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Abstract — Developed at IST by students and teachers, the 

ISTnanosat-1 is a project which aims to develop an artificial 

satellite following a CubeSat design. It consists of a 10-cm cube 

which houses the control and communication modules. 

The objective of this thesis is to develop a digital baseband 

processing module to be incorporated into the ISTnanosat-1 

communications system.  This module should work in full-duplex 

mode and it is divided into two blocks: transmitter and receiver. 

The transmitter is composed by the scrambler, differential 

encoder, pulse shaping interpolating filter and modulator and it 

supports 289.129 kbps as bit rate. The modulation type is BPSK in 

which the carrier is centered at 10.7 MHz and has 433.784 kHz of 

bandwidth. 

The demodulation in the receiver is achieved through a Costas 

Loop circuit which precedes a decimating CIC filter that decreases 

the number of samples per symbol from 4 to 2. Symbol 

synchronization is achieved applying the Gardner method. 

The implemented module consists of an AD/DA interface, ready 

for use, which incorporates the AD9708 8-bit and 125 MSPS 

sampling rate converter, and Digilent's Nexys 4 development 

board, which has an Xilinx Artix-7 FPGA. A PCB board is 

designed to connect the FPGA to the AD/DA interface. 

The obtained results demonstrate the successful 

implementation of BPSK modulation in reconfigurable hardware 

where the transmitter and receiver operate on independent boards 

for testing purposes. These results validate the arithmetic 

implemented in two's complement, the synchronization between 

the terminals and create the possibility of further studies with 

more complex modulation types. 

 

 
Index Terms — Artificial Satellite, BPSK, Digital Signal 

Processing, FPGA, ISTNanosat-1.  

I. INTRODUCTION 

A. Motivation and objectives 

The thesis’ objective is to develop a digital baseband 

processing modem to be incorporated into the ISTNanoSat-1 

communications module. It explores a possible implementation 

of a Binary Shift Keying (BPSK) modulation with 

reconfigurable hardware working in full-duplex mode. It is 

divided into two blocks: transmitter and receiver. 

 
 

B. ISTnanosat-1 

The ISTNanosat-1 project was created in 2010 and is 

expected to be the first Portuguese satellite entirely developed 

by teachers, students and radio amateurs. Its main mission is to 

receive and analyze ADS-B (Automatic Dependent 

Surveillance-Broadcast) signals emitted by all airplanes in areas 

where there is no radar coverage from land. 

The ISTNanosat-1 uses the Educational CubeSat Initiative 

program which is promoted by ESA and it was created in 1999 

as a mean to encourage and regulate satellite design by 

universities and amateurs. This project offers frequent 

launching opportunities as it uses free space in rockets to be 

deployed or coordinates simultaneous launches, reducing costs 

and development times. 

Like most nanosatellites, ISTnanosat-1 is divided into 

several subsystems, each responsible for one main satellite 

function. The modem proposed in this work will be part of the 

communications subsystem. 

II. HARDWARE 

A. Possible hardware to be used for implementation 

Digital signal processing, particularly telecommunication 

techniques, can be performed by a Digital Signal Processor 

(DSP) and/or FPGA (Field Programmable Gate Array). The 

advantages of using systems that rely on DSP's, FPGA's or both 

(hybrid systems) are listed in this section. 

 

1) DSP 

A digital signal processor (DSP), it is a specialized 

microprocessor that has an optimized architecture for digital 

signal processing. There are several advantages using a DSP: 

• Performance and efficiency when compared to other 

microprocessors; 

• Easy to program, done in high level language; 

• Low latency for real-time systems; 

• Relatively small development cost and risk due to 

technology maturity and broad base of development. 

 

However, there are some limitations, namely the sequential 

architecture that does not allow parallelism limiting the 

available bandwidth. 
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2) FPGA 

FPGAs are digital integrated circuits that have a set of logical 

interconnected blocks which can be configured to create a 

digital circuit. The logical blocks that make up modern FPGAs 

are called LUT (Look-Up-Table). These blocks can be 

configured to perform any logic function with as many 

variables as the number of entries. An important feature of 

FPGAs is that there are Flip-Flops in the outputs of logical 

blocks, which allows for pipelined type architectures without 

increasing the resources occupancy rate. There are also blocks 

of input/output, RAM memory, multipliers and some newer 

models already incorporate discrete microprocessors. The 

advantages of FPGA include: 

 

• Processing speed due to the possibility of parallelism; 

• Reprogrammable ability, done in hardware description 

language (HDL); 

• Superior throughput that allows simultaneous 

implementation of multiple components. 

 

As main disadvantages, in general a FPGA is more expensive 

and has, for the same operation, a consumption two to three 

times higher than a DSP. 

 

3) Hybrid systems (DSP and FPGA) 

Currently there are systems that take advantage of both by 

allying parallelism and greater processing capacity of a FPGA 

(which works at higher sampling rates) with the low power 

consumption and latency of a DSP.  

