 

corresponding coupling. Using the hexagonal 

resonators leads to the construction of microstrip 

filters that have minimum sizes for a specified 

frequency. This is due to the specific shape of the 

resonators. The realization of complex topologies of 

microstrip filters realizing zeros of the transfer 

function at real frequencies, cul-de-sac, box section, 

extended box section [4], with hexagonal resonator 

does not face up to a constructive problem. This 

variety of microstrip filters is close to that of the 

waveguide filters. The reduced dimensions and high 

slope of the characteristics of microstrip filters make 

them applicable in the L and S bands, where the 

modern mobile communication systems are situated.  

Subsequent reduction of the dimensions of the 

microstrip filters is achieved by loading of the main 

transmission line with the coupled lines. Two 

topologies of such hexagonal resonators are shown in 

Figure 2. The difference in the two topologies is the 

position of the coupled lines in the hexagon. 
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(a)                                      (b) 

Fig.2. Topologies of miniaturized hexagonal resonators. 

Both resonators have an axis of symmetry 

designated in Figure 2 by A-A1. In this case the 

analysis of the resonator may be considered as a 

superposition of two modes - even and odd. Even 

mode plane of symmetry is a magnetic wall, which is 

open-ended. The equivalent schematic for even mode 

is shown in Fig. 3a. 
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 Z1, θ1 

C1 
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A A1 

Zodd 

    

(b) 

Fig.3. Equivalent schematics of miniaturized hexagonal 

resonator (a) even mode, (b) odd mode.  

The coupled lines can be represented by their 

equivalent capacities for even and odd mode. It should 

be clarified that the replacement schemes are valid for 

quasi-static approximation. However, this does not 

limit their application in practical circuits. 

The input impedance of the circuit at the even-

mode can be determined from the impedance 

transformation: 
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The even resonances of the hexagonal miniaturized 

resonator, including a first spurious one can be found 

when the denominator of 
evenZ is equal to zero. 

Resonance condition takes the form: 

(2) 
1

1 1

1
cot g

Z C
        

The odd resonances of the resonator including the 

main one are obtained by equating the numerator of 

oddZ  to zero, where: 
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.    

Equations for the capacitances 1C  and 12C  are 

presented in the references [1], [2], [7]. 

In [5], [6] is derived a closed form formula for the 

input admittance of the resonator and the admittance 

slope:  

(5)
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 22 cot cos sin cote o p s c e o s pC Z Z g Z Z Z g      ,  

where 

Ze and Zo  are even and odd mode impedances of 

the coupled lines,  

 p  is the electrical length of the coupled 

lines,  

 s  is the electrical length of the main 

transmission line of the resonator, 

 cZ  is the characteristic impedance of the 

transmission line.  

The dependence of the resonance frequency to the 

resonator length of the coupled lines is shown on 

Figure 4. It can be seen quasi-linear dependence of the 

resonant frequency of the length of the lines. This 

helps for easy setup of the resonators. 

In order to confirm the theoretical formulas, 

simulation studies are performed using the software 

Ansoft Designer. 

The geometrical parameters of the resonators from 

Fig.2a are as follows-arm length 13l mm , width of 

the main line 2.8w mm , width of the coupled lines 

1 3.1w mm .  

 
Fig.4. Dependence of the resonant frequency to the length 

of the coupled lines. 
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It is examined the relationship of the first resonant 

frequency to the length of the coupled lines p and a 

preset value of the gap between them 0.3s mm . The 

results are shown graphically in Figure 5.  

 
Fig.5. Relationship between the resonance frequency to the 

length of the coupled lines p. 

The performed simulation studies show the quasi-

linear dependence of the resonant frequency to the 

length of the coupled lines. With the increase of the 

length of the coupled lines, it increases linearly and 

the load capacity of the main transmission line. This 

reduces the main resonance frequency of the 

miniaturized hexagonal resonator. The length of the 

coupled lines cannot be greater than 3p  in order to 

collect inside the resonator. In practice, however, the 

length of the coupled lines is not greater than 3 2p , 

because they must be sufficiently distant from the 

main transmission line, which avoids additional 

parasitic couplings. 

It is performed a simulation study of the 

dependence of the main resonance frequency of the 

distance between connecting lines in different fixed 

lengths. The results are presented graphically in 

Figure 6. 

 
(а) 

 

 (b) 

Fig.6 Dependence of the resonant frequency of 

miniaturized hexagonal resonator to the gap between the 

coupled lines for (а) p=5mm and (b) p=9mm. 

