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ABSTRACT 

 

Wireless Transceiver for the TLL5000 Platform: Communication Software 

 

 

Atif Ul Habib, M.S.E. 

The University of Texas at Austin, 2009 

 

Supervisors: Ranjit Gharpurey, Mark McDermott 

 

 This report discusses the design and development of the software implementation 

for a wireless communication system that integrates seamlessly with the TLL5000 

Platform available in the University of Texas Embedded Microsystems Lab. While there 

are a number of features already available on these circuit boards for a wide variety of 

applications, there is currently no system in place for transmitting data wirelessly from 

one circuit board to another. The system examined in this report is comprised of an 

external transmit/receive daughterboard that communicates with a software application 

running on the TLL-SILC 6219 ARM processor that is already interfaced with the 

TLL5000 baseboard. This report discusses the implementation of the various physical-

layer communication techniques that are utilized by the software application to both 

transmit and receive data through the external daughterboard. 
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CHAPTER 1: INTRODUCTION 

 
This project, developed in collaboration with Vanessa Canac and Jason Perkey, 

was intended to design and develop a transmit/receive daughterboard that could plug into 

one of the open mezzanine ports available on the TLL5000 baseboard. In addition to the 

external hardware design, a software application would be developed that would both 

interface with the daughterboard and provide the necessary control functions. This 

application will run on the ARM processor embedded in the TLL-SILC 6219 

daughterboard that is already interfaced with the TLL5000 baseboard and will dictate 

what data to transmit/receive. In addition, the software handles setting the signals to 

control the external daughterboard’s mode of operation.  

This report discusses the development of the physical-layer communication tools 

utilized by the software application to process both incoming and outgoing data. These 

tools took the form of C-functions that can be called by the main software application 

running on the ARM processor. The communication algorithms utilized for this project 

were modulation, demodulation, equalization, and timing recovery. These topics are 

covered in more detail in Chapter 2. In Chapter 3, the overall architecture and design of 

the communication system are discussed as well as the critical data path from software to 

hardware. Chapter 4 covers the actual software development process for these 

communication techniques from the initial MATLAB code to the final product. The last 

chapter summarizes the project and presents the items necessary for future development.  
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CHAPTER 2: COMMUNICATION THEORY 

 

In order for the communication system to function properly, the data intended for 

transmission and reception needs to be modified and adjusted to account for various 

environmental conditions. In real world environments data cannot simply be transmitted 

in its original form and expected to be received error free. Such an occurrence would only 

happen if there were an ideal “noiseless” channel between the transmitter and receiver. 

Before it is transmitted, the data needs to be translated into a form that is less susceptible 

to environmental degradation factors. Upon receipt of the signal, the data is decoded from 

its translated form and certain restorative algorithms are applied to recover the original 

signal’s information. For this project, implementations of Binary Phase-Shift Keying 

(BPSK) modulation and demodulation, equalization, and timing recovery have been 

developed. 

 

2.1 BPSK MODULATION AND DEMODULATION 

Modulation and demodulation techniques are used to resist the environmental 

degradation factors that occur during transmission. Modulation is the process by which 

message signal data is combined with a high frequency carrier signal. The combined data 

is at a higher frequency, and less susceptible to degradation when relayed over the 

transmitting antenna. The demodulation process refers to the opposite procedure, where 

the high frequency transmitted signal is relayed from the receiving antenna and is down-

converted to the frequency of the original data. The result is then integrated over the 

period of that original data to determine what was initially transmitted [3]. The 

modulation and demodulation process for BPSK is illustrated in the Figure 2.1. 
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Figure 2.1 BPSK Logical Block Diagram 

 

  BPSK refers to the technique of modifying the carrier phase of a signal both 

before transmission and after receipt. Although there are numerous techniques that could 

have been utilized to transmit and receive the data, BPSK was chosen for its simplicity 

and robustness. The key identifying characteristic of BPSK is that the modulation process 

creates two separate high frequency carriers depending on the data that is being 

transmitted, representing either a one or a zero [3].  

 
 

s0(t) = Acos(ω0t) 
 

s1(t) = Acos(ω0t + π) = -Acos(ω0t) 
 

These two signals are separated by a phase of 180 degrees and it is this large 

difference in phase that accounts for the robustness of the BPSK method. Only a very 

large noise distortion in the channel during the transmission process would be able to 

create a large enough error for the demodulator to mistranslate the incoming data. The 

most significant downside to using BPSK modulation and demodulation is that it is 
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unsuitable for high data rate applications due to the fact that this method only transmits 

one bit per symbol. However, due to the overall complexity of the system, this loss was 

deemed acceptable in order to attain a simple yet reliable modulation scheme. 

 

2.2 EQUALIZATION 

Inter-Symbol Interference (ISI) is one of the many factors that cause distortions to 

a transmitted signal while it travels through a particular channel towards a receiver.  ISI 

can have a number of causes that range from multi-path propagation, where a transmitted 

signal travels through several different paths between transmitter and receiver, to non-

linear frequency response of the channel, which would cause the distinct symbols of the 

transmitted signal to blur together. To counteract the effects of ISI, the receiver must 

utilize a method that takes advantage of the original characteristics of the transmitted 

signal in order to restore it after it has traveled through the channel. Equalization refers to 

the technique of exploiting the structure of the transmitted signal’s original symbol 

configuration in order to retrieve the signal data [2]. 