 

B. Used Hardware 

Since the ISTNanoSat-1 communications subsystem is being 

designed to be an Software Defined Radio (SDR) based 

transponder supported in a FPGA, this work was also developed 

in a FPGA. Although the final iteration of the modem is to be 

implemented in a single board, it was necessary to separate the 

transmitter and receiver functions into two FPGAs using a 

given A/D and D/A interface for synchronization tests. As such, 

the following development boards were used: 

• Nexys 4, from Xilinx, Artix-7 FPGA family, 

XC7A100T-1CSG324C. The main board during 

development that was dedicated to the receiver module 

during the test phases. 

• Nexys 3 from Xilinx, Spartan-6 family, XC6LX16-

CS3204. Used as transmitter for the test phases. 

 

The given A/D and D/A interface used in this work is the one 

in Figure 1. 

 

Although there is little documentation available, it is possible 

to extract some conclusions about the given interface. The 

circuit responsible for the digital-to-analogue conversion 

incorporates the AD9708 converter (8 bits, 125 MSPS, 1.2V of 

internal reference voltage), followed by a low-pass anti-image 

filter with 40 MHz of bandwidth. At the output of the digital-

to-analogue conversion circuit there are two AmpOps AD8056 

which modify the output amplitude to 5V peak to peak. The 

circuit responsible for analog-to-digital conversion has the 

AD9280 converter (32MSPS) which is preceded by the 

AD8056 voltage amplifier acting as a conditioning circuit. This 

circuit modifies de input signal excursion which, according to 

𝑉𝐴𝐷 =   
1

5
∗ 𝑉𝑖𝑛 + 1 , goes from 𝑉𝑖𝑛 =   ±5V to 0V < 𝑉𝑖𝑛 < 2V. 

 

C. PCB 

To interconnect de A/D D/A interface to the FPGAs it is 

designed a PCB (Printed Circuit Board). This PCB will act as a 

bridge by transferring data, power and clocks between the two 

components. To this end, a specific development tool is used to 

project this board, Altium Designer program (version 16.1). 

Given its spatial orientation, number available and 

configuration of each connector, the most practical connector 

on the Nexys board are the PMOD connectors. Thus, each 

PMOD connector has 12-pins: 6 to be assigned/programmed 

and two pairs for power. Having 8 pins available for data per 

connector, it is possible to make the following association: 

 

• PMOD JXADC: power supply and clocks; 

• PMOD JA: power supply and DAC converter; 

• PMOD JB: power supply and ADC converter. 

 

All the power pins are connected to each other in the PMOD 

connectors and to each of them two SMD decoupling capacitors 

are placed in parallel (1 µF and 100 nF). 

Figure 1- A/D D/A interface. 

Figure 2 - PCB schematic. 
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Figure 2 shows the top view of the PCB with its dimensions 

shown in mm. The two ground planes are composed by the top 

and bottom layers colored red and blue, respectively. 

 

Figure 3 shows the PCI already assembled with the 5 V power 

supply cable already soldered. 

III. DEVELOPMENT 

 

A. System Architecture 

This module has two functionalities that must operate 

simultaneously, i.e. in full-duplex mode: transforming digital 

information into a modulated analog signal and extracting 

information from a received analog signal. Both these functions 

work with the analog signal in the intermediate frequency (IF). 

The generic scheme is represented in Figure 4.Erro! A origem 

da referência não foi encontrada. 

 As shown in Figure 4, the first block of the transmitter is the 

bit scrambler which increases the randomness of the transmitted 

bits. It is followed by the differential encoder whose function is 

to eliminate the effect of absolute phase uncertainty. The Pulse 

Shaping Interpolator filter reduces the bandwidth of the digital 

signal, increases the sampling rate and precedes the last block 

of the transmitter, the modulator. The last block modulates the 

carrier at IF according to BPSK modulation. 

At the receiver, the organization of its constituent blocks is 

the inverse of the transmitter. The first block is the demodulator 

which comes before the symbol synchronizer. Responsible for 

determining the most suitable instant to sample the signal, the 

symbol synchronizer is the only block with no direct 

correspondence between receiver and transmitter. The two 

remaining blocks of the receiver are the differential decoder and 

descrambler. 

 

B. Project 

This section contains the necessary calculations for the 

modem implementation, namely the selection of the sampling 

frequency, fs, the possible bit rate given the initial limitations of 

this work and BPSK modulation. 

  

1) Sampling frequency 

The first task is to calculate the sampling frequency of the 

receiver knowing that the modulation to be implemented is 

BPSK, the carrier is centered at 10.7 MHz, the available 

bandwidth is 512 kHz and the received signal must be 

processed under sub-sampling conditions. 

From the bandpass sampling theorem [1] and given the stated 

limitations it is possible to calculate the sub-sampling regions. 

 
Table 1- Table of the odd-numbered sub-sampling regions 

 

 

 

 

 

Table 1 shows the odd index sub-sampling regions calculated 

from a Matlab script that applies the bandpass sampling 

theorem. The even-numbered regions are ignored to avoid 

inversion of the spectrum. 

Before deciding which region to use, it is necessary to 

compare not only the spacing between replicas but also the 

central frequency of the replica of interest, ie where the first 

replica of the positive half of the spectrum will be centered. 

