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Abstract  

  
Six (06) Watt Solid State Power Amplifier (SSPA) has been designed and developed with 
over all gain of 60 dB and gain flatness of ±0.7 dB at standard C-band (3.7 to 4.2GHz). 
Radial stubs have been inserted in Short Circuited Shunt Stub (SCSS) to solve problem of 
impedance pulling faced in using Internally Matched Transistors (IMTs). P1dB Compression 
Point, Gain Flatness over entire bandwidth and Intermodulation Products (IMs) of the SSPA 
have been tested and measured. Test results and the integration of the indigenously 
designed and developed SSPA are presented in this paper.  
 
Index Terms 

 
Solid State Power Amplifier (SSPA), C-band, Gain Flatness, P1dB Compression Point, 
Inter-modulation Products (IMs). 

 

I. INTRODUCTION 
 
Primary technology for High Power Amplifiers (HPA) of a Communication Satellite has been 
Traveling Wave Tubes Amplifiers (TWTA). However, for low power applications SSPAs are 
used due to its linearity, reliability and longer life. 
 
To meet the need for a cost effective HPA, an indigenous SSPA has been designed and 
developed for the C-band transponder of a geostationary satellite. The targeted figures of 
merit of the SSPA are as follows, 
 
P1dB Compression Point: +37.7 dBm, Gain Flatness over the 500 MHz bandwidth: ±0.7 dB 
and Intermodulation Products (IMPs): -14 dB dBc or better. 

 

Design and Development  
 
The SSPA comprises of Pre-Amplifier, Driver Amplifier and Power Amplifier. The Pre-
Amplifier is a two stage broadband cascaded amplifier with overall gain of 25 dB. The Driver 
Amplifier is a three stage GaAs MESFET based amplifier with gain of 25dB. The Power 
Amplifier is implemented using an IMT with a power gain of 10 dB and out put P1dB of 
+37.7dBm.  
The method for providing bias to RF amplifiers is through quarter wave SCSS, in which 
short circuit (ac ground) is provided by a capacitor. The requirement for possibly several 
amperes of supply current will typically necessitate the use of a moderate, rather than very 
high, characteristic impedance for the stub. A 50-Ω, λ/4 SCSS may pull the 50-Ω 
impedance significantly. Normally in bias insertion network, the “short” is realized using a 
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suitable bypass capacitor. However, it is important to recognize that even small parasitic 
capacitance associated with the nominal capacitance value can seriously mistune the 
SCSS resonance.  An innovative technique involving the use of radial stubs has been 
inserted in SCSS to solve impedance pulling.  Snap shot of the implemented SCSS with 
radial stubs is shown in Fig-1 below.  
 

                                                       

 
   

Fig.1: Radial stub inserted in SCSS 
 
 

The SSPA is integrated in Aluminum housing with heat sinks mounted on one side to 
radiate the power dissipated. Each stage in the Driver and Power Amplifier is biased using 
active biasing circuits. The SSPA consumes 1.75 ampere at 12 volts and its efficiency is 
28%. The integrated SSPA is shown in fig-2 below, 

 

                               

 
 

                                                    Fig.2: Internal view of the integrated SSPA.  
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II. TEST AND MEASUREMENTS 
  
To test and measure P1dB Compression Point, Gain Flatness and IMs a Spectrum 
Analyzer, an RF Signal Generator(s), an RF Power Attenuator and a 3 dB hybrid have been 
used. The test setup is shown in Fig-3 below: 

 
                                                        

 
                                                    

Fig 3: Test set up 
 
  

A. P1dB Compression Point 
   

The 1 dB Compression Point specifies the output power of an amplifier at which the gain 
drops by 1 dB.  The Pout-1dB of the SSPA was measured using a Spectrum Analyzer and 
a Signal Generator.  
The results are plotted in a graph given in Fig.4 below. 
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Fig.4: Output vs. Input Transfer Characteristics 

 
 
The P1dB point of the SSPA has been measured 37.7 dBm.  
    

B. Gain Flatness 
 
Gain flatness of the SSPA has been measured using a Spectrum Analyzer and a Signal 
Generator. It is 
 ±0.7 dB over entire bandwidth of 500 MHz. The gain plot is given in Fig. 5 below  
 
 
 

 
                 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 

Fig.5: Gain plot over 500MHz BW 
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C.    Intermodulation Products  

To test and measure in band intermodulation products i.e. 2f1-f2 and 2f2-f1 two tone 
stimulus technique has been used. For the worst case conditions the two tones selected 
were selected as 4.180GHz and 4.181GHz.  The result, as print out of the Spectrum 
Analyzer, is given in Fig-6 below. 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig 6: Intermodulation Products for two tone (I MHz away) 
 
 
The in band intermodulation products are -14 dBc.  
 
Conclusion 
A Low Power SSPA for communication satellite applications has been successfully 
designed and implemented; its performance meets the given specifications, especially in 
terms of the gain flatness, which has been achieved using a novel technique. 
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ABSTRACT 
 
Speech is one of the most complex signals to be handled in the design of communication 
system. Digitizing speech at reduced rate in order to make efficient use of transmission 
bandwidth is called speech compression. Satellite communication requires optimum 
bandwidth utilization with minimum loss, delay and good quality, for speech transmission. 
In this paper, we analyze the techniques that can be employed in satellite communication 
in terms of efficient bandwidth, quality, robustness, bit rate, redundancy, complexity, 
processing time, delays and noise/error. MOS (Mean Optimum Score) and some other 
quality measure testing methods have been used to compare various speech 
compressions and coding techniques. INMARSAT (International Maritime Satellite 
Cooperation), ITU (International Telecommunication Union), FS (Federal Standard) and 
some other standards of speech compression have been followed. 
 
