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Abstract 

There are three main components in digital, wireless, voice communication 

systems: taking an analog signal of varying values and changing that into a stream of 

ones and zeros (Analog to Digital Conversion-ADC), processing and sending the new 

digital signal, and then recreating the original analog signal on the other end (Digital to 

Analog Conversion-DAC). In this project we used a TI MSP-TRF6901-DEMO kit and 

an Analog Devices DAC8512 digital to analog converter to implement a digital, wireless 

communication system with forward enor conection. Hardware limitations prevented 

the system from transmitting and receiving satisfactory voice data. The system is capable 

of reproducing simple tones under 1.5 KHz. The communication system operates in the 

900 MHz ISM band and transmits packet data using FSK modulation. 
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1 Background 

(Jacob DePriest) 

As the demand for mobile technology has increased rapidly over last several 

years, the need for reliable wireless voice communication has become one of the main 

focuses of the technological world. From cell phones to digital radio, wireless voice data 

is becoming an integral part of our society and will continue to affect many areas of our 

Ii ves. 

Certain technologies such as two way radios, many home telephones, and 

standard FM and AM radio still rely on analog communication to transmit voice 

wirelessly. However, this method does not ensure the reliable transfer of data and leads 

to less than clear voice communication. Digital communication alleviates many of these 

issues, but brings with it a whole new set of problems. 

Digital voice communication is composed of three main areas: taking an analog 

signal of varying values and changing that into a stream of ones and zeros (Analog to 

Digital Conversion-ADC), processing and sending the new digital signal, and then 

recreating the original analog signal on the other end (Digital to Analog Conversion­

DAC). The ADC and DAC processes must be adjusted to the environment that they are 

being used. In voice communication, the ADC step must take a sufficient number of 

samples per second in order to be able to recreate the signal on the other end. It must also 

take the samples with some amount of precision for the same reason. The DAC step 

must be able to interface with some output, usually a speaker of some kind, by taking the 

received digital signal and converting it into an analog signal that can drive the speakers. 

The majority of variation among different wireless digital communication 

schemes is located in the second step of the overall process: processing and sending the 
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digital signal. Digital conlmunication provides the opportunity for error detection and 

correction of transmitted data and allows very reliable data transfer because of these 

prospects. By using error correction algorithms, the receiver knows when the data it 

received is bad and can correct it in certain circumstances to produce the exact 

transmitted signal even though it was not received correctly. There are many ways to add 

information to the digital signal before it is sent in order to correct and detect errors in the 

received signal. 

There are many issues to be overcome in each of the three main steps of wireless 

digital communication. This report will focus on the analog to digital conversion of 

voice and the digital to analog conversion of the received signal back into an audible 

voice signal. 

2 Introduction 

(Jacob DePriest) 

We set out to implement a full duplex, digital, wireless voice communication 

system. This project incorporated all three of the digital voice communication areas 

described above and required us to exercise our knowledge of digital communication 

learned in Communication System Design and previous communication classes. 

Our main platform for development was the TI MSP-TRF6901-DEMO kit which 

incorporates the MSP430F449 microcontroller and the TRF6901 transceiver. The 

MSP430F449 has a built in 12-bit ADC that can sample at over 200 thousand samples 

per second; the external microphone was connected to the ADC. We used the Analog 

Devices DAC8512 as our external DAC which the speakers are connected to as seen in 
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Figure 2.1 below. The MSP430F449 was programmed using basic C under the IAR 

Embedded Workbench software application (www.iar.com). 

The TRF6901 operates in the unlicensed 868-MHz and 915-MHz bands which are 

used for scientific, industrial, and medical purposes. It transmits data using FSK 

(Frequency Shift Keying) or OaK (On-Off Keying). The TI MSP-TRF6901-DEMO kit 

comes preconfigured to operate between 902 MHz and 917 MHz based on a user-

configurable dip switch and is set to use FSK modulation. The output transmission rate 

of the demo boards is preset to 38.4 kbps with a maximum achievable rate of 64 kbps. 

The boards are powered by 2 AAA batteries each and have 4 programmable buttons. The 

boards can be seen in Appendix D. 

This report details the challenges we faced in implementing a full duplex, digital, 

wireless voice communication system, the solutions we carne up with to address some of 

these challenges, and the final resu1ts of our endeavors. We will also discuss possible 

solutions to problems that were not solved during this process. Each of the components 

of the system will be discussed in detail and we wi 11 clarify our results. 