The equalizer counteracts the ISI effects by producing a transfer function that is 

equal to the inverse of the transfer function of the channel. For this project, an adaptive 

Least Mean Squared (LMS) algorithm was selected. This algorithm seeks to reduce the 

least mean squared error between the expected data and the actual output of the equalizer 

[4]. To do so, a training sequence needs to be transmitted so that the coefficients of the 

transfer function can be calibrated. A training sequence refers to a transmitted sequence 

of data known to both the transmitter and receiver. By drawing a comparison between the 

received training data and the expected training data, the equalizer can determine the 

severity of the ISI effects of the channel. Using that information the coefficients of the 

equalizer’s transfer function are adjusted so as to reduce the least mean squared error 

between the received and expected data. This process is illustrated in Figure 2.2. 
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Figure 2.2 Adaptive LMS Block Diagram 

 

The LMS adaptive algorithm utilizes the transfer function output and the error 

between expected and received data to continuously modify the coefficients of the 

transfer function over the duration of the training data sequence. Once the training data 

sequence ends, real data can be received with the finely tuned transfer function 

counteracting the ISI channel effects. The only precursor to this algorithm is that the 

training data sequence needs to be sufficiently long in order to get an accurate calibration 

of the transfer function coefficients. In addition, the training sequence needs to be re-

issued periodically to adjust for varying environmental conditions of the channel. 

 

2.3 TIMING RECOVERY 

When a transmitted signal reaches the receiving antenna it is not interpreted as a 

continuous signal. The receiving RF front-end instead samples the transmitted signal at 

periodic, equally-spaced points of time and relays this sampled signal to the receiving 

communication system. The sampling rate of the receiving system is vital to the overall 

processing of the received data, and it is absolutely critical for the receiver to be 

synchronized with the transmitter to guarantee the least amount of accuracy degradation. 
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However, in regular practice a perfect synchronization between the frequencies of the 

transmitted and received signals does not happen. A wide variety of effects from signal 

jitter introduced by the channel and manufacturing defects in the actual transmitter or 

receiver could cause the two pieces to become unsynchronized [1]. The fact of the matter 

is that the receiver needs to know the precise arrival time of the signal pulses sent from 

the transmitter. To achieve this feat, a timing recovery algorithm is needed to synchronize 

the receiving hardware’s sample rate with the pulses of the received analog waveform. 

The main purpose of a timing recovery scheme is to estimate the timing offset 

before the received signal is sampled. With the estimated timing offset, the receiving 

hardware can adjust its sampling time to more accurately capture the transmitted signal. 

The algorithm implemented in this project is a decision directed recursive loop [5].  

 

 
 

Figure 2.3 Timing Recovery Logical Block Diagram  

 

 Figure 2.3 illustrates the decision directed timing recovery algorithm implemented 

in the TLL5000 Wireless Transceiver project. Data output from the equalizer is sampled 

at some initial rate with respect to the expected signal’s period. The sample rate is 

modified with the initial timing offset τ[k], and is sent to the quantization module. The 

quantization module’s responsibility is to interpret the analog value of the sampled signal 

and classify it into separate bins based on the value. In this project, the BPSK modulation 

scheme requires the quantization module to classify the analog value into one of two 

bins. As such, the quantization module is set to classify a value as a 1 or -1 based on 
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whether or not the value is greater or less than zero. From there the actual timing 

recovery algorithm is applied to the quantized value in accordance with the following 

formula to determine the next timing offset to apply to the sampler, τ[k + 1]. 

 

τ[k + 1] = τ[k] + µ( Q( y[k] ) – y[k] ) [ y((kT/M) + τ[k] + δ) - y((kT/M) + τ[k] - δ)] 

 

 While this formula seems complicated it can be broken down into several simple 

terms. The symbols µ and δ are constants that represent the step size and timing-offset 

derivative estimation, respectively. The terms y((kT/M) + τ[k] + δ) and y((kT/M) + τ[k] - 

δ) are interpolated values used to calculate the trend of which way the timing offset needs 

to adjust [5]. Due to the algorithm’s recursive nature it consistently uses its past value, 

τ[k]   to calculate its next one, τ[k + 1], factoring in the interpolated values to determine 

the adjustment amount and direction. Initially, the timing adjust could be very imprecise, 

however, as more data is sampled the timing offset will correct itself and converge on the 

correct value.  

 

 
Figure 2.4 Timing Offset Estimation 
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 Figure 2.4 shows a MATLAB simulation of the resulting timing offset estimation 

over a number of iterations of the decision directed recursive algorithm. As illustrated 

above, the timing offset value begins at zero but converges to the correct timing offset 

value after a certain number of iterations are processed. In this case, around 3000 

iterations of the algorithm were needed for the timing offset to converge to its correct 

value. The TLL5000 Wireless Transceiver has been set up to process a large number of 

data points on a regular basis, so 3000 iterations represents a relatively fast convergence 

rate. 
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CHAPTER 3: ARCHITECTURE 

 

3.1 SYSTEM IMPLEMENTATION 

The TLL5000 baseboard has a wide variety of features and ports that allow it to 

be configured to suit a wide variety of applications. Among these features is a Xilinx 

Spartan3 FPGA connected via 80 pins to two separate mezzanine connectors [6]. One of 

these mezzanine connectors is already connected to the TLL-SILC 6219 daughterboard 

while the other is currently unoccupied. It is in this unoccupied mezzanine connector that 

the external transmit/receive daughterboard of the wireless communication system will be 

inserted. 