These values must be compared since the spectrum distances 

dictate the quality of the digital filters to be implemented. For 

replicas that are less spaced from each other or closer to fs/2, 

anti-aliasing filters must have lower attenuation bands. 

 
Table 2- Spectral spacing for different fs 

Region 19 
Replica center Dist. to 0 Hz Dist. to fs/2 

305.981 kHz 49.981 kHz 15.465 kHz 

Region 21 
Replica center Dist. to 0 Hz Dist. to fs/2 

263.120 kHz 7.120 kHz 2.724 kHz 

 

Table 2 shows the spectral spacing for different values of fs 

calculated after checking whether it is possible to synthesize 

both frequencies. It was found that it is possible to generate both 

signals for regions 19 and 21 with real values equal to 1.158302 

MHz and 1.043688 MHz, respectively. These values were 

measured in the HC-CF1000 frequency meter and were used in 

the calculations for Table 2. 

After completing the theoretical calculations and testing the 

A/D D/A + FPGA interface, region 19 is chosen which means 

𝑓𝑠 = 1.1583 MHz. Although it is possible to work with both 

regions, the distances between replicas and quality of the filters 

to be implemented in region 21 are too demanding for the small 

difference between the sampling frequencies. 

 

Region 19 21 

fs max [MHz] 1.1604 1.0444 

fs min [MHz] 1.153 1.0434 

∆fs [kHz] 7.2 0.97 

fs central [MHz] 1.1569 1.0439 

Figure 3 - Printed Circuit Board photography. 

Figure 4 - Block diagram of the implemented module. 
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2) Bit frequency 

Given the sampling frequency and given the limitations in 

terms of IF (Intermediate Frequency) and bandwidth, it is now 

possible to set the bit frequency. This depends not only on the 

bandwidth available but also on the location of the replicas 

which, according to the Table 2, states that: 

 

𝑓𝑏𝑖𝑡 =  
𝑓𝑠

4
= 289. (189) kbps  (1) 

where 𝑓𝑠 is the sampling frequency. 

 

3) Calculations to generate the BPSK signal 

There are two possibilities for generating a BPSK signal 

centered at 10.7 MHz: 

• Generate the signal centered on a lower-than-

frequency carrier and modulate it to 10.7 MHz – a 

good method if the modulation is analog but in 

digital it involves using a generic interpolator and 

greatly increase the sampling frequency which is 

not convenient; 

• Generate the signal directly at 10.7 MHZ - best 

solution in digital context. 

 

By choosing to use 3 samples per carrier cycle, that is, 𝑓𝑠 =
3 ∗ 𝑓𝐼𝐹 =  32.1 MHz. From the previous section 𝑓𝑏 =
 289.189 kbps and, as such, the polyphase interpolator filter is 

sized with a factor: 

 

𝐿 =  
𝑓𝑠

𝑓𝑏
   (2) 

𝐿 =  111   (3) 

 

The use of 3 samples per carrier cycle implies that the 

sampling frequency of the DAC in the transmitter is equal to 

32.1 MHz to generate modulated signal at 10.7 MHz (IF). 

C. Implementation – hardware 

This section is dedicated to the hardware implementation and 

precedes the work done on the development boards. 

 After choosing the FPGA, testing the A/D D/A interface and 

designing the PCB it is necessary to add a passive filter and an 

amplifier to be placed between the transmitter and the receiver. 

 

1) Passive filter 

Since the DAC of the transmitter operates at 32.1 MHz there 

is the requirement of filtering unwanted components of the 

emitted signal spectrum signal prior its sampling at the receiver. 

For that purpose, a passive filter is placed between the 

transmitter and the receiver whose function is to eliminate all 

components that are not centered on the intermediate frequency 

FI = 10.7 MHz. 
Table 3- Filter characteristics 

Passive filter 

Bandwidth (-3 dB) 525 kHz 

Insertion losses 8.3 dB 

 

As shown in Table 3, given the high selectivity and filter type, 

insertion losses are very significant which means that it is 

necessary to add an amplifier after the filter. 

 

2) Amplifier 

Using the passive filter entails a new problem related to 

signal amplitude. In fact, the high spectral selectivity of the 

filter results in low efficiency and increased energy losses. 

These losses will attenuate the signal amplitude by one order of 

magnitude. If, at the emitter output amplitudes vary around 2.5 

V, after the filter, it goes down to approximately 300 mV. 

Therefore, there is a need to amplify the signal to guarantee the 

best possible SNR ratio in the receiver, ie, the excursion to the 

receiver input should be such that all 8 bits of the ADC are used. 

To this effect, the Analog Devices AD8066 Operational 

Amplifier is used. It is characterized by having a wide range of 

power supply voltage, the ability to operate with single feed and 

product gain bandwidth of 145 MHz. This way, the 

filter/amplifier assembly allows the received signal to not only 

have the desired spectral composition (IF centered signal = 10.7 

MHz with Bandwidth=256 kHz) but also the amplitude needed 

to use the available excursion at the analog-digital receiver 

input. 