Figure 2.1 - Overview of design 
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3 ADC - Analog to Digital Conversion 

(Jacob DePriest) 

As stated above, the MSP430F449 contains a buiJt-in 12-bit ADC which was used 

in the conversion of the analog voice signal received from the microphone and convet1ed 

into a digital signal to be sent over the wireless link. The main objective of this step was 

to take enough voice samples per second to accurately recreate the voice on the receiver 

side, but not to take so many samples that the amount of information would slow down 

the sending and receiving process. An exanlple of this process can be seen in Figure 3.1. 

I' I' I. I ,I' I·, I I· F I, I 1 I· .• 1 1 

1711915114101:::1141 
http://entertainmenLhowstuffworks.eom/analog-digitaI3.htm 

Figure 3.1 - Sampling an analog signal 

The first step in the analog to digital conversion process involves connecting the 

microphone to the TI MSP-TRF6901-DEMO board. The MSP430F449 has 8 
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individually configurable inputs/outputs to the ADC, and these are referenced as AO 

through A 7 on the schematic of the board seen in Appendix A. We chose to take input 

from the microphone on pin A4. The microphone was connected to the board through the 

use of a three way conductor socket, GC Electronics 30-574, so that any microphone 

could be used. The setup of the microphone circuit is shown below in Figure 3.2. 

r 
POT <~ ...... __ -----.LJ\ l\ll/III.------1 :> 1111 I Out 

:\~icrophon~ Jack 

Figure 3.2 - Microphone Setup 

Once the microphone is connected properly, the ADC nlust be configured in the 

software. It must first be turned on and the reference voltage set, then the appropriate 

input pines) must be enabled (in this case: A4). Finally, conversions must be enabled, 

and then it becomes a matter of taking samples from the microphone at the appropriate 

speed. Once a sample is taken, the 12 bit value is stored in a register on the 

MSP430F449 and can subsequently be processed and sent to the recei ver before taking 

another sample. 

The standard bandwidth for voice is considered to be 3 kHz, so according to 

Nyquist's theorem one must sample a voice signal at greater than twice the highest 

frequency in order to recreate that signal accurately, so we had to sample our signal at 6 

kHz. To configure the ADC to sample at 6 kHz, we added timing loops to the sampling 

process that wait a specific amount of clock cycles before taking another sample. We 
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also had to account for the transn1ission time of each sample in the timing of the sampling 

loop. 

4 DAC - Digital to Analog Conversion 

(Jacob DePriest) 

Since the MSP430F449 does not have a built in DAC, we were forced to purchase 

a separate IC to do the job. We chose the 12-bit Analog Devices DAC8512 mainly 

because it takes a serial input, which simplifies the process of output data from the 

MSP430 to the DAC, and because of its convenient package. The pin configuration, 

timing diagram, and control logic truth table for the 8-DIP package can be found in 

Appendix B. There were two basic parts of the DAC to configure: the DAC8512 output 

to the speakers and the MSP430 output to the DAC8512. 

As seen in the truth table for the DAC85 12 in Appendix B.2, the IC is controlled 

my three main inputs: the SDI pin (Serial Data Input), the LD pin (load input low), and 

the CS or CLK pin (these can be used interchangeably - we chose the CLK pin). The 

basic operation of the DAC is as fo]lows: on every rising edge of the CLK input the shift 

register data in the DAC is advanced one bit, with the LSB being the current bit value of 

the SDI pin input. On the falling edge of the LD input pin, the main DAC register is 

updated with the current contents of the input shift register. 

Based on the operation of the DAC8512, we configured the MSP430 to have 3 

output pins to interface directly with the IC. We chose I/O node P4 for the connection 

and specifically used P4.2 as the SDI interface, P4.3 as the CLK interface, and P4.4 as 

the LD interface. These pins were configured and controlled in the software which can 

be seen in Appendix E. 
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The algorithnl for outputting a 12 bit sample involves taking a sample and 

stepping through each bit of that sample determining if that bit is a 1 or a O. The SDI pin 

is set high or low accordingly and then the CLK pin is shifted from low to high creating a 

rising edge and inserting the new bit value into the DAC shift register. After this is done 

for all 12 bits, the LD pin is shifted from high to low creating a falling edge which 

updates the main DAC register with the new contents of the shift register. 