 

 
 

Figure 3.1 Top Level Logical Block Diagram 

 

Figure 3.1 shows the overall data path that exists between the external 

daughterboard and the TLL-SILC 6219 daughterboard. The control signals that set the 

external daughterboard’s mode of operation are generated in the software application 

running on the TLL-SILC daughterboard’s ARM processor. They are driven out to the 

external daughterboard via the configurable serial port interface (CSPI) to the external 

daughterboard’s control port pins. 
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Transmit and receive data follow different paths on the TLL5000 baseboard due 

to the different signal modification modules that each one requires. For the transmit path, 

the data is first modulated by the modulation function in the software user application and 

sent through the mezzanine connector to the FPGA. The FPGA buffers the data through 

the opposite mezzanine connector to the transceiver daughterboard. The transceiver 

daughterboard processes the data and transmits it via the antenna. This path is shown in 

Figure 3.2. 

 

 
 

Figure 3.2 Transmit Data Path 

 

The receive path is slightly more complicated than the transmit path. When data is 

received at the antenna it is processed by the transceiver daughterboard and driven 

through the mezzanine connector to the FPGA. The FPGA buffers the data in the 

opposite direction towards the i.MX21 mezzanine connector. When the data arrives at the 

TLL-SILC 6219, the user application interprets the incoming data and runs the 

demodulation function. Immediately following demodulation, the data is equalized 

utilizing the adaptive LMS algorithm. Once equalization is complete the signal needs to 

be realigned with the precise phase of when it was originally transmitted. To do this the 

timing recovery module needs to be calibrated and then run on the incoming data. This 

process is illustrated in Figure 3.3. 
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Figure 3.3 Receive Data Path 

 

 It is assumed that the system is modulating data for transmission when it is not 

sampling the RF receiving hardware for input. It is the responsibility of the software user 

application to coordinate the data among all the different communication tools and 

manage the overall data flow. 

 

3.2 HARDWARE IMPLEMENTATION 

The RF receiving hardware was developed by Jason Perkey for use in the spare 

mezzanine port available on the TLL5000 baseboard. The transceiver daughterboard 

utilizes a number of discrete integrated circuit components and contains both receive and 

transmit data paths.  

On the transmit data path, a 14-bit digital signal is generated in the FPGA and 

sent to the AD9857 quadrature digital upconverter for filtering, interpolation, and digital 

quadrature-modulation into separate I and Q channels.  The output of the AD9857 can be 

scaled to maximize the range of the 14-bit DAC before it is driven out in its analog, low-

IF form.  To add additional strength and quality to the transmit signal, it is then passed to 

the AD8375 Voltage Gain Amplifier [8].  The path from the AD9857 quadrature digital 

upconverter to the AD8375 Voltage Gain Amplifier is classified as the TX IF plane and 

is illustrated in Figure 3.4.  
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Figure 3.4 TX IF Plane [10] [11] 

 

Upon exiting the AD8375 Voltage Gain Amplifier, the signal travels from the TX 

IF plane of the printed circuit board to the TX RF plane through a shielded coax cable. 

The TX RF plane represents the final section of the transmit data path where the signal 

goes through modulation and amplification. The AD8343 mixer modulates the signal to 

its final RF frequency.  The high-frequency signal is then boosted by a gain-block 

amplifier and a power-amplifier (PA) before being delivered to the antenna [8]. A 

diagram of the TX RF Plane is illustrated in Figure 3.5. 
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Figure 3.5 TX RF Plane [12] [13] 

 

On the receive data path, the signal on the antenna enters the RX RF Plane 

through the RF-In port of the MC48S803 silicon tuner where it is amplified by a variable-

gain low noise amplifier (LNA) and upconverted to the first intermediate frequency for 

noise filtering.  The signal is then downconverted to a second intermediate frequency for 

additional filtering and amplification [8]. Figure 3.6 shows a block diagram of the RX RF 

Plane. 

 
Figure 3.6 RX RF Plane [14] 
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On the printed circuit board, the signal travels from the RX RF Plane through 

SMA connectors and a shielded coax cable to the AD6653 RX processor on the RF IF 

plane.  The RF IF plane is comprised of a number of components that handle additional 

demodulation and interpretation of the received signal. Immediately upon entry into the 

AD6653 RX processor, the signal is conditioned by the sample-and-hold amplifier (SHA) 

and digitized by an analog to digital converter.  The digital RX signal is then mixed with 

offset carriers for separation into I and Q channels.  The separate results are passed 

through a series of digital filters for rejection of the negative image before coarsely being 

upconverted back to a low-IF for output buffering.  The resulting 12-bit I and Q signals 

can then be sampled on alternating clock cycles by the FPGA for processing by the 

communication software. Figure 3.7 shows a system block diagram of the RX IF Plane. 

 

 
 

Figure 3.7 RX IF Plane [15] 
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3.3 SOFTWARE IMPLEMENTATION 

The software portion of the communication system revolves around a central 

signal transfer protocol created by Vanessa Canac. The transfer protocol is general 

enough in format that it can be built upon and adapted to fit a number of applications 

such as wireless image transmission or remote voice detection. The software developed 

for this project creates the foundation for such a system and coordinates the data among 

the various communication modules discussed in this report. It includes a transmission 

protocol and error correction algorithms to prepare the data for transmission to and 

reception from the external hardware [9]. 

The main responsibility of the software application is to interpret the 

transmit/receive data and modify it accordingly by making the corresponding function 

calls to a particular communication tool. The division of the communication tools along 

the transmit and receive data paths within the software application are illustrated in 

Figure 3.8. 