 

D. Implementation – software 

This section is dedicated to the implementation of the project 

in the software environment, where signal processing takes 

place. This section is divided between receiver and transmitter 

and includes the building blocks of both modules. 

 

1) Transmitter 

Figure 5 shows the organization of these blocks in a VHDL 

language environment. Each block is an independent VHDL 

module that is embedded into a top module responsible to 

interconnect them all. 

a) Scrambler 

The transmitter receives the data, that is, a succession of bits 

that do not have the characteristics necessary for the emission 

since, if on the one hand they can contain long sequences of 

equal logical value, on the other they are not totally random. 

Thus, to make the bits seem more random, the initial element of 

the transmitter is a bit scrambler. This consists of a line of seven 

delays, which work at the bit rate, from where the output is 

calculated through the sum in 2 module (XOR) according to the 

polynomial: 

 

𝑃(𝑥)  =  1 + 𝑥−6 + 𝑥−7  (4) 

 

Figure 5- Transmitter block diagram. 
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The apparent randomness introduces many state transitions, 

which eases bit clock retrieval at the receiver and decreases the 

loss of synchronism occurrence. Another advantage of having 

many state transitions is related to signal energy. The use of a 

scrambler allows a greater dispersion of signal energy by the 

carrier, thereby reducing signal interference between carriers. 

This feature eliminates the power spectrum dependence of the 

signal relative to the transmitted data, making it more dispersed 

and minimizing an adjacent inter-channel interference 

phenomenon known as cross-modulation. 

b) Differential Encoder 

A differential encoding is based on the transmission of 

variations between successive bits and not on their absolute 

value. That is, bit 0 at the input means that there is no variation 

in the output signal whereas a logic value 1 states that a 

variation occurs in the output signal. 

This way, and since information is associated with the signal 

variations, this type of coding is immune to signal polarity 

inversions that can occur along the communication channel. 

However, it may benefit propagation of errors, that is, an error 

in one bit can generate errors in the following bits. 

The implementation of the differential encoder is achieved 

by using the following equation: 

 

𝑑𝑛 = 𝑑𝑛−1 ⊕  𝑒𝑛  (5) 

 

where 𝑒𝑛 is the scrambler output and ⊕ is the XOR operator. 

 

c) NRZ converter  

There is another type of coding called line coding before bits 

(already shuffled and encoded) feed the pulse shaping 

interpolator filter. 

Line coding is the designation given to binary unipolar signal 

formatting techniques whose objectives are: 

 

• Spectral Formatting; 

• Appropriate information synchronization; 

• Bandwidth reduction. 

 

NRZ (Non-Return to Zero) is one type of line coding widely 

used in telecommunications. This is a binary code in which the 

bits with logic value 1 is generally represented by a positive 

voltage while the 0s are represented by a negative voltage 

without a rest or neutral state. That is, the logic value 0 is no 

longer associated with a neutral state at 0 V. The pulses in NRZ 

have more energy than a return code to zero (RZ) which has an 

additional state of rest. One of the main advantages of using 

NRZ coding is related to bandwidth and power density since the 

average power of this type of line coding is greater than the RZ 

code for the same signal excursion. However, the absence of a 

neutral state requires other bit synchronization mechanisms 

when the clock signal is not available. 

 

d) Pulse shaping interpolator filter 

As with all RF communications, the signal to be transmitted 

by the modem is limited in its bandwidth. This means that the 

infinite bandwidth associated with a rectangular pulse is not 

acceptable. The low-pass filtering of these rectangular pulses of 

the transmitted data is called pulse shaping. 

The raised cosine filter is used for pulse shaping in digital 

modulation due to its ability to minimize ISI (Intersymbol 

interference). 

The roll-off factor is a measure of the bandwidth excess as it 

dictates the bandwidth percentage occupied in addition to the 

Nyquist bandwidth. This means that for 𝛼 =  0 there is no 

excess and for 𝛼 =  1 it is 100%. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

The graph of Figure 6 shows the effect of the roll-off factor 

variation on the filter’s impulse response. The reader can 

confirm that the duration of the pulse in the time domain 

increases as the factor decreases. This behavior proves that the 

bandwidth excess of the filter can be reduced but only at the 

expense of an extended impulse response. 

The need to interpolate the sampling frequency in the 

transmitter to generate the modulated signal comes from the 

difference between the carrier frequency and the bit rate, 𝑓𝑐 >
 𝑓𝑏𝑖𝑡. Thus, with interpolation comes the need to eliminate the 

images generated in the spectrum. For that an anti-image filter 

is used. This low-pass filter serves both as an anti-image filter 

and as a pulse formatter and is generally implemented through 

polyphase structures since these require fewer resources. If the 

filter has 𝑁 coefficients and the interpolation factor is 𝐿, it is 

possible to save from 𝑁 to  𝑁/𝐿 in memory positions, additions 

and multiplications. This explores the fact that, at each L 

samples, 𝐿 − 1 of the interpolator’s output are 0. As such, they 

do not contribute to the output of the filter and do not need to 

be calculated. Another advantage of this structure is that it 

allows the sub-filters to operate at the lower sampling 

frequency, ie before interpolation. 