I. INTRODUCTION 
 
Speech processing is the study of speech signals and the processing methods of these 
signals. Speech processing can be divided into speech analysis, speech recognition (e.g. 
text to speech), speech coding and compression [1]. Speech coding (compression) is the 
act of transforming the speech signal at hand, to a more compact form, which can then be 
transmitted with a considerably smaller memory. Uncompressed digital audio signals 
require large amount of bandwidth for transmition across any channel. Several techniques 
for real-time compression/decompression of audio signals in software or inexpensive 
hardware have been devised. Algorithms are now available which can produce 
communication quality speech at data rates as low as 2.4 kbits/s [2].These advances 
combined with current DSP hardware technology have made it possible to utilize speech 
coding in satellite communication applications.  
 
There are some conditions in which providing radio coverage with cellular-like terrestrial 
wireless networks is not economically viable. In these cases, mobile satellite systems 
could lend a hand, allowing complete global coverage [3]. Right now, about 180 
commercial GEO satellites are gyrating in a band around the earth. They give out many 
services, including TV distribution to terrestrial broadcasting stations and cable heads, 
direct-to-home TV, the relay of private network, maritime and land mobile 
telecommunications [4]. 
 
In this paper, different speech compression standards commonly used in Satellite 
communication are discussed with reference to their efficiency and application. And it is 
explained why IMBE and AMBE voice coders are widely used in the satellite 
communication. 
 
II. SPEECH CODERS 
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Digital data is usually described using the following three parameters: sampling rate, bits 
per sample, and number of channels. The sampling rate is the number of samples per 
second. Bits per sample are the number of bits used to represent each sample value (Bit 
rate is the product of sampling frequency and no. of bits per sample). Number of channels 
is one for mono, two for stereo. Fig 2 refers to the main steps in a speech coder. In order 
to digitize speech, a typical linear PCM (Pulse Code Modulation) system uses a sampling 
rate of 8 kHz and a resolution of 16 bits/sample. This means that digitized speech has a 
bit rate of 128 kbits/s, obviously this bit rate is too large for speech transmission over 
certain channels (like satellite). Speech coders aim at reducing this bit rate, while 
introducing as little perceptual distortion as possible into the speech signal. Speech 
coders utilize the properties of human speech production and perception systems to 
achieve the bit rate reduction. 
 
 

 
Fig 1: Main steps in a speech coder [5] 

 
1. Types of speech coders  
 
Speech coders are classified into two categories based on how they accomplish signal 
compression. 
 
a. Waveform Coders (Pulse Code Modulation Based) 
 
Waveform coders typically use time domain or frequency domain coding and attempt to 
accurately reproduce the original signal. A waveform coder reproduces the time waveform 
of the speech signal as closely as possible. Waveform coders code all signals equally 
well (speech and non-speech), since they do not tailor their coding techniques to unique 
characteristics of the signal. They are robust for all speech signal characteristics and 
have high immunity to noise, high quality and in addition tend to have minimal complexity. 
e.g. PCM (Pulse Code Modulation), Log PCM (mu -Law, A-Law PCM), ADPCM (Adaptive 
Differential PCM), SB-ADPCM (Split Band ADPCM), APC (Adaptive Predictive Coding), 
VQL (Variable Quantizing Level) etc 
 
b. Source / parametric coders - Vocoders (Linear Predictive Coding based) 
 
Vocoders are much more efficient users of available bandwidth than waveform coders, 
but tend to be more complex, with longer encoding and decoding delays, and lower 
speech quality. Vocoder typically process speech using 10-40 ms segments or frames. 
e.g. IMBE (Improved Multi Band Excitation), AMBE (Advanced Multi Band Excitation), 
LPC (Linear Predictive Coding), RELP (Residual Excited Linear Prediction) etc. Vocoders 
use a parametric model to approximate short (10-40 ms) segments of speech. For each 
segment a set of model parameters are estimated and converted into a bit stream. The 
decoder converts this bit stream back into model parameters and then uses these 
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parameters to synthesize a speech signal that is perceptually close to the original. The 
use of a parametric model allows Vocoders to operate at lower data rates (under 8 kbps) 
than waveform coders; however they require an accurate speech model to obtain good 
performance 
                   
c. Hybrid coders  
 
A hybrid coder sends a number of parameters as well as a certain amount of waveform-
coded information. This type of voice coder, which provides a reasonable compromise 
between voice quality and coding efficiency, is used in today's digital mobile telephone 
systems. e.g. CELP (Code Excited Linear Prediction), VSELP etc. This approach borrows 
several concepts from Vocoders in that an all-pole model is used to approximate the 
speech spectrum and a long-term predictor is used to represent the pitch (i.e. local 
periodicity) of the speech signal. However in a CELP coder an error signal or residual is 
computed to compensate for the shortcomings of the linear predictive model. This 
residual is quantized using vector Quantization that typically requires a search for the best 
vector from a large codebook of candidates. While this approach has made headway, 
yielding good algorithms at 8 kbps, the performance generally degrades rapidly at lower 
rates. In addition the vector search employed in CELP coders (and its many variants) has 
significantly increased the complexity of these algorithms to as high as 20-50 MIPS [6]. 
 