From the study, it is clear that the increase in the 

gap between the coupled lines increases the resonant 

frequency. This increase is not with linear manner. It 

was amended in inverse law as derived in Eq.(4). The 

increase in the distance between both coupled lines 

reduces the total electromagnetic field, the 

relationship between them, and thus the capacity 12C , 

consequently the increasing of the resonant frequency 

of the resonator. The minimum gap, which can be 

realized and ensure a standard lithographic technique 

is 0.2mm . This is the lower limit of the studied range 

of distance s . The choice of a suitable gap is related to 

conflicting requirements and largely depends on the 

compromise that can be made. From the presented 

graphs can be seen that for small gaps, the rate of 

increase in the resonant frequency is very high. For 

small gaps technological tolerances are large and their 

relative weight is essential. This will result in large 

relative changes of the resonant frequency. At the 

same time a choice of great value of the gap will lead 

to large losses of radiation in the resonator. This 

determines the larger insertion loss of filters made of 

this type resonator. For large values of s , it reduces 

the coupling between the two coupled lines. Hence the 

total capacity of the coupled lines and increases the 

resonant frequency. Subsequent increase in the 

distance between the coupled lines will not result in an 

increase in the resonant frequency as mutual capacity 

decreases exponentially with the distance law. After a 

certain distance virtually no connection between the 

connected lines. 
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Conclusion 

The paper proposes a miniaturized hexagonal 

resonator in microstrip implementation. There are 

studied the application in microstrip resonator filters. 

Equivalent schematics for even and odd mode of the 

miniaturized resonator are proposed. There are 

derived formulas for the resonant frequency and the 

first spurious frequency of the resonator in the quasi-

static approximation of microstrip resonators. There 

are researched the dependence of the resonant 

frequency to the length of the coupled lines. From the 

results can be seen quasi-linear relationship that 

facilitates the adjustment of the resonator. For a 

particular case, a simulation was investigated, the 

dependence of the resonant frequency of the length 

and the distance between the connected lines of the 

resonator. There are defined and justified the practical 

limitations on the use of miniaturized hexagonal 

cavities in microstrip filters. 
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РЕЗЮМЕ 

на резултатите от извършените научни изследвания 

по договор ДДВУ 02-74/2010 на тема 

„Нови технологии за подобряване на качеството на мултимедийна информация,  

предоставяна чрез кабелни радиокомуникационни системи” 

Фонд „Научни изследвания” 

В този проект са представени няколко нови архитектурни решения за подобряване на характеристи-
ките на кабелните радиокомуникационни системи (КРКС). Те са базирани на приложението на технологии-
те DWDM, frequency stacking, PON, FTTH и с тях се цели да се увеличи каналният капацитет, да се намали 
асиметрията на правия и обратния канали и да се подобри качеството на обслужване. За всяка от предло-
жените архитектури са дадени критерии за избор на окомплектоващите ги устройства (лазерни предавате-
ли, DWDM мултиплексори, оптични усилватели и др.) 

Предложен е математически модел на обратния канал на хибридна влакнесто оптична/коаксиална 
мултимедийна система, отчитащ влиянието на фунийния ефект. Този модел позволява да се оптимизира 
топологията на коаксиалната част на мрежата и броят на оптичните възли, чиито сигнали се сумират във 
входа на приемника в главната станция. Дадени са експериментални и аналитични зависимости, които поз-
воляват по зададен коефициент на двоична грешка в изхода на приемника и допустими изкривявания на 
сигналите в лазера за обратния канал да се определи динамичния обхват на подадения на входа му RF мо-
дулиращ сигнал. Описани са алгоритъм и метод за балансиране на обратния канал. 

Представени са резултати от симулационни и експериментални изследвания на характеристиките 
на оптични усилватели тип EDFA. Обекти на изследването са зависимостите на усилването, шумовата мощ-
ност от ASE и коефициентът на шум от дължината на легираното влакно, активиращата мощност и нивото 
на входния сигнал на EDFA с право напомпване. Определени са оптималните дължини на легираното влак-
но, на напомпващите мощности и динамичния обхват на входните сигнали, при които се изпълняват еднов-
ременно изискванията за максимално усилване и минимален коефициент на шум. Дадени са зависимости 
за определяне на стойностите на параметрите на усилвателя, при които се постига максимална равномер-
ност на спектралната характеристика на усилване. 

Предложен е математически модел на оптичния канал, който позволява по зададено отношение 
носещо трептение /шум и брой на пренасяните RF канали да се определи минимално допустимото ниво на 
сигнала на входа на оптичния приемник. Дадени са изрази за определяне на нивото на RF модулиращия 
сигнал на входа на лазерния предавател и на оптичния модулационен индекс с отчитане на допустимите 
нелинейни изкривявания на сигналите в оптичния канал. Изведени са формули за определяне на оптимал-
ните параметри на оптичния канал, които са използвани в софтуерни продукти за проектиране на КРКС. 