 Figure 7 shows an example of a possible implementation of 

a polyphase structure for an interpolator pulse shaping filter.  

 

 

 

 

Figure 6 - Impulse response of the raised cosine 

filter [7]. 
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One of the calculations needed prior to determining the filter 

coefficients is related to the excess bandwidth. Given the 

available bandwidth we have: 

 

(1 +  𝛼)  ∗  𝑓𝑏𝑖𝑡 ≤  𝐵𝑎𝑛𝑑𝑤𝑖𝑑𝑡ℎ  (6) 

𝛼 ≤  
𝐵𝑎𝑛𝑑𝑤𝑖𝑑𝑡ℎ

𝑓𝑏𝑖𝑡
− 1 ⟺  𝛼 ≤   

512

289.(189)
− 1  (7) 

𝛼 ≤  0.77  (8) 

 

To satisfy the above equation and to not occupy all the 

available bandwidth, it is defined a 50% of excess bandwidth. 

This filter is implemented through the FIR Compiler IP 

block, version 7.2, whose configuration says that this is a 

polyphase interpolator filter, the interpolation factor is 111 and 

whose coefficients are determined externally and entered in the 

configuration page. The 2664 coefficients are determined in a 

Matlab script where, depending on the number of bits available 

for the internal signals of the filter (bits = 18), the interpolation 

factor (L = 111) and the number of samples per impulse period 

(n = 12), calculates the coefficients to be used by the filter. 

e) Carrier Modulation 

The modem developed uses binary phase digital modulation, 

BPSK. 

Digital carrier phase modulation (PSK) has been widely used 

since it is a very robust type of modulation and relatively simple 

to implement. BPSK modulation is very common in satellite 

communication modules due to its robustness to interference, 

high transmission rates allowance and low complexity. The 

main disadvantage is the low spectral efficiency. 

In this type of modulation, the carrier phase is changed by 

180º for each occurrence of a bit '1' and unchanged in the other 

case (bit = 0). 

Carrier modulation performs the following operation: 

 

𝑦𝑛 = 𝑥𝑛 + cos(2𝜋 ∗  𝑓𝑐 ∗  𝑡)   (9) 

 

where 𝑓𝑐 is the carrier frequency (10.7 MHz) to be modulated 

by the pulse shaping filter output 𝑥𝑛. 

 Since the transmitter main clock is 𝑓𝑐𝑙𝑘  =  3 ∗  𝑓𝑐, it is 

possible to modulate the carrier with 3 samples per cycle by 

simply multiplying the output of the filter by -1, 0, 1 depending 

on the phase of the carrier. For this, it is generated a block in 

VHDL whose function is to define which sample is placed in 

the output (0, 𝑥𝑛 𝑜𝑟 − 𝑥𝑛).  

 

2) Receiver 

The receiver is divided into three main modules: Costas 

Loop, CIC decimator filter and symbol synchronizer. 

 

 As shown in Figure , it operates under sub-sampling 

conditions by sampling 𝐼𝐹 = 10.7 MHz at a rate of 𝑓𝑠 =
1.158302 MHz. The sampling frequency is the clock signal 

that controls not only the Analog-Digital Converter (ADC) but 

also the receiver module blocks. 

a) Costas Loop 

The Costas Loop is the first block of the receiver and it is 

placed right after signal sampling. It has a dual functionality 

since not only demodulates the received signal but also detects 

the received symbol sequence. This is a special PLL that 

ensures phase and frequency synchronization with the received 

carrier that is centered at 275.282 kHz. Its operation principle 

is to iterate the internally generated signal until its frequency 

and, in some cases, phase, are equal to the input where the 

received signal is multiplied by two signals 90° out of phase, 

both generated by the VCO. The objective of this method is to 

maximize and minimize the energy in the branches 𝐼 (in phase) 

and 𝑄 (in quadrature) respectively. The oscillator is 

implemented through two distinct blocks: the DDS Compiler IP 

block, version 6.0, configured as LUT and an accumulator 

described in VHDL. The IP module is configured to function as 

a BRAM memory whose output is a 16-bit word in which 

quadrature sine and cosine are contained.  

Erro! A origem da referência não foi encontrada. shows 

the BPSK demodulator structure of the Costas Loop. 

When synchronization is achieved, the frequency difference 

is 0 and the VCO oscillates at 𝑓0  +  𝛥𝑓, where 𝑓0 is the free 

operating frequency of the VCO and ∆𝑓 is the frequency 

difference between the carrier and the oscillator, ∆𝑓 = 𝑓𝑖 − 𝑓0. 

Figure 8 - Receiver block diagram. 

Figure 7- Polyphase structure implementation example 

[1]. 