 

          
 

 
                 Fig 2: Comparison of speech coder types in 

general 
  
2. Speech Coding Standards 

 
a. ITU speech coding standards 

ITU used the Following main speech coding standards, G.729 can be employed in Satellite 
communication. 

Table 1: ITU Telecommunication Standardization Sector (ITU-T) [7] 

 

Codec Description Bit Rate 
(kbps) 

MOS* Complexity 

G.711 Pulse Code Modulation (PCM) 64 >4 - 
G.722 Sub-Band Adaptive Differential Pulse 

Code Modulation (SB-ADPCM) 
64-48 3.8 Low 

G.723.1 Dual rate speech codec for multimedia 
applications (MP-MLQ/ACELP) 

6.4-5.3 3.9 High 
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G.726 Adaptive Differential Pulse Code 
Modulation (ADPCM) 

32 3.8 Low 

G.728 Low Delay CELP (LD-CELP) G.727H: 
Variable-Rate LD-CELP 

16 4 Low 

G.729 
(A/B) 

Conjugate Structure Algebraic CELP (CS-
ACELP) G.729A: Reduced complexity 
algorithm; G.729B: Discontinuous 
Transmission (DTX) 

8 4 Medium 

GSM FR 
(GSM 
6.10) 

Full Rate (FR) speech codec (RPE-LTP: 
Regular Pulse Excitation - Long Term 
Prediction) 

13 3.4 Low 

GSM HR 
(GSM 
6.20) 

Half Rate (HR) speech codec (VSELP: 
Vector Sum Excited Linear Prediction) 

5.6 3.5 High 

GSM EFR 
(GSM 6.6) 

Enhanced Full Rate (EFR) speech codec 
(ACELP: Algebraic CELP) 

12.2 >=4 High 

GSM AMR 
(GSM 6.7) 

ETSI Adaptive Multi-Rate (AMR) speech 
codec 

4.8-12.2 >4 High 

 
 
b. DoD Speech Coding Standards 
 
Main DoD standards are shown below (CELP and MELP can be employed in satellite)  
 
           Table 2: Following are the speech compression standards used by DoD speech 
coding standards [8] 
 
Speech coder Bit rate 

(Kbps) 
VAD Noise 

Reduction 
Delay 
(Ms) 

Quality Year 

FS-1015 
(LPC10e) 

 
2.4 

 
No 

 
No 

 
112.5 

 
Intelligible 

 
1984 

FS-1016 
(CELP) 

 
4.8 

 
No 

 
No 

 
37.5 

 
Comm. 

 
1991 

DoD 2.4 
(MELP) 

 
2.4 

 
No 

 
No 

 
45.5 

 
Comm. 

 
1997 

STANAG (NATO) 
2.4/1.2(MELP) 

 
2.4/1.2 

 
No 

 
Yes 

 
>67.5 

 
Comm. 

 
2001 

 

      c. Standards by INMARSAT 
  Table 3: *INMARSAT SPEECH CODING STANDARD [8] 

 

Speech 
coder 

Bit rate 
(Kbps) 

VAD** Noise 
Reduction 

Delay 
(Ms) 

Quality Year 

IMBE 4.15 No No 78.75 Communication 1991 
AMBE 3.6 No No - - - 

 

Inmarsat is an international telecommunications company founded in 1979, originally as an 
intergovernmental organization. It operates a fleet of eleven geosynchronous telecomm Satellites. 

**Voice Activity Detection   

 

3.  Comparison of Efficient bandwidth speech coding standards 

 
Table 4: Presents the Comparison between coding standards, currently employed in 
industry [8] 
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Standard Year Algorithm~ Bit Rate 
(kbps) 

MOS Complexity Delay $ BW 
KH 

G.728 1994 LD-CELP 16 4 Unavailable 0.625 3.4 
G.729 1995 CS-ACELP 8 4 Unavailable 15 - 
GSM FR 1989 RPE-LTP 13 3.7 2.5 Mips* 20 - 
GSM EFR 1995 ACELP 12.2 4 15.4 WMops+ 20 - 
GSM/2 1994 VSELP 5.6 3.5 17.5 Mips 24.375 - 
IS54 1989 VSELP 7.95 3.6 22 WMops 20 - 
IS96 1993 Q-CELP 0.8/2/4/8.5 3.5  Unavailable 20 - 
JDC 1990 VSELP 6.7 Comm. 8.0 Mops 20 - 
JDC/2 1993 PSI-CELP 3.45 Comm. 18.7 Mops 40 - 
Inmarsat-M 1991 IMBE 4.15 3.4 6.9 Mips 78.75 - 
Inmarsat Mini-M 1995 AMBE 3.6  13Mips  - 
FS1015 1984 LPC-10 2.4 Synthetic  112.5 - 
FS1016 1991 CELP 4.8 3 22 Mops 37.5 - 
New FS 2.4 1997 MELP 2.4 3 Unavailable 45.5 - 

 
*Million Instructions Per Second   +Weighted Millions of Operations Per Second 

      $ Codec Algorithmic Delay (ms)  ~ Codec Type used for speech compression 
 

III. Evaluation of Speech and Audio Coders 
 
The most efficient coders have acceptable quality levels and have data rates between 2 
and 8 Kbit/s. The operator must engineer the proper balance between cost, quality and 
available resources to provide the optimum solution to the customer. Cole, et.al [9] 
Suggest that the most important quality measures are voice quality, data rate, 
communication delay and coding algorithm complexity. All of these can easily be 
measured and analyzed, but voice quality is difficult to measure. Selecting the best 
speech coder for a given application may involve extensive testing under conditions 
representative of the target application. Keeping in view the fundamental idea that speech 
coders with lower bit-rates are accompanied by worse quality, Speech quality can be 
measured both subjectively and objectively. Subjective measurements are obtained from 
listening tests, whereas objective measurements are computed directly from the coded 
speech parameters. Objective measures include SNR and SSNR (Segmented SNR). 
 