The output of the DAC8512 is fed directly into another three way conductor 

socket connected to a speaker. This circuit can be seen in figure 4.1 below. The speaker 

can be powered externally, but the change in the input voice signal is enough to drive an 

unpowered 8 Ohm speaker. The speed of the DAC is only limited by the speed at which 

the MSP430 can give it information in the current setup. 

Speaker 

Scereo Om 

Figure 4.1- Speaker Setup 

5 Data Transmission 

(Jason Markley) 

Once the input has been sampled by the ADC, it needs to be transmitted to the 

other board wirelessly. The TRF6901 is capable of using FSK and OOK modulation, and 

can transmit at a rate of up to 64kbps. The demo boards came pre-configured for FSK 

operation at 38.4kpbs and had several hardware limitations that prevented us from being 

able to transmit voice across the wireless link. 
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5.1 Transmitting Bits on the TRF6901 

Transmitting data to the TRF6901 is rather simple. There are two registers the 

hold configuration information for two different modes of operation. In our case, one 

register was setup for transmission, and one for reception. In order to transmit data, first 

one needs to set the mode line to the logic '0' or ' l' that corresponds to which 

configuration settings to use. Then the Lx_data line needs to be set to the logic '0' or '1' 

that is desired to be transmitted. Finally, the TRF6901 's -STDBY line is taken to a logic 

'1' which will take the transceiver out of standby mode and instruct it to transmit the 

logic level that is on the tx_data line. Thus, pseudo code to transmit a '1' and then a '0' .. 

would look like the following: 

1. Set mode to tx_mode 
2. Set tx_data to logic' 1 ' 
3. Set -STDBY to logic' 1 ' 
4. Wait for duration of the' l' bit (l symbol time) 
5. Set tx_data to logic '0' 
6. Wait for duration of the '0' bit (l symbol time) 
7. Set -STDBY to logic '0' 

5.2 Increasing Transmission Speed 

The demo code that came with the boards includes a send_RF routine which is 

responsible for sending data to the TRF6901. Below is an excerpt of the code that 

generates the training sequence for each packet transmission. A training sequence is an 

alternating stream of ' l' sand '0' s that is sent at the beginning of each packet. The 

purpose of the training sequence for this application is to properly charge the receiver's 
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capacitor so that it will be able to accurately discriminate between logic' l' and '0'. See 

section 5.3.1 of [Trf03] for more detail. 

CPU off 
sequence -

toggle TXDATA(P2.2} 
decrement counter for the 

length of the exactly 

It is evident from this code that the transmission speed of the TRF6901 is directly 

controlled by the speed with which the data and control lines are toggled. Line 2 puts the 

MSP430 into a low power state. The MSP430 waits until a watchdog timer interrupt is 

received before it resumes the code loop. In this case, the training sequence loop is 

described as being 26.04jls in length, which corresponds to a 38.4kbps transmission rate, 

which is the preconfigured transmission rate described in the documentation. The 

documentation does state however, that the TRF6901 can achieve reliable transmission at 

rates of up to 64kbps, so if we could effectively increase the code execution rate on the 

MSP30, we could get the TRF6901 to transmit faster. The preconfigured c10ck rate of 

the MSP430 is approximately 2.4 MHz. If 2.4 MHz corresponds to a transmission rate of 

38.4kbps, then we need to increase the clock rate by a factor of 64/38.4 = 1.67. This 

corresponds to a c10ck rate of 2.4 MHz * 1.67 = 4 Mhz. We were able to issue the 

fol1owing commands to reconfigure the master clock on the MSP430, resulting in the 

desired c10ck rate increase. 

SCFID I FN_4; 
SCFQCTL = 63; 

//set nominal frequency (1.3-12.1 MHz) 
//(63+1) x 32768 Hz x 2 4 MHz 

5.3 Bandwidth Considerations 
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In order to transnlit our data effectively, we needed to do so with enough speed 

that we could decode the data, and send it to the DAC at a fast enough rate so that audible 

speech would be heard on the speaker. Here is where we ran into some rather significant 

hardware limitations of the MSP-TRF6901-DEMO board. The most notable limitations 

were required channel speed, having to transmit multiples of 2 words at a time, the 

receiver's capacitor for logic' l' and '0' discrimination, and storage space available on 

the MSP430. 