Figure 9 - Block Diagram of the BPSK Demodulator Costas 

Loop [2]. 
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The carrier phase error is used at the oscilattor negative 

feedback and is given by: 

 

𝜖(𝑡)  =  𝐸[
1

4
𝐷𝐴𝑇𝐴𝑁

2 (𝑡) cos(∆𝜙) sin(∆𝜙)]  (10) 

𝜖(𝑡) =
1

8
𝐸[𝐷𝐴𝑇𝐴𝑁

2 (𝑡)] sin(2∆𝜙)  (11) 

 

Since it is BPSK modulation, 𝐷𝐴𝑇𝐴 =  +/− 1, then 

𝐷𝐴𝑇𝐴𝑁
2  =  1 which demonstrates the modulation elimination: 

 

𝜖(𝑡) =
1

8
sin(2∆𝜙)  (12) 

 

Filters in the phase and quadrature branches (Data Filter) are 

low pass filters used to eliminate the component at twice the 

carrier frequency. Being digitally implemented, it is easy to 

ensure that both are equal in their characteristics. These are first 

order, type IIR (Infinite Impulse Response), with a zero at 𝑓𝑠/2 

and 256 kHz of bandwidth. 

The loop filter output in Erro! A origem da referência não 

foi encontrada. is used to adjust the phase and frequency of the 

generated signal in the VCO. It is a low-pass IIR filter with very 

low bandwidth, 100 Hz. 

b) CIC decimator filter 

Cascaded Integrator-Comb (CIC) filters are easy-to-

implement digital filters due to the low computational resources 

required for sums and delays. Introduced by Hogenauer [3], it 

is a type of filter without multipliers and whose coefficients are 

equal to +/- 1, making it suitable for hardware implementation. 

They can also deal with large and arbitrary changes in sampling 

rate and its most common application is as an anti-aliasing filter 

in decimating structures and as an anti-image filter in 

interpolating structures, very common in SDR receivers. 

A digital CIC filter can be described as the cascade 

combination of 𝑁 integrator blocks with 𝑁 comb filter. The 

implementation of this type of filter should be done using two 

complement arithmetic since, although it is not possible to 

avoid intermediate overflow's or underflow's in the integrator 

block, the output will always be correct assuming that the 

number of bits in the registers is sufficient to represent the 

dynamic range of its output. 

Figure 10 follows a multi-rate technique [4] which arranges 

CIC blocks. Thus, a CIC Decimator filter has 𝑁 cascade 

integrators operating at 𝑓𝑠 followed by a 𝑀 change and is 

terminated with 𝑁 comb filter blocks to operate at 𝑓𝑠/𝑀. This 

configuration requires no sample storing mechanism since the 

decimation register, placed between the two building blocks, 

operates at the lowest sampling rate which means only a 

standard memory position is required. 

It receives the demodulated data from the Costas Loop and 

reduces the number of samples per bit from 4 to 2. Since the 

decimation factor R = 2, the sampling rate decreases from 𝑓𝑠 =
1.158302 MHz to 𝑓𝑠 = 589.151 kHz. This filter is 

implemented using Matlab’s filterbuilder tool whose 

specifications are those of Table 4. 

  
Table 4 - CIC filter configuration specifications 

 

 

 

 

 

 

 

 

 

 

The VHDL module resulting from the presented 

specifications results in a 14-section filter whose input and 

output are 16-bit words in Q15 format. 

c) Symbol Synchronizer 

After recovering the carrier phase and frequency through the 

Costas Loop, it is now necessary to do the same for symbol 

timing. This is the symbol synchronizer function [5]. The 

implemented symbol synchronizer has a feedback loop and uses 

the Gardner algorithm [6]. 

The Gardner algorithm as the following characteristics:  

• Widely used; 

• Low carrier mismatch sensitivity. Data and clock 

recovery loop may be synchronized prior to carrier 

recovery loop, which may facilitate the carrier 

synchronization task; 

• It requires two samples per symbol which allows it 

to be used in systems with medium to high data 

rates. 

Given its characteristics, the Gardner algorithm is the best 

solution. It is the best choice because it is a technique 

independent of the carrier recovery, which makes it robust in 

low SNR conditions. 

Figure 11 represents the block diagram for two-dimensional 

signals, for BPSK modulation (used in this modem) it is only 

necessary to implement one of the branches. 

To minimize synchronization problems, this module is 

implemented in a single VHDL component whose operations 

Filter specifications 

Sample Rate 1.158302 MHz 

Response CIC 

Specification Fp, Ast 

Multirate type Decimator 

Decimation Factor 2 

Differential Delay 1 

Passband Edge 289.575 kHz 

Stopband Atten. 40 dB 

Figure 8 - Optimal block configuration of a CIC 

decimator filter [1]. Figure 9 - Symbol synchronizer block diagram. 
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are defined within a single process. As in the whole project, the 

intermediate signals are 16 bits width and use two complement 

arithmetic format. 

d) Differential Decoder 

After the symbol retrieval loop, differential decoding of the 

symbol is performed. This is achieved by applying the inverse 

operation used in the transmitter: 

 

𝑒𝑛
′ = 𝑑𝑛−1

′  ⨁ 𝑑𝑛
′   (13) 

 

where 𝑒𝑛
′  is the decoder output and  𝑑𝑛−1

′  , 𝑑𝑛
′  are the symbols 

that leave the synchronizer at different instants. 

e) Descrambler 

The last operation to be performed is the inverse of the one 

implemented at the scrambler and uses the same polynomial 

applied to the transmitter. It is also implemented by a 

succession of delays that work at the bit rate, from which the 

output is calculated through the sum in 2 module (XOR). 