The SNR performance is calculated as follows: 

 
Where Sorg is the original uncoded signal and Scoded is the signal that has been coded 
and decoded by a particular speech coder, but SNR and SSNR are meaningful for 
parametric coders that have low bit-rates and do not preserve the waveform. Therefore, 
subjective measures are employed, that include Absolute Category Rating (ACR), 
Degradation Category Rating (DCR) also called Degraded MOS and Comparison 
Category Rating (CCR). Mean Opinion Score (MOS) is the outcome of ACR. The United 
States Department of Defense (DoD) Digital Voice Processor Consortium (DDVPC) used 
the DRT (Dynamic Rhyme Test) and MOS to evaluate coders based on test methods 
used in The industry. MOS is obtained by averaging test results rated by a group of 
listeners who are asked to quantify their impressions on a five point-scale. The PESQ 
(Perceptual Evaluation of Speech Quality) has been standardized by the ITU-T as P.862 
(in this standard, various alignments and perceptual measurements are used to match the 
objective results to fairly accurate subjective methods) and can be used to generate MOS 
values (for both narrowband and wideband score) [10]. MOS is speech acceptability 
(quality) Measures [11]. 
 
Table 5: Shows MOS and DMOS Quality Rating [12] 
 

core Subjective Opinion (MOS) Subjective 
Opinion 

Quality (MOS) 
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(DMOS) 
5 Excellent quality, no noticeable 

impairments 
Inaudible Transparent 

4 Good quality, only very slight 
impairments 

Audible Toll 

3 Fair quality, noticeable but 
acceptable impairments 

Slightly 
Annoying 

Comm. 

2 Poor quality, strong impairments Annoying Synthetic 
1 Bad quality, highly degraded 

speech 
Very Annoying Bad 

 
Why AMBE and IMBE are suitable in Satellite Communication 

 

 
 
   Fig 3:  Speech quality vs. Bit rate for major speech coding 
techniques (narrowband 300-3400 Hz) [13] 
 
 
The MBE (Multi-Band Excitation) coder is unique in that it operates in the frequency 
domain where it divides each segment of speech into distinct frequency bands, makes a 
voice/unvoiced (V/UV) decision for each frequency band in the same frame and is very 
robust in dealing with acoustic background noise and bit errors [14]. The V/UV decisions 
are made based on the closeness of the fit between the original and the synthetic 
spectrum in each frequency band. The MBE speech coder parameters, which need to be 
estimated for each frame, are pitch period, the V/UV decisions and harmonics amplitude. 
Bit allocation per frame is 
 
• 8 bits are required for the accurate Quantization of the pitch information 
• B bits for the V/UV decisions, where B=number of V/UV bands (<12) 
• Q bits for the magnitude quantization 

 
In order to evaluate the best voice coder for this application Inmarsat in conjunction with 
Comsat Laboratories performed an MOS test on six 4800 bps voice coders under a 
variety of conditions. [15][16] AMBE vocoders has outperformed the full-rate (8 kbps) IS-
54 VSELP (Vector Sum Excited Linear Prediction) vocoders by delivering better overall 
voice quality than the VSELP coder which was operating at over twice the data-rate. In 
these selection criteria, a gross bit rate of 4800 bps was specified in order to provide 
efficient global service via notebook sized mobile terminals. Cost effective implementation 
favored an algorithm, which could be implemented full duplex in a single DSP using less 
than 20 MIPS. The voice quality was targeted to match then current cellular quality across 
various noise conditions. In addition the mobile satellite environment required tolerance to 
channels with a 1% to 4% bit error rate (BER). AMBE vocoder’s reasonable 13 MIP 
complexity led Inmarsat to select the AMBE Vocoders for the Mini-M system [17].  
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.
 Fig 4:    Shows Advantage of AMBE over other coders in terms of bit 

rate and Quality *DMOS (Degradation MOS), under different 
noise conditions 

 
The inherent problem with linear prediction model based speech coders is that they do 
not provide high quality speech (or robustness to background noise) without the addition 
of a prediction residual. This prediction residual may be viewed as an error signal that 
corrects for inaccuracies in the linear prediction model[18].IMBE and AMBE Compression 
techniques eliminate fixed data rate and codebook problems since they are not based 
upon linear prediction. Instead, they use the advanced Multi-Band Excitation speech 
model to produce superior quality speech without the need for a residual signal. As a 
result, these Vocoders are less complex and require fewer computations than CELP, 
VSELP, RELP and LPC-10. The IMBE Vocoders operate at 4.15KB/s (with FEC total bit 
rate would be 6.4 KB/s) .Frame size for IMBE is 20 ms providing 128 bits per frame (for 
source and channel coding).Out of 128 bits, 45 are (2.25 KB/s) reserved for the error 
correction, and 83(4.15 KB/s) are reserved for the various speech parameters. 
 