 

 
 

Figure 3.8 Data Flow Diagram 
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On the transmit path, the main communication tool required is the BPSK 

modulation function. Before the function call is made the software application must first 

take a particular piece of data, in the form of a number, and rearrange it into a vector of 

unsigned integers. This vector is composed of only ones and zeros and represents the 

binary form of the original data. Once the data is properly converted, the software 

application makes the call to the BPSK modulator function and passes the binary vector 

as input. Once the modulation is completed, the BPSK modulator function returns a 14 

bit vector that represents the modulated form of the signal. The actual algorithms of the 

BPSK modulator function are discussed in more detail in Chapter 4. The resulting 14 bit 

vector of modulated data is then driven via a device driver to the FPGA. To send data out 

to the FPGA, the software application must initiate a write operation that is defined in the 

device driver. This write operation takes an input value to be written, in this case the 14 

bit modulated data vector, and applies this value to a particular set of output pins on the 

TLL-SILC 6219 daughterboard. The output pins selected for this system are connected 

via the mezzanine connector of the TLL5000 baseboard to the FPGA. The FPGA 

processes the 14 bit modulated data vector at a frequency of 23MHz before driving it out 

to the TX IF Plane of the external RF receiving hardware. 

The receive path requires additional data coordination by the software application 

due to the extra communication tools required to analyze and modify the received data. 

The main communication modules that are utilized along the receive path are the BPSK 

demodulator, equalization, and timing recovery functions. The software application, in 

accordance with the transmission protocol, continuously polls and collects data from the 

FPGA [9]. It does this by iteratively performing read operations through the device 

driver. The read operation of the device driver, similar to the write operation, gathers data 

from a set of predefined pins and applies it to a variable defined in the software 

application. In this case, the predefined pins are a set of input pins on the TLL-SILC 6219 

daughterboard and the user application variable takes the form of a 12 bit array of 
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unsigned integers. Once again, this vector is composed of only ones and zeroes and 

represents a modulated form of the originally transmitted data. 

Once the received data has been mapped to the internal vector of unsigned 

integers, the software application makes a call to the BPSK demodulator function and 

passes in the 12 bit vector as input. Upon completion, the demodulator function outputs a 

12 bit vector that represents the binary form of the received data. At this point, the 

received data could still contain a number of distortions due to the channel effects it may 

have encountered during transmission. To resolve this, the 12 bit demodulator result is 

passed to the equalizer function as input. The equalizer function applies a coefficient 

vector that is comprised of ten unsigned integers that have been pre-calibrated to 

counteract channel effects. The resulting output of the equalizer is passed to two locations 

by the software application. The first location is the overall system application for which 

this communication system is being utilized. As mentioned earlier, due to the generic 

format of the communication system, it can be adapted to fit a wide variety of system 

applications. The second location is the final communication module of the receive path, 

the timing recovery function.  

The timing recovery function has been implemented to further reduce channel 

distortion affecting the transmitted signal as it travels from transmitter to receiver. The 12 

bit vector outputted by the equalizer function is used as input to a series of interpolation 

algorithms to calculate the timing offset. The timing offset takes the form of an unsigned 

integer and is passed back to the software application. The unsigned integer is utilized to 

modify the sampling time of received data, improving the synchronization between the 

received signal and the originally transmitted signal. The algorithms discussed in this 

chapter are explained in more detail in Chapter 4.   
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CHAPTER 4: SOFTWARE DEVELOPMENT 

 

The key problem that needed to be addressed in this project was to devise a 

method to translate the original MATLAB version of these communication algorithms to 

the C-code equivalent required by the i.MX21’s ARM9 processor. The algorithms 

implemented by all these tools have all been developed and verified in a MATLAB 

environment prior to their translation. They also have been converted to utilize fixed-

point arithmetic in accordance with the i.MX21’s ARM9 processor. 

 

4.1 EQUALIZER FUNCTION 

Translation of the equalizer function was fairly straightforward due to the basic 

mathematical nature of the LMS algorithm used to calculate the transfer function’s 

coefficients. A simple syntax conversion from MATLAB to C was all that was required. 

The function takes in several vectors of unsigned integers as inputs: received training 

data, expected training data, and received normal data. The function also returns a vector  

of unsigned integers containing the filtered equalizer output. The equalizer function is 

divided into two for-loops. The first loop operates on the training data and calculates the 

coefficients of the filter’s transfer function utilizing the following LMS algorithm.  

 

ŝ(i) = w(i) • y(i) 

e(i) = ŝ(i) expected - ŝ(i) 

w(i + 1) = w(i) + 2µ • e(i) • y(i) 

 

In the above expressions, ŝ(i) represents the equalizer output for a particular time 

instant i, w(i) represents the current vector of transfer function coefficients, y(i) represents 

the equalizer input data, and e(i) is the current error between the current equalizer output 
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and the expected value.  At each discrete time instant i, the transfer function coefficients 

utilize the error between the expected equalizer output and the received output to 

automatically adjust and better counteract the negative channel effects for the next 

instance of time. Once the first for-loop completes its iterations, the second for-loop 

applies the now finalized filter coefficients to the received normal data to generate the 

equalizer output. Figure 4.1 shows a MATLAB simulation of the two loop 

implementation of the adaptive LMS algorithm over a number of iterations on the 

training data. From the data it can be seen that the LMS error begins at a very large value 

and as the algorithm iterates, the error between the expected and received data reduces 

dramatically as the transfer function coefficients are finalized. 

 

 
Figure 4.1 LMS Error 

 

4.2 TIMING RECOVERY FUNCTION 

Converting the timing recovery function from MATLAB to standard C code 

proved to be far more complex than the equalizer function. A simple syntax conversion 
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would not work because the original code relies on a function called interpolation. The 

interpolation function calls an internal MATLAB convolution function, which 

complicates the translation process. A translation of the convolution function was not 

feasible under the project time constraints, so an alternate solution was devised. 