5.4 Channel Speed 

As stated above, the board came preconfigured to operate at 38.4kbps. Trying to 

send 12 bit samples over a 38.4kbps channel would result in a maximum sample 

transmission rate of 38.4kbps / 12bits = 3kHz. According to Nyquist's sampling 

theorem, this means we would only be able to reliably reconstruct frequencies up to 3 

kHz / 2 = 1.5 kHz, certainly not enough for typical voice (which requires approximately 3 

kHz bandwidth). We would need to speed up the TRF6901 's transmission rate to the 

maximum specified rate of 64kbps in order to achieve acceptable voice recovery. We 

were in fact able to speed up the transmission rate to 64kbps, but this was not our only 

problem. We also had to consider the overhead in the system which among others 

includes word transmission limitations. 

5.5 Word Transmission 

In the current configuration for the TRF690 I, it is only capable of sending words 

in multiples of two. Our data samples are 12 bits long, and the word size of the MSP430 
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is 2 bytes or 16 bits. Thus, when we send one data sample, we are required to send 16 

total hits, not just the 12 that contain our data sample. This means that our maximum 

transmission rate is now 64kbps I 16bits = 4 kHz and a corresponding maximum 

recoverable frequency of 2 kHz. 

5.6 Effective Packet Transmission 

Word transmission was not the only overhead in the system. The above limitation 

on speed and word transmission assumes that there is constant data transmission or the 

continuous streaming of data. The MSP-TRF6901-DEMO board designed for packet 

transmission. There is a capacitor that is used during reception that needs to remain 

charged in order to distinguish between a logic' l' and '0'. The number of bits able to be 

received consecutively is limited to the ability of the capacitor to remain charged to an 

acceptable level. The TRF6901 documentation states that this time is approximately 

several seconds. This, however, prevents us from using a circuit type of transmission 

(streaming data) and forces us to use a packet based transmission. 

In packet based transmission, a preamble is send before each packet for 

synchronization of the words. In the TRF6901 's case, this also allows for the charging of 

the capacitor so that it is able to properly distinguish between logic 1 and O. The MSP­

TRF6901-DEMO documentation (section 5.3) describes a preamble of 100 bits, with 

start, stop and word sync bits. The documentation states that a shorter preamble nlay be 

used for more time sensitive transmission, but does not state how short a preamble wil1 

provide reliable bit extraction. 
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Packet based transmission greatly reduces our ability to send recoverable voice 

data. Instead of 16bits per sample (because of the even word limitation), now we are 

being forced to send a minimum of preamble_length + 16 + 3 bits for each sample. We 

found some evidence online that the TRF6901 cannot recover data with a preamble of 

less than 32bits. This came from another group that did a project with the TRF6901 who 

posted their report online [BTS03]. Even with a preamble of only 8 bits however, this 

reduces our maximum transmission rate to 64 kbps/ 27 bits = 2.43 kHz, cOlTesponding to 

a maximum recoverable frequency of 2.43 kHz / 2 1.21 kHz. 

5.7 Packet Radio 

Oi ven the above hardware limitations, we attempted to implement a packet radio 

solution. This type of solution would seek to record many data samples at once, and then 

transmit themal1 in one packet, getting around the overhead of needing a preamble for 

every data packet. We needed to keep in mind that we would not be able to record more 

than a few seconds worth of data because of the limitation on the capacitor used in 

reception. We would need a preamble to recharge the capacitor every few seconds. If we 

limit the reception of bits to 2 seconds, and assume we are transmitting at a rate of 

64kbps, this means we can only send 131,072 bits (128KB) before we need another 

preamble to recharge the capacitor. With 16 bits per data sample, this equates to 131,072 

/ 16 8,192 samples. Sampling at twice the Nyquist rate of 3 kHz, this would yield 

8,192/6,000 = 1.36 seconds of data per packet. We would not even be able to do this in 

real time because by assumption, it would take us 2 seconds to transmit these 1.36 

seconds of data. 
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5.8 Storage / Memory 

The above solution of packet radio is a good one considering the hardware 

limitations of the TRF6901 transceiver. However, there is another hardware linlitation 

that prevented us from implementing even the 1.36 second recording option: the memory 

available for sample storage in the MSP430. 