IMBE and AMBE speech coders have been selected as the standard for many types of 
international mobile communications, including satellite communications, commercial 
aircraft telephony and digital mobile radio. The AMBE vocoder operating at 2 kbps 
achieves quality comparable to the original GSM (Global System for Mobile comm.) 
cellular waveform coder operating at 13 kbps, a factor of 6.5 times higher. It was selected 
as a voice-coding standard by INMARSAT-M satellite communication, AUSSAT 
(Australian Satellite group), OPTUS (a global mobile satellite-based service) and many 
others [19]. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

    Fig 5:  Graph showing advantage of IMBE Vocoders 
     over Other Bandwidth Efficient in terms of  MOS (Channel 
    condition evaluation) [20] 
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   Fig 6: AMBE vs. Coders (which have twice the data  
    rate as compared to AMBE) in terms of Quality [21] 

 
 
IV. CONCLUSION 
 
A voice coding has essential role in the current expansion of satellite communications 
products and services. Numerous types of voice coders exist with the two principal 
divisions being waveform coder and parametric coders. Waveform coders operating at 
higher rates offer relatively simple solutions with good performance, while at low rates 
advanced model based systems such as AMBE, IMBE vocoder provide high quality and 
reasonable complexity. Selecting the best voice coder is very application dependent 
however a comprehensive evaluation considering complexity, voice quality and 
robustness is normally the route to the best solution. The superior performance of the 
AMBE and IMBE low-bit rate speech compression technology have resulted in their 
selection for use in the most existing land mobile GEO systems, such as OPTUS, as well 
as LEO (IRIDIUM), MEO (IC0), and GEO (AceS) mobile satellite systems. 
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Abstract  

In this paper the effects of interference of Non-GSO satellite with GSO satellite 
services is calculated. As these effects are calculated in frequencies up to 30 
GHz, the interference with the assumption of given GSO satellite parameters 
(such as BER, C/N) is determined considering rain fade. For calculation of C/I 
in this paper, we first introduce various methodologies which are used to 
calculate maximum allowable level of interference. Then using these 
methodologies, PFD is calculated. Finally, a computer program is developed 
using one of these methodologies and comparison is made with an ITU 
(International Telecommunication Union) model which shows good agreement.  
 
 
Key Words: Fading, Interference, Degradation, Probability Function, 
Carrier/Noise, PFD, Cumulative Distribution Function (CDF) 
 
 
1- Introduction  
 
In this section, we consider special methodologies for obtaining the maximum 
allowable interference levels for a satellite network (Non-GSO1/FSS2, 
GSO/FSS, Non-GSO/MSS feeder link) due to other networks operating in the 
similar bands, at frequency below 30 GHz. In this methodology, in order to 
protect GSO-BSS3, GSO-FSS networks from the interference due to Non-
GSO-FSS, we shall study and evaluate EPFD4. Therefore, performance of 
GSO carrier wave is defined by the performance requirements (C/N5 or BER6 
for a specific percentage of time). These requirements for some points in the 
GSO operating system, determine the percentage of time the designed link can 
withstand the C/N, which is lower than the operational C/N. (Figure 1) 

                                                 
1 Geostationary Orbit (GSO) 
2 Fixed Satellite Service (FSS) 
3 Base Station Service (BSS) 
4The Equivalent Power Flow Density (EPFD) 
5 Carrier/Noise (C/N) 
6 Bit Error Rate (BER) 
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Figure 1 

 
All requirements of carrier waves for the operational GSO which are produced 
by the Non-GSO are found. In fact this GSO performance criterion produces 
the link margin. Although this looks simple, its execution is practically non-real. 
This is because the knowledge of performance criterion for finding the real 
levels of time variations of the degradation due to Non-GSO satellite 
interference, the time variation of the degradation due to rain fade, solar effect 
and so on, is random. Therefore, in order to simplify the mathematical solution 
of the non-linear equations, certain theories have been considered, such as the 
rain fade model simplification theory as a square function and two impulse 
function. The knowledge of the rain fade distribution and the Non-GSO satellite 
interference function, and the convolution of these two functions should result 
in a reduction, less than the required margin.  
 
2- Methodology A 
 
This methodology is a method for determination of the allowable interference 
levels for a FSS satellite system due to other FSS networks, where the 
assumed FSS system faces the danger of fading (rain …) at up links and down 
links. In this methodology, fading and interference effects are considered [1]. 
The performance degradation due to rain fade effect is shown by the 
probability Px(X), where the fade level x(dβ) exceeds a specific level Xi(dβ) only 

for  percent of the time (
F

iP ixx ≤ ). The performance degradation due to 
interference is shown by probability Py(Y), where y=I/N (interference to noise 

ratio). For a specific level Yi, this level is exceeded for only percent of the 
time. The overall degradation expressed as the convolution of the probabilities 
fading and interference is expressed as: 

I
iP

 

                   )()(*)( kziyix ZZPYYPXXP ≥≤≥≥       
    (1) 
 
The mathematical model is given as: 
 

                                
    (2) 

∫
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∞−
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Therefore the degradation in the system performance due to fade (rain) or any 
other time varying requirement in the link, and the interference due to other 
FSS networks, are shown as two time varying sources, x and y, and finally the 
overall degradation C/N is given as z and is expressed as:       
           
                    z = x + y                                   
    (3) 
 
 The random variables x and y are considered statistically independent, and 
the probability density function z is the convolution of the probability density 
function y and x. 
 