IV. RESULTS 

This chapter is dedicated to the practical demonstration of 

this project. The results are mostly obtained through two 

measurement instruments: Agilent Technologies oscilloscope, 

DSO-X 2024A, 200 MHz, 2 GSa/s and HP 4195A 

Network/Spectrum Analyzer spectrophotometer, 10 Hz-500 

MHz. 

A. Used Resources 

Once the system is implemented, it is necessary to gauge its 

power consumption and used resources and ensure that the 

FPGA meets its requirements. According to post-

implementation simulations performed by the Vivado program, 

a 0.211 W consumption is expected of which 84% will be 

consumed in clock generation, that is, in the PLL. 

Table 5 presents the used resources and the comparison 

between the used FPGA (Artix 7) and one more suitable for this 

project (Cyclone IV). 

 
Table 5 - Implemented system requirements 

 
System 

requirements 

Used 

FPGA 

(Artix 7) 

Recommended 

FPGA (Cyclone IV) 

LUT 322 63 400 21 280 

Block 

RAM 

3.5 blocks of 36 

kb 

136 blocks 

of 36 kb 
83 blocks of 9 kb 

DSP 

slices 
7 240 23 

PLL 1 6 4 

 

Given the reduced resources required by the system there are 

several FPGAs in the market that can support this 

implementation. One such example is the Cyclone IV FPGA 

produced by Altera. Its main advantages are reduced cost, low 

power and dedicated logic to the transceiver functionality. 

 

B. Transmitter 

This section is dedicated to the results obtained in the 

different modules that make up the transmitter. 

 

1) Pulse shaping interpolator filter 

The interpolator filter, implemented through an IP block with 

its 2664 coefficients calculated through a Matlab script, 

changes the sampling frequency by increasing it by a factor of 

𝐿 =  111. It works as a low-pass anti-image filter. 

The test applied to this module consists of verifying its 

frequency response at it is presented by Figure 12. 

From the frequency response it is possible to conclude that, 

given the number of bits used, the filter attenuation is greater 

than 50 dB. The bandwidth is as expected since, for 𝛼 =  0.5, 

we have that 𝐵𝑛𝑎𝑑𝑤𝑖𝑑𝑡ℎ =  1.5 ∗  𝑓𝑏 =  1.5 ∗  289.189 =
 433.784 kHz which proves the attenuation observed at 

216.892 kHz. 

One method that allows qualitative evaluation of the 

transmission performance is the analysis of the eye pattern. 

Obtained through the oscilloscope, the figure bellow shows the 

obtained eye pattern. 

The eye pattern allows the reader to verify that the signal has 

good emission characteristics: little significant jitter, low noise 

margin and low ISI due to the high number of filter coefficients. 

 

2) Carrier Modulation 

In the last module of the transmitter it is expected to generate a 

signal centered at 𝐼𝐹 =  10.7 MHz and bandwidth 

𝐵𝑎𝑛𝑑𝑤𝑖𝑑𝑡ℎ =  512 kHz. As such, the sender test consists of 

Figure 10- Interpolator filter frequency response. 

Figure 11- Eye pattern for BPSK modulation. 
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analyzing the emitted spectrum and observing the signal in 

time. 

 
Figure 12 - Signal spectrum centered at 10.7 MHz. 

Figure 12 shows that the signal is generated according to the 

expected specifications. 

 

C. Receiver 

Section dedicated to the obtained results in the different 

modules that make up the receiver. 

 

1) Sampling 

Knowing that the principle of operation of sub-sampling is to 

process a replica of the sampled signal rather than the original 

one, it is necessary to verify that this process occurs as 

expected. 

Figure 15 shows the spectrum of the sampled signal at the 

receiver, after it has been filtered and amplified. 

It is easily verified that the baseband signal is centered on the 

expected frequency and that no distortion occurs. Since the 

difference between the signal and the noise level is about 35 dB 

it is expected that the signal will occupy the entire excursion 

available in the ADC converter of the receiver. In fact, 6 of the 

8 bits available in the conversion process are used in the 

conversion process which can be considered a good result given 

the limitations imposed by the filter/amplifier combination.  

 

2) Costas Loop 

After the correct operation of the data filters has been 

verified, it is time to calculate the capture and maintenance 

bands. Designed to capture the carrier centered at 𝑓 𝑐 =
 275.282 kHz, this evaluation is achieved by varying the input 

signal until synchronization loss occurs. The results obtained 

are those described in Table 6. 

 
Table 6 - Costas Loop bands 

 

The bands values allow to conclude that the Costas Loop will 

hardly lose its synchronization with the carrier since its 

oscillations in terms of frequency are one order of magnitude 

lower than the bands. 