MATLAB has a built-in MCC compiler that can be used to generate standalone C-

applications from MATLAB code [7]. This procedure is shown in Figure 4.2. 

 
Source MATLAB Code

C CompilerC Compiler

mcc Compiler

Library Package filesTop Level C file

Object FileObject File

MATLAB Component Runtime (MCR)

Linker

Standalone C Application

 
 

Figure 4.2 MATLAB to C Conversion Procedure 

 

For the timing recovery function, interpolation was processed as the source 

MATLAB code and formatted to comply with the MCC compiler specifications. Once 

formatting was completed, the library package files were generated using the following 

command. 

mcc –W lib:libPkg –T link:exe interpolate timing_recovery.c 
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When these library files are included with the top level C-file for timing recovery, 

the code compiles with any standard C-compiler. This includes the armcc compiler 

utilized for compilation of C-code for the i.MX21’s ARM9 processor. The timing 

recovery function takes in as input a vector corresponding to a particular output data 

point of the equalizer function discussed above and an integer value corresponding to the 

previously calculated timing offset. After defining all the constants to be used in the 

calculation, a function called mlfInterpolation is called to interpolate the data and 

populate the variables needed for the timing offset calculation.  

After quantizing the interpolated values, the formula discussed in Chapter 2 is 

applied with the resulting timing offset being returned to the function caller so that it can 

be applied to the data input sampler. Once the data is sampled and equalized again, the 

timing recovery function will again be called to calculate a new timing offset. It is the 

responsibility of the function caller to store the previously calculated timing offset and 

pass it as an input to the next iteration of the timing recovery function. 

 

4.3 MODULATOR AND DEMODULATOR FUNCTIONS 

Like the timing recovery function, the modulator and demodulator functions rely 

on internal MATLAB functions to operate, so the same MCC compiler approach would 

be needed to translate these functions as well. In this case, the pmmod and pmdemod 

functions were used as the MATLAB source code. The pmmod function takes a carrier 

frequency, sampling frequency, phase deviation, and an input signal represented as a 

vector of unsigned integers as input, and returns the BPSK modulated representation of 

the signal. Similarly, the pmdemod function takes in the same inputs and returns the 

demodulated signal. By using a phase deviation of 180 degrees, we can set the pmmod 

and pmdemod functions to perform BPSK modulation and demodulation.  
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The actual C-implementation of the modulation function begins by first spreading 

the original data across a preset PN sequence using the spread spectrum technique. The 

spread spectrum technique refers to the process of taking a particular signal and 

deliberately distributing it across several frequencies in the frequency domain resulting in 

a greater bandwidth. By spreading the message before modulation an extra level stability 

is introduced as this technique adds an extra barrier to guard against noise distortion. 

Once the original signal has been properly spread, the mlfModulate function, which is the 

MCC compiled form of the pmmod function, is called to modulate the signal and send it 

to the transmitting hardware. 

The demodulation function is structured very similar to the modulation function, 

except the order is reversed. When the transmitted signal is received by the antenna the 

demodulator first calls the mlfDemodulate function, the MCC compiled form of the 

pmdemod function. The demodulated signal is then de-spread from its multiple frequency 

domains using the same PN sequence that was used in the modulation function. The 

resulting demodulated and de-spread signal can then be passed on to the equalizer. 
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CHAPTER 5: CONCLUSION 

This report has outlined the design and development of the various 

communication theory tools utilized by the wireless communication system for the 

TLL5000 baseboard. Over the course of this project, a great deal of work has been 

completed to format these tools to fit the i.MX21 environment, the transmission protocol 

and error correction software owned by Vanessa Canac, and the external RF hardware 

developed by Jason Perkey. 

Further development would be required to integrate the functions outlined in this 

paper with the top level software application and the transmission protocol software 

written by Vanessa Canac, but the initial foundation has been formed. In addition, 

integration between the hardware designed and developed by Perkey with the software 

portion of the project would also be required to create a fully functional system. The final 

result of this project has been the development of a firm base for a wireless 

communications system on the TLL5000 baseboard, but further work is necessary to 

integrate all the various pieces together.  

Over the course of this project a “software toolbox” of various communication 

algorithms was created and verified using MATLAB. In addition, a method for 

converting the MATLAB code into a format that would run in the C-environment 

required by the i.MX21’s ARM9 processor was discovered, tested, and implemented 

successfully. The tools discussed in this and the two companion papers for this project 

will enable future students to complete a wireless transceiver for the TLL5000 baseboard 

that will allow for data transmission from one board to another. 
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APPENDIX 

BPSK MODULATION SOURCE C-CODE: 

 
int BPSK_mod(unsigned int* msg_unspread, unsigned int* msg_tx) 
{ 
 int f_data=1;            /* Data Frequency */ 
 int f_chip=11;           /* Length of Chip Sequence */ 
 int fc = 220;             /* Carrier Frequency (Hz) */ 
 int fs = fc*3;            /* Sampling Frequency (Hz) */ 
 int N = fs/f_chip;        /* Coding Rate */ 
 int data_length=1000;   
 int M = 2;                /* Binary Level Coding */ 
 int piHalf = 3.14/2; 
 mxArray *msg_mod = NULL;     /* Result matrix. */ 
 const char *fname;  /* pointers to field names */ 
 mxArray *field_array_ptr; 
 
 unsigned int msg_orig[data_length]; 
 int PN_sequence[11] = {0, 1, 0, 1, 1, 0, 1, 0, 0, 1, 0}; /* 
Generation of PN Seqeuence */ 
 