2-1 The Input Data 
 
The following input data is required for the determination of the preliminary 
allowable interference with any assumed carrier: 
 

a) Determination of the BER for the system efficiency with the required 
carrier and the BERj (j=1, 2, 3, …., J) definition which is worse than 
BER for a specific percentage of a year, Pj (j=1, 2, 3, …., J). 

b) The clear sky carrier wave to noise ratio (C/N)cs and determination of 
(C/N)j (j=1, 2, 3, …., J) corresponding to BERj from (a). 

c) The probability density function Px(X) for the random variable x, on 
basis of dB, which includes the performance degradation related to 
fading and other time variations in link related to the power control and 
its requirements. On the other hand, the degradation in x can not 
happen in more than 90% of the allowable time related to each BER 
(C/N). 

d) N is the number of interfering networks whose existence cause time 
varying interference, and which are common at a frequency band 
similar to the desired network. For GSO/FSS network, N is the number 
of Non-GSO systems which are located at similar frequency band. On 
the other hand, for Non-GSO, N is a combination of other Non-GSO 
networks and some of the GSO satellites, which are located at 2º 
distance with respect to each other and higher than the minimum 
elevation angle with the Non-GSO network ground station, and whose 
existence causes interference [1,2]. 

e) In order to determine the equivalent power flow density (EPFD) in a 
wide base band, we need the ground station requirements which 

include system noise Tsys, and the gain of the receiver antenna  
[1,2,3]. 

E
rG

 
 
2-2 Solution of Methodology A 
 
Now, on the basis of the assumptions and the input data, we shall consider the 
following steps for the determination of the allowable interference related to the 
assumed carrier wave: 
 
Step 1: Determination of the allowable degradation of CNR 
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First, using (a) and (b), the input data for zj is found, and assuming that the 
overall degradation of z should not be greater than zj for more than Pj % in a 
year, we have: 

jcs
j N

C
N
Cz ⎟

⎠
⎞

⎜
⎝
⎛−⎟

⎠
⎞

⎜
⎝
⎛=

  , j= 1,2,3, …, J. 
 
The overall probability density function is considered as: 
 
( ) jjz PzxP 9.0≤≥  

 
This indicates that the degradation due to fading should not exceed any value 
of BER(C/N) for more than 90% of allowable time.  
 
Step 2: Degradation requirements due to fading 
  
Probability density function parameter Px(X) corresponding to the link 
performance degradation due to rain fading, is considered for each interfering 
network. For the purpose of simplification, we need to simplify this probability 
density function. Therefore, this function is limited to a rain fading Ap, which 
should not exceed the Px(X) percent of the time. The fading due to rain 
degradation is shown in a cumulative distribution function (CDF) (see Figure 2). 
For the sake of simplification of the probability density function, this figure has 
been limited to a slope, an extreme point and a unity integral function. Here, 

the slope is expressed as 12

12

pp
aa

−
−

=β
 and the maximum attenuation level a1 

dβ occurs at P=P1 and the minimum attenuation level is obtained by 
substituting the unity probability density function.          
                                        CDF(X)  

 
      

Figure 2: Cumulative distribution function (CDF) due to rain fade 
 

The cumulative distribution function (CDF) due to the rain fade depends on the 
main input parameter R0.01, which is the rate of annual rain fall for the ground 
station for 0.01% of the average annual. This parameter may be obtained 
through actual measurements (both empirical and practical data) or from data 
in the rain zone. In any case, by knowing R0.01 and the assumed relations, it is 
possible to find A0.01 (rain fade exceeding the 0.01% of the year) and Ap of the 
cumulative distribution function of the rain fade between 0.001% and 1% of the 
year. 
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    (4) 
 
And the percentage of allowable time for exceeding the fade is found from the 
inverse of Eq. 4 as: 
 

                
)01.012.0log(172.0298.0564.0(628.11

10 AP
A

AP
++−

=                           
    (5) 
 
In the single-rectangle model, the rain fade has been approximated by two 
points on the curve and the linear slope between them. One of the points is a 
percentage of time the fade level exceeds the allowable value, and the other 
point is the percentage of time the rain has decreased or it is completely 
stopped. Therefore, the cumulative distribution function (CDF) due to the rain 
fade (Fig. 2) has been approximated with a trapezoidal and the probability 
density function has been approximated with a unit square and two point 
values as shown in Fig. 3. 
 

 
 

Figure 3: The probability density function of the rain fade 
 
 

• Selection of β: 
• β1 is the probability of the degradation (C/N) of the noise carrier wave 
which has exceeded x1 (dβ). The allowable degradation is determined by: 
 

                 21)()( xx
N
C

N
Cx icsi >−=

                             (6) 
                                           
In a re-modulating satellite system, the fading level due to rain fade in down 
link, determines the maximum allowable degradation. In addition, the Ag gas 
fading, in spite of having a slow time variation, affects the fading. This means, 
the short term performance degradation of the fading due to rain fade and the 
long term performance degradation due to gas fading, reduce the allowable 
fading. In fact, β1 is calculated from Ap = x1 - Ag and Eq. 5, and this is the 
percentage of time that rain fading can not exceed the Ap domain, i.e. β1 = PA, 
and this magnitude is less than 90% of the time the operating C/N is allowed to 
be less than the allowable limit. In fact for a transparent satellite system (bent-
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pipe), a part of the noise system in the ground station receiver which is created 
by the up link, is degraded by the fading of the down link. β2 is 
the cumulative distribution slope of the degradation between two points, x≈0, x 
(dβ), where x≈0 (dβ) is the lower point on the distribution band and shows the 
time period during which no fading due to rain exists (P0 probability). On the 
other hand, β2 can be considered to be the time period during which rain falls 
(raining time). Assuming P0 between 1% and 3%, the β2 parameter is 
expressed as: 
 

                   1

10.
2 x

P ββ −
=

                                                                         (7) 
 
Assuming a unity probability density function, we have; 
 

                  1210 1 βββ −−= x                                                                     (8)                                 
 
Following the above procedure, we have obtained the parameters β2, β1, β0
 
Step 3: The specifications of allowable interference 
 
The probability density function related to degradation due to interference Py(Y) 
is shown in Fig. 4.  
 