 

3) CIC decimator filter and Symbol synchronizer 

Since the CIC filter is implemented using the Matlab’s 

filterbuilder tool, it is opted to test its operation in conjunction 

with the Symbol Synchronizer. Note that prior to the procedure 

described in this section, a quick check of the clock generated 

by this block is performed. This task is intended to confirm that 

the decimation R = 2 is correctly executed. 

Divide in two phases, the confirmation of this block is 

initiated by placing at the filter input a sinusoidal signal with 

exactly twice the expected binary rate. This test not only 

confirms the symbol synchronizer arithmetic but also verifies if 

it synchronizes with the data coming from the CIC decimation 

filter. 

The second phase can be considered the final test of the 

receiver since the signal coming from the Costas Loop 

demodulation is injected into the CIC decimation filter. 

Figure 16 shows all waveforms from the CIC decimator filter 

and symbol synchronizer. In this, it is possible to confirm that 

both components work as expected and we have: 

 

• yellow: output signal of the CIC decimator filter; 

• green: bits retrieved by the symbol synchronizer; 

• blue: bit clock retrieved by the synchronizer; 

• magenta: clock generated by the CIC decimator filter 

that feeds the synchronizer at 𝑓𝑠/2. 

 

 Acquisition band Holding band 

𝒇𝒎𝒊𝒏[kHz] 286.800 286.798 

𝒇𝒎𝒂𝒙[kHz] 288.643 288.744 

𝚫𝒇 [kHz] 1.843 1.946 

Figure 13 - Sampled signal spectrum. 

Figure 14 - Signals at the CIC and Synchronizer output. 
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This block is also a timing block and therefore it is necessary 

to check its holding band. For this purpose, the input signal 

frequency is varied around the expected bit rate, 289.189 kHz, 

until synchronization is lost. 

 
Table 7 - Symbol synchronizer's holding band 

 

 

 

 

 

Given data reception speed variations, it is expected that the 

bit synchronizer will adjust the optimum sampling time 

according to these changes. Thus, adjustment is done in the 

Timing Error Detector (TED). In a delay situation (where 

symbol sampling occurs after the optimum time), the signal 

generated by the TED is a sawtooth that accumulates the timing 

error incrementally while in the advance context the timing 

difference is negative. 

 

4) Differential Decoder and Descrambler 

The decoder and descrambler tests follow the same method 

as the transmitter, that is, they are tested in conjunction with the 

scrambler and encoder. 

As expected, the signal at the output of the descrambler in 

the receiver is equal to the input of the scrambler in the 

transmitter. 

V. CONCLUSION 

The implemented modem is to be integrated in the ISTNanosat-

1 and works in full-duplex modem, uses BPSK as modulation 

technique. The system was developed on Digilent's Nexys 4 

board, which features an Artix-7 FPGA from Xilinx, and uses 

an A/D D/A interface already available which incorporates the 

AD9708 8 bit and 125 MSPS converter. 

At the transmitter, the data to be transmitted is shuffled and 

coded to, after the raised cosine pulse shaping interpolator filter 

reduces its bandwidth, modulate the carrier centered at 𝐼𝐹 =
 10.7 MHz. Defined the binary rate 𝑓 𝑏𝑖𝑡 =  289,189 kHz and 

an excess bandwidth factor of 𝛼 =  0.5, the emitted signal has 

the expected bandwidth of 433.8 kHz. 

Before signal reception, it is necessary to filter the unwanted 

spectral components of the emitted signal which appear as a 

result from sampling at the A/D D/A interface at 32.1 MHz. For 

this, a passive filter is used which attenuates the entire spectrum 

except the intermediate frequency. After the filter, the signal is 

amplified to utilize the available excursion at the receiver’s 

ADC converter. This amplification is made by balancing the 

need to increase the amplitude and non-introduction of 

distortion by the used amplifier. This amplification enables 6 of 

the 8 available bits to be effectively used in the conversion 

process. 

Operating in a sub-sampling context, demodulation in the 

receiver is done using a Costas Loop whose implementation 

allows it to synchronize with the carrier centered at 𝑓𝑐 =
 287.782 kHz. After the CIC decimator filter, responsible for 

reducing the number of symbols per sample from 4 to 2, the 

data goes to the symbol synchronizer that uses the Gardner 

algorithm to retrieve the symbol timing. After carrier phase and 

the symbol timing synchronization, the differential decoder and 

descrambler are followed to retrieve the transmitted 

information. 

In addition to providing the opportunity for contact with 

several methods of development in the field of electronic 

engineering, this work also allowed to deepen the author 

knowledge not only in the digital signal processing areas, which 

constitute the theoretical basis (sub-sampling, modulation and 

demodulation, digital filters and symbol synchronization), but 

also in the ISTNanosat-1, CubeSat and satellite 

communications area. 

The developed work presents a solution not only for the 

problems that may arise when using hardware language and 

fixed-point arithmetic, but also for the difficulties of 

synchronization between the independent modules: transmitter 

and receiver. 
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Holding Band 

𝒇𝒎𝒊𝒏[kHz] 144.471 

𝒇𝒎𝒂𝒙[kHz] 145.083 

𝚫𝒇 [Hz] 612 