Разработени са концепции за изграждане на VoD система, реализирана върху кабелна телевизионна 
мрежа, позволяващи разрастване на системата както по отношение на броя обслужвани абонати, така и по 
отношение на броя поддържани филми. Предложени са алгоритми за ефективно разпределяне на филмо-
вото съдържание, осигуряващ надеждна работа на системата. Дадени са резултати от проведени статисти-
чески изследвания с цел определяне на законите на разпределение на продължителността на филмите, 
техния файлов размер и спадът в популярността на предлаганите сериали. Предложен е метод за проекти-
ране на КРКС, поддържаща услугата VoD, включващ избор на архитектура, на алгоритъм за разпределяне 
на филмовото съдържание и на маршрутизиращ протокол, определящ пътя на избрания видеопоток от 
сървъра до абоната. 

Представени са три архитектурни варианта на софтуерна главна станция, които използват различни 
технологии за разделяне на възходящите цифрови потоци – модулна, паралелна и FFT-базирана. Разрабо-
тен е блок за обработка на спътниковите и наземни телевизионни сигнали в главната станция на КРКС и са 
дадени критерии за избор на изграждащите го модули (сигнални процесори, цифрови приемници, ремул-
типлексори, скрамблери, DVB-C модулатори, повишаващи конвертори и др.). Предложени са подходящи 
схемни решения за реализиране на някои от основните модули на блока. 
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SUMMARY 

of the research results, obtained under contract DDVU 02-74/2010 

“New technologies for quality improvement of multimedia information, 

supplied via cable radiocommunication systems” 

National Science Fund 

In this project several new architectural solutions to improve the cable radio communication system 
(CRCS) performance are presented. They are based on the application of the technologies DWDM, frequency 
stacking, PON, FTTH with the aim of increasing the bandwidth efficiency of both the downstream and up-
stream paths, decreasing the asymmetry existing between them and improving the quality of service. Crite-
ria to choose the appropriate components (such as laser transmitters, DWDM multiplexers, optic amplifiers 
etc.) are given for each of the suggested architectures. 

А mathematical model of the reverse path channel of hybrid fiber-coaxial CRCS is suggested with the 
funnel effect being taken into consideration. The model makes it possible to optimize the topology of the 
coaxial distribution network and the number of optical nodes whose signals are summarized at the receiver 
input in the head-end. Experimental and analytical dependences are given that enable the engineer to de-
termine the RF signal dynamic range at the modulation input of the reverse path lasers if both the bit error 
ratio at the receiver output and the acceptable laser clipping are given. An algorithm and method to set and 
maintain the balance of the reverse path are described. 

Тhe results of simulation and experimental studies of erbium-doped fiber amplifier (EDFA) character-
istics are presented. The gain, ASE power and noise figure variations of a forward pumped EDFA as functions 
of fiber length, injected pump power and signal input level are investigated. The optimal length of erbium-
doped fiber, the pump power and the signal input power dynamic range that meet the requirements for 
maximum gain and minimum noise figure are determined. Dependences are given to determine the amplifi-
er parameters’ values at which maximum flatness of the gain spectrum curve is obtained.   

A mathematical model of the optical channel is suggested that makes it possible for the signal mini-
mum level at the optical receiver input to be calculated if the value of carrier-to-noise ratio and the number 
of RF channels transmitted are known. Analytical expressions to determine the RF signal level in the input of 
laser transmitter and optimal optical modulation depth are given that take into consideration the acceptable 
nonlinear distortion in the optical channel. Formulae to calculate the optimal parameters of the optical 
channel are developed which are incorporated into software products for the design of CRCS. 

Concepts for realizing a VoD system over cable television networks are developed that allow increase 
the number of both the subscribers and the movies supported. Algorithms for the effective movie content 
distribution are suggested that makes the system reliable. Statistical investigations have been carried out to 
determine the distribution laws of the movies content duration, the file size and the drop in popularity of the 
series offered. A method for the design of CRCS supporting the VoD service is suggested. It refers to the 
choice of: architecture, movie content distribution algorithm, routing protocol to determine the path of the 
chosen video stream from the server to the subscriber. 

Three architectural variants of software headend are presented that use different techniques to sep-
arate the upstream channels – modular, parallel and FFT-based. A block for processing of satellite and terres-
trial television signals, received at the headend of CRCS is developed and criteria for selection of its modules 
(such as signal processors, digital receivers, remultiplexers, scramblers, DVB-C modulators, up-converters, 
etc.) are given. Appropriate schemes to implement some of the basic modules, building the block for broad-
cast signal processing, are suggested. 
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