     /* Call the mclInitializeApplication routine. Make sure that the 
application 
      * was initialized properly by checking the return status. This 
initialization 
      * has to be done before calling any MATLAB API's or MATLAB 
Compiler generated 
      * shared library functions. */      
 if( !mclInitializeApplication(NULL,0) ) 
     { 
         fprintf(stderr, "Could not initialize the application.\n"); 
         return -2; 
     } 
   
 /* Call the library intialization routine and make sure that the 
      * library was initialized properly */ 
     if (!libPkgInitialize()) 
     { 
        fprintf(stderr,"Could not initialize the 
library.\n"); 
        return -3; 
     } 
 
 /* Generation of the Spreaded Message */ 
 int j = 0; 
 int i; 
 for(i = 0; i < data_length; i++) 
 { 
  int k; 
      for(k = j; k < j+f_chip; k++) 
  { 
          msg_orig[k] = msg_unspread[i]; 
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      } 
 
  int count = 0; 
  int l; 
  for(l = j; l < j+f_chip; l++) 
  { 
   if((msg_orig[l] == 0 && PN_sequence[count] == 1) || 
(msg_orig[l] == 1 && PN_sequence[count] == 0)) 
   { 
    msg_orig[l] = 1; 
   } 
   else 
   { 
    msg_orig[l] = 0; 
   } 
   count++; 
  } 
      j = f_chip*(i+1);     
 } 
 
 /* Modulating the Spread Message, BPSK requires a phase deviation 
of pi/2 */ 
 mlfModulate(1, &msg_mod, msg_orig, fc, fs, piHalf); 
 
 int m; 
 for(m = 0; m < data_length; m++) 
 { 
  fname = mxGetFieldNameByNumber(msg_mod, 0); 
  field_array_ptr = mxGetField(msg_mod, m, fname); 
  unsigned int m_tmp = mxGetScalar(field_array_ptr); 
  msg_tx[m] = m_tmp; 
 } 
} 

 

BPSK MODULATION SOURCE MATLAB CODE: 

 
function y = modulate(x,Fc,Fs,phasedev) 
%PMMOD Phase modulation. 
%   Y = PMMOD(X,Fc,Fs,PHASEDEV) uses the message signal X to phase 
%   modulate the carrier frequency Fc (Hz). Fc and X have sample 
frequency 
%   Fs (Hz), where Fs >= 2*Fc. PHASEDEV (radians) is the frequency 
deviation of 
%   the modulated signal. 
% 
%   Y = PMMOD(X,Fc,Fs,PHASEDEV,INI_PHASE) specifies the initial phase 
%   (radians) of the modulated signal. 
% 
%   See also PMDEMOD, FMMOD, FMDEMOD. 
 
%    Copyright 1996-2007 The MathWorks, Inc.  
%   $Revision: 1.1.6.2 $  $Date: 2007/08/03 21:17:54 $ 
 
if(nargin>5) 
    error('comm:pmmod:tooManyInputs','Too many input arguments.'); 
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end 
 
if(~isreal(x)|| ~ isnumeric(x)) 
    error('comm:pmmod:NonRealX','X must be real.'); 
end 
 
if(~isreal(Fs) || ~isscalar(Fs) || Fs<=0 || ~isnumeric(Fs) ) 
    error('comm:pmmod:InvalidFs','Fs must be a real, positive 
scalar.'); 
end 
 
if(~isreal(Fc) || ~isscalar(Fc) || Fc<=0 ||~isnumeric(Fc) ) 
    error('comm:pmmod:InvalidFc','Fc must be a real, positive 
scalar.'); 
end 
 
if(~isreal(phasedev) || ~isscalar(phasedev) || phasedev<=0 
||~isnumeric(phasedev) ) 
    error('comm:pmmod:InvalidPhaseDev','PHASEDEV must be a real, 
positive scalar.'); 
end 
 
% check that Fs must be greater than 2*Fc 
if(Fs<2*Fc) 
    error('comm:pmmod:FsLessThan2Fc','Fs must be at least 2*Fc'); 
end 
 
%ini_phase = 0; 
%if(nargin == 5) 
%    ini_phase = varargin{1}; 
%    if(isempty(ini_phase)) 
%        ini_phase = 0; 
%    end 
%    if(~isreal(ini_phase) || ~isscalar(ini_phase) || 
~isnumeric(ini_phase) ) 
%        error('comm:pmmod:InvalidIni_Phase','INI_PHASE must be a real 
scalar.'); 
%    end 
%end 
 
% --- Assure that X, if one dimensional, has the correct orientation --
- % 
len = size(x,1); 
if(len == 1) 
    x = x(:); 
end 
 
t = (0:1/Fs:((size(x,1)-1)/Fs))'; 
t = t(:,ones(1,size(x,2))); 
   
y = cos(2*pi*Fc*t + phasedev*x + ini_phase);    
 
% --- restore the output signal to the original orientation --- % 
if(len == 1) 
    y = y'; 
end 
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BPSK DEMODULATION SOURCE C-CODE: 

 
int BPSK_demod(unsigned int* msg_rx, unsigned int* msg_demod_rec) 
{         
 int f_data = 1;            /* Data Frequency */ 
 int f_chip = 11;           /* Length of Chip Sequence */ 
 int fc = 220;             /* Carrier Frequency (Hz) */ 
 int fs = fc*3;            /* Sampling Frequency (Hz) */ 
 int N = fs/f_chip;        /* Coding Rate */ 
 int data_length = 1000;   
 int piHalf = 3.14/2; 
 int sum; 
  
 mxArray *msg_dmod = NULL;     /* Result matrix. */ 
 const char *fname;  /* pointers to field names */ 
 mxArray *field_array_ptr; 
  
 unsigned int msg_demod[data_length]; 
 int PN_sequence[11] = {0, 1, 0, 1, 1, 0, 1, 0, 0, 1, 0}; /* 
Generation of PN Seqeuence */ 
      