 
 

Figure 4: Probability density function due to interference 
 
 

Step 4: Convolution of probability density function 
 
The overall degradation z is found by convolution of the combined fading and 
interference probability density function as: 
 

                           )(*)()( YPXPZP yxz =                                                                                   
         (9) 
 
By convolution of the combined functions, we shall get a triangle, two squares 
and three point values as shown in Fig. 5. Now, the maximum allowable 
degradation during Pi% of the time is calculated as: 
 
 If: P1 < P2
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                          21)()( zz
N
C

N
Cz icsi >−=

                                                                    
         (10) 
 
Assuming that the degradation z for a section of time can not exceed P1, we 
have: 
 
                         11 )( PzzPz ≤≥                                                             
         (11) 
 
Integrating Fig. 4 in the limit Z = 0 to Z = z1, the above probability can be 
determined: 
 

                       
122

2
112211110110 2

1)()( Pzz ≤+++++ βαβαβαβαβαβα
                                         

         (12) 
                  

 
Figure 5: Convolution of probability density functions for determination of degradation 

C/N 
 
Similarly, degradation z2 for a section of time that can not exceed P2 and the 
degradation probability between z1 and z2 is calculated as: 
 

                                1221 )( PPzZzPz −≤≥≥                                                                             
         (13) 
 
The integration between z1 and z2 gives: 
 
                            

12222121022021 )()(
2
1))(( PPzzzzzz −≤+×−++− βαβαβα

                      
         (14)                                    
 

Now assuming 1210 1 ααα −−= z  and using the above relations, α0, α1, α2 can 
be calculated as: 
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The allowable levels of interference and EPFD are determined from α0, α1, α2.

 
 
Step 5: Determination of interference domain 
 
The CNR degradation of magnitude zi (dβ), related to ratio of allowable 
interference to system noise, is given by: 
 

                                  
110)( 10/ −= iz

iN
I

                                                                               
         (16) 
 
The short term interference domain is defined by the following relations. The 
long term allowable interference which is 6% of the system noise is also 
applied in these calculations. 
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N
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         (17) 
 
Step 6:  Determination of EPFD limit 
 
Knowing the limit of I/N, the reference band width BBref (Hz), the system noise 
temperature Tsys (K), ground station receiver antenna gain and frequency f 
(GHz), it is possible to determine EPFD as: 
 
                

2/1.207log10log20log10)log(10 mdBwBGfT
N
IEPFD ref

E
rsys −+−++=

            (18) 
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3- Methodology A' 
 
This methodology is the simplified version of methodology A and is used for 
determination of the allowable interference levels for a FSS satellite system 
due to other FSS networks, provided the assumed FSS system is faced with 
fading [4]. 
 
The degradation in the operating system related to rain fading, having a 
probability density function Px(X), and degradation related to the interference, 
having a probability density function Py(Y), is demonstrated, and on the basis 
of the previous assumptions, the probability density function of the overall 
degradation is calculated from the convolution of these two probability density 
functions as: 
 

                                
)(*)()( YyPXxPZzP =

 
            or 

                                                                                                 
         (19) 

dwWZPWPZP yxz )().()( −= ∫
+∞

∞−

 
The performance degradation related to fading should not exceed 90% of the 
allowable time related to each BER (CNR) value. This BER is related to C/N 
link, as it is possible that the noise due to interference has increased and the 
fading has weakened the carrier wave resulting in a decreased C/N. In 
addition, the probability that the degradation z exceeds a value zj is only 

possible for a percentage of time equal to . 
CNR

jP

                                                                                                  
         (20) 

∫
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The value of P0 is calculated from: 

                  21

2112
0
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β

                                                                                                      
         (21) 
 
 
4- Methodology B 
 
In this methodology, interference and fading effects are considered separately, 
and the performance objectives are obtained using a BER (C/N) having a short 
term limit, which exceeds this value only for a short percentage of time. In this 
methodology, for each of n interference sources, a section of allowable 
interference time is allotted. This methodology is used for Non-GSO/MSS 
feeder links (or Non-GSO FSS) interference systems and GSO/FSS systems 
with on-board processors or transparent transponders in 20 -30 GHz band. 
Methodology B is simpler than methodology A and is similarly based on basic 
assumptions and input data [1]. 
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Therefore, the allowable interference is determined based on the assumption 
that the aggregate interference (without decrease in fading effect) can be 
defined for 10% of allowable time. In addition, to fulfill the assumption that the 
interference can not disturb the synchronized condition in the assumed network 
more than once in x days, the interference signal power should remain below a 
certain level of C/N (this C/N is zs (dβ) less than BER limit value). Let I be the 
single input interference power and the overall link noise be denoted by NT, 
then the degradation related to the single input interference ySE is given by: 
 

                                  TN
IY

YySE

+=

=

1

log10

                                                       (22) 
 
Knowing the input data, it is possible to determine the allowable single input 
interference level (see Figure 6) as: 
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Figure 6: The single input interference domain in methodology B 
 

 
5- Methodology C 
 
In Non-GSO FSS or GSO FSS satellite systems, the outputs of the satellite 
links which consist of up links and down links, are degraded by the interference 
in up links and down links with other systems of similar frequencies.  
 