The memory specifications of the MSP430F449 [Msp03] state that there is 60KB 

of FLASH for code and 2048 bytes of RAM. The amount of storage required for 8,192 

sanlples is 8.192 samples * 2 bytes/sample = 16KB. We discovered that because of space 

limitations on the MSP430, we were not able to store more than 1000 samples (2,000B). 

This would mean that sampling at a rate of 6 kHz (twice the Nyquist rate), would only 

yield 167ms worth of recorded data. 

5.9 What We Implemented - Short Recorded Tones 

Given all the hardware limitations described above, we decided to demonstrate 

the transmission of short tones over the wireless link. The167ms of available recording 

time (see above section on Storage / Memory) was not deemed enough time to 

demonstrate actual voice transmission, however the only way to increase this time would 

be to decrease the sampling rate, thus preventing voice recovery. Demonstrating 

transmission of tones was the only viable alternative given that our data was comprised of 

12bits/sample. We decided to cut the data sampling rate down to 3 kHz, which would 

allow us to capture 333ms of data in our 1000 samples, while still al10wing us to 

demonstrate the transmission of tones of up to 1.5 kHz in frequency. Because we were 
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pre-recording our data, there was no longer a need to speed up the MSP430's clock rate; 

we could simply sample our data at the desired rate of 3 kHz, transmit that data at the 

original 38.4 kbps over the wireless link, and then pump the data back out to the DAC at 

a similar rate of 3 kHz, reproducing the original data. 

S.10 Future Transmission Enhancements - Reduction of Data Rate 

The main limitation we encountered was the transmission rate of the TRF690 1 

being limited to 64kbps. Because of overhead and sample size, we were unable to 

transmit voice at this channel rate. However if we were able to reduce our required data 

rate, then we would surpass this limitation. 

One way to achieve a reduced data rate is to compress our sample data so that we 

are effectively sending less bits/sample than the current 12 (16 including FEC). Digital 

Cellular phones employ various forms of voice compression in order to reduce the 

required data rate. GSM's voice CODEC compresses 160 samples down to 33bytes of 

data, resulting in a data rate of approximately 8kbps. Other voice CODECs used in 

ce]]ular phones today have data rates of as little as 4-6kbps. 

For the MSP-TRF6901-DEMO board, the amount of space required to implement 

a voice codec capable of such low data rates would be too great. The only way to 

implement such a CODEC would be to do so in hardware (a GSM coding chip for 

example) or to increase the memory available to the MSP430. 
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6 Error Correction 

(Augustin Manolache) 

A simple method to reduce the probability of enor in digital comnlunication is to 

employ enol' detection and conection. By adding few extra bits to the message 

(sometimes refened to as check bits) using dedicated algorithms, the probability of enor 

can be lowered dramatically. A simple example from every day life is the necessity to 

repeat words when communicating with someone in a noisy room. There are two classes 

of methods for detecting and conecting errors: 

The sender includes enough information for the receiver to detect the enors, and 

the receiver sends back a NACK (not acknowledged) signal every time there is an 

enor, asking for retransmission of the message 

The sender includes enough information with the message to make enor recovery 

possible at the receiver. This method is commonly refelTed to as Forward Enol' 

Conection (FEC). 

In our project we tried to implement such enol' correction methods, as a real life 

application of the concepts covered in the course, but also to lower the probability of 

etTor, enable communication at faster rates (which proved to be the biggest challenge), 

and to make good use of the bandwidth. 

The output of the ADC will give 12-bit samples. The board is able to transmit 

only groups of 2 bytes, which is equivalent to 16 bits. Four bits will always be left 

unused, which is a waste of bandwidth (because they will be transmitted regardless). The 

logical thing to do is to employ some method of coding that would decrease the 
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probability of error, which can lead to a speed increase (by increasing the bit rate of the 

transmitter). The following coding methods were considered: 

6.1 Convolutional coding 

At first sight this method is sonlewhat easy to inlplenlent using the MSP430 

microcontroller, because it does not require lookup tables, just a shift register at the 

sender (easy to implement with a FIFO list) and a state matrix at the receiver. A problem 

alises from the fact that the transmission rate is a punctured code rate (3/4) with a 

minimum number of 64 states. For a 64-state encoder, a convolutional code becomes 

feasible only for codes with lengths above 42 bits. This rapidly increases the complexity 