 /* Call the mclInitializeApplication routine. Make sure that the 
application 
      * was initialized properly by checking the return status. This 
initialization 
      * has to be done before calling any MATLAB API's or MATLAB 
Compiler generated 
      * shared library functions. */      
 if( !mclInitializeApplication(NULL,0) ) 
     { 
         fprintf(stderr, "Could not initialize the application.\n"); 
         return -2; 
     } 
   
 /* Call the library intialization routine and make sure that the 
      * library was initialized properly */ 
     if (!libPkgInitialize()) 
     { 
        fprintf(stderr,"Could not initialize the 
library.\n"); 
        return -3; 
     } 
 
 /* Demodulating the Received Signal, BPSK requires a phase 
deviation of pi/2 */ 
 mlfDemodulate(1, &msg_dmod, msg_rx, fc, fs, piHalf, 0); 
  
 int m; 
 for(m = 0; m < data_length; m++) 
 { 
  fname = mxGetFieldNameByNumber(msg_dmod, 0); 
  field_array_ptr = mxGetField(msg_dmod, m, fname); 
  unsigned int m_tmp = mxGetScalar(field_array_ptr); 
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  msg_demod[m] = m_tmp; 
 }  
 
    /* Correlating with the PN Sequence */ 
     int j = 0; 
 int i; 
     for(i = 0; i < data_length; i++) 
 { 
  int count = 0; 
  int l; 
  for(l = j; l < j+f_chip; l++) 
  { 
   if((msg_demod[l] == 0 && PN_sequence[count] == 1) || 
(msg_demod[l] == 1 && PN_sequence[count] == 0)) 
   { 
    msg_demod[l] = 1; 
   } 
   else 
   { 
    msg_demod[l] = 0; 
   } 
   count++; 
  }        
        j = f_chip*(i+1);     
     } 
 
    /* Despreading the Receieved Signal */ 
     j = 0; 
     for(i = 0; i < data_length; i++) 
 { 
        sum = 0; 
  int k; 
        for(k = j; k < j+f_chip; k++) 
  { 
          sum = sum + msg_demod[k]; 
        } 
  if (sum >= 7) 
  { 
          msg_demod_rec[i] = 1; 
  } 
        else 
  { 
          msg_demod_rec[i] = 0; 
  } 
      j = f_chip*(i+1);     
     } 
} 
 

BPSK DEMODULATION SOURCE MATLAB CODE: 

 
function z = demodulate(y,Fc,Fs,phasedev,ini_phase) 
%PMDEMOD Phase demodulation. 
%   Z = PMDEMOD(Y,Fc,Fs,PHASEDEV) demodulates the phase modulated 
signal Y 
%   at the carrier frequency Fc (Hz). Fc and Y have sample frequency Fs 
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%   (Hz). PHASEDEV (Hz) is the frequency deviation of the modulated 
signal. 
% 
%   Z = PMDEMOD(Y,Fc,Fs,PHASEDEV,INI_PHASE) specifies the initial phase 
%   (radians) of the modulated signal. 
%  
%   See also PMMOD, FMMOD, FMDEMOD. 
%    Copyright 1996-2007 The MathWorks, Inc.  
%   $Revision: 1.1.6.3 $  $Date: 2007/08/03 21:17:53 $ 
if(nargin>5) 
    error('MATLAB:TooManyInputs','Too many input arguments.'); 
end 
 
if(~isreal(y)) 
    error('comm:pmdemod:NonRealY','Y must be real.'); 
end 
 
if(~isreal(Fs) || ~isscalar(Fs) || Fs<=0 ) 
    error('comm:pmdemod:InvalidFs','Fs must be a real, positive 
scalar.'); 
end 
if(~isreal(Fc) || ~isscalar(Fc) || Fc<=0 ) 
    error('comm:pmdemod:InvalidFc','Fc must be a real, positive 
scalar.'); 
end 
 
if(~isreal(phasedev) || ~isscalar(phasedev) || phasedev<=0) 
    error('comm:pmdemod:InvalidPhaseDev','PHASEDEV must be a real, 
positive scalar.'); 
end 
 
if(nargin<5 || isempty(ini_phase) ) 
    ini_phase = 0; 
elseif(~isreal(ini_phase) || ~isscalar(ini_phase) ) 
    error('comm:pmdemod:InvalidIni_Phase','INI_PHASE must be a real 
scalar.'); 
end 
% check that Fs must be greater than 2*Fc 
if(Fs<2*Fc) 
    error('comm:pmdemod:FsLessThan2Fc','Fs must be at least 2*Fc'); 
end 
 
% --- Assure that Y, if one dimensional, has the correct orientation --
- % 
len = size(y,1); 
if(len ==1) 
    y = y(:); 
end 
t = (0:1/Fs:((size(y,1)-1)/Fs))'; 
t = t(:,ones(1,size(y,2))); 
 yq = hilbert(y).*exp(-j*2*pi*Fc*t - j*2*pi*ini_phase); 
 z = (1/phasedev)*angle(yq); 
  
 % --- restore the output signal to the original orientation --- % 
if(len == 1) 
    z = z'; 
end 
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EQUALIZER SOURCE C-CODE: 