Therefore, if a real level for the internal system interference is considered in the 
design, the additional interferences from other systems which decrease the link 
will not be able to degrade the performance of the system [2].  
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The allowable aggregate interference limit of the up links and down links is 
determined from the following input data parameters: 
 
 

a) Determination of BER0, value of BER under Clear sky conditions and 
the assumed FSS satellite link. 

b) Determination of BERi and it , where I = 1, 2, 3, …, n and BERi < BER0 
: where BERi  is the BER of the inter system interference. The 
corresponding FSS satellite link may have a BER worse than BERi for 

only a section of time it . On the basis of the objectives and system 

performance, indices i=1, 2, 3,  …, n define the pairs (BERi, it ). 

c) The interference to noise ratio: 

,  where  and  are 
the interference levels of the up links and down links for the assumed 
FSS satellite. The BER

)()()()()()( uuuddd )(d )(u

)(u )(d

)(d )(u

)(u )(d

)(u )(d

0000 /,/ tt NINI == αα 0I 0I

0 in item (a) above can be determined assuming 

simultaneous existence of  in the up link and  in the down 

link.  and  are the density of the overall thermal noise 
consisting of intra system interference in specific up link and down link.  

0I 0I

tN tN

d)  And  are for FSS satellite link (demod-remod) with 

on-board processing,  and  being the values of BER 

for specific up links and down links, where + = BER

)(
0

dBER )(
0

uBER

0BER 0BER

0BER 0BER
0. 

If up link and down link BER0 values are unknown, then they can be 
taken to be BER0/2. Hence: 

2/0
)(

0
)(

0 BERBERBER du ==                                                                                     
        (24) 

e) For the bent-pipe satellite link, ratio of the up link C/N to down link C/N 

is given by udy  as: 

)]/(/[)]/([ )(
0

)()()(
0

)()( dd
t

duu
t

u
ud INCINCy ++=                                             

                    (25) 

If any of the parameters in the above equation is unknown, then udy  = 1 is 
used. 
 
6- Methodology D 
 
In methodology D, first, the availability of GSO satellite in presence of the 
power levels produced by Non-GSO satellite is obtained, and then these power 
levels without Non-GSO systems are calculated, and finally using the 
difference between these two conditions, the availability of GSO satellite is 
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evaluated. Here, the interference sources have been assumed to be 
independent; however, due to rain fade effect on the main and interfering links, 
the sources can not be completely independent of each other [5].  
Using the following assumptions:  

                           
)()(1)( 111 XPX

N
CPX

N
CP =>−=≤
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The performance degradation in the two conditions, namely, with and without 
Non-GSO becomes: 
              

               )()()](1[)](1[)( 1221 XPXPXPXPX −=−−−=Δ                                                             
         (28) 
 
The relative degradation in performance, Rv(X)% , can be calculated as: 
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The result of the above calculations is the determination of availability of GSO 
satellite. 
 
 
7- The Numerical Results 
 
The system program has been prepared using the methodology A and Mat lab 
software. Table 1 presents the results of the present work and the comparison 
with the results of ITU model (assuming z2 = 6.3, z1 = 8.9). 
 
 

Results of the 
present work 

Results of ITU 
model 

Parameters 

0.99 0.99 
0β 

0.029% 0.038% 
1β 

0.0011 0.0011 
2β 

0.9878 0.988 
0α 

0.0047 0.00459 
1α 

0.000847 0.000857 
2α 

1.2212% 1.22% ≤≥ )06.0( TNIP 
0.6875% 0.68% ≤≥ )33.3( TNIP 
0.4672% 0.46% ≤≥ )82.6( TNIP 
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-166.7230 -165.9 )/( 2
0 mdBWepfd 

-149.2856 -148.4 )/( 2
1 mdBWepfd 

-146.1651 -145.3 )/( 2
2 mdBWepfd 

 
Table 1: Comparison of results of this work and the results of ITU model 

 
Although some of the initial input data has been selected arbitrarily, the results 
are uniform and satisfactory. 
 
8- Conclusions  
 
In this paper, special methodologies have been presented which can be used 
for finding the maximum allowable interference levels between Non-GSO FSS 
and GSO FSS satellites. 
 
In methodologies A and A', the interference and fading up links and down links 
are calculated simultaneously. In methodology B, the interference and fading 
effects in up links and down links are considered separately. In methodology C, 
first the interference and fading in up link are calculated, and then the 
interference and fading are calculated in the down link, and finally the data 
from the dominant link is used in the subsequent calculations. In methodology 
D, first, the availability of GSO satellite in presence of the power levels 
produced by Non-GSO satellite is obtained, and then these power levels 
without Non-GSO systems are calculated, and finally using the difference 
between these two conditions, the availability of GSO satellite is evaluated. 
 
At present, methodologies A and A' are used for determination of the long term 
interferences, and methodology B is used for determination of short term 
interferences. The application of methodology C is limited due to the need for 
comprehensive and complex software calculations. Methodology D is a 
comparatively new method and researchers are continuously working to 
develop the method further. However at WARC conference concluded that 
methodology D is used only after further development of this methodology. 
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