 
#include <stdio.h> 
#include <math.h> 
#include "matrix.h" 
#include "libPkg.h" 
#include "main_for_lib.h" 
 
void equalizer(unsigned int *rx_data_trng, unsigned int 
*expected_output_trng, unsigned int *rx_data_norm, unsigned int 
*filtered_outputData) 
{ 
 int w[10] = {1, 0, 0, 0, 0, 0, 0, 0, 0, 0}; 
 int u = 1e-6; 
 unsigned int y[10] = {0, 0, 0, 0, 0, 0, 0, 0, 0, 0}; 
 unsigned int z[10] = {0, 0, 0, 0, 0, 0, 0, 0, 0, 0};  
 int filter_length = 10; 
 int NUM_TRNG_SAMPLES = 2500; 
 int NUM_NORM_SAMPLES = 5000; 
 unsigned int d, e; 
 
 /* determine w coeffcients using LMS algorithm */  
 int i, j, k, l; 
 for(i = 0; i < NUM_TRNG_SAMPLES; i++) 
 { 
  unsigned int ytemp[10] = {rx_data_trng[i], y[0], y[1], 
y[2], y[3], y[4], y[5], y[6], y[7], y[8]}; 
   
  for(l = 0; l < 10; l++) 
  { 
   y[l] = ytemp[l]; 
  }  
  d = 0; 
  for(j = 0; j < filter_length; j++) 
  { 
   d = d + (w[j] * y[j]); 
  } 
  e = expected_output_trng[i] - d; 
   
  int k; 
      for(k = 0; k < filter_length; k++) 
  { 
          w[k] = w[k] + (2*u*e*y[k]); 
      } 
 }  
 for(i = 0; i < NUM_NORM_SAMPLES; i++) 
 { 
  unsigned int ztemp[10] = {rx_data_norm[i], z[0], z[1], 
z[2], z[3], z[4], z[5], z[6], z[7], z[8]}; 
   
  for(l = 0; l < 10; l++) 
  { 
   z[l] = ztemp[l]; 
  }  
  d = 0; 
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  for(j = 0; j < filter_length; j++) 
  { 
   d = d + (w[j] * z[j]); 
  }     
  filtered_outputData[i] = d; 
 }  
} 

TIMING RECOVERY SOURCE C-CODE: 

 
int timing_recovery(unsigned int* timing_offset, const char  *av[]) 
{ 
 int mu = 0.003; 
 int delta = 0.1; 
 int half_length = 50; 
 int oversampl = 2; 
 int num_sample = 5000; 
 int index = 0; 
         
 mxArray *ysArray = NULL;     /* Result matrix. */ 
        mxArray *ydp = NULL; 
        mxArray *ydm = NULL; 
  
 const char *fname;  /* pointers to field names */ 
 mxArray *field_array_ptr; 
  
 int tcurrent = half_length*oversampl+1; 
 int tau = 0; 
 int qy; 
 timing_offset[0] = tau; 
      
 /* Call the mclInitializeApplication routine. Make sure that the 
application 
      * was initialized properly by checking the return status. This 
initialization 
      * has to be done before calling any MATLAB API's or MATLAB 
Compiler generated 
      * shared library functions. */ 
 
     if( !mclInitializeApplication(NULL,0) ) 
     { 
         fprintf(stderr, "Could not initialize the application.\n"); 
         return -2; 
     } 
   
 /* Call the library intialization routine and make sure that the 
      * library was initialized properly */ 
     if (!libPkgInitialize()) 
     { 
        fprintf(stderr,"Could not initialize the 
library.\n"); 
        return -3; 
     } 
 int i; 
 for(i = 1; i < num_sample; i++) 



 32 

 { 
  mlfInterpolation(1, &ysArray, mu,tcurrent+tau,half_length); 
  mlfInterpolation(1, &ydp, 
mu,tcurrent+tau+delta,half_length); 
  mlfInterpolation(1, &ydm, mu, tcurrent+tau-
delta,half_length); 
 
  /* Obtaining mxArray values */ 
  fname = mxGetFieldNameByNumber(ydp, index); 
  field_array_ptr = mxGetField(ydp, index, fname); 
  int y_deltap = mxGetScalar(field_array_ptr); 
 
  fname = mxGetFieldNameByNumber(ydm, index);   
  field_array_ptr = mxGetField(ydm, index, fname); 
  int y_deltam = mxGetScalar(field_array_ptr); 
 
  fname = mxGetFieldNameByNumber(ysArray, index); 
  field_array_ptr = mxGetField(ysArray, index, fname); 
  int ys = mxGetScalar(field_array_ptr);     
  int dy = y_deltap - y_deltam; 
 
  /* BPSK Quantization */ 
  if(ys < 0) 
  { 
   qy = -1; 
  } 
  else 
  { 
   qy = 1; 
  } 
  tau = tau + mu*dy*(qy-ys); 
  tcurrent = tcurrent+oversampl; 
  timing_offset[i] = tau; 
 } 
} 

INTERPOLATION SOURCE MATLAB CODE: 

 
function y=interpolation(x, t, l) 
% interpolate to find a single point using the direct method 
%        x = sampled data 
%        t = place at which value desired 
%        l = one sided length of data to interpolate 
%        beta = rolloff factor for SRRC function 
%             = 0 is a sinc 
beta=0;         % if unspecified, beta is 0 
tnow=round(t);                      % create indices tnow=integer part 
tau=t-round(t);                     % plus tau=fractional part 
s_tau=4*beta*(cos((1+beta)*pi*k)+ sin((1-
beta)*pi*k)/(4*beta*k))/(pi*(1-16*(beta*k)^2)); 
x_tau=conv(x(tnow-l:tnow+l),s_tau); % interpolate the signal 

y=x_tau(2*l+1);                     % the new sample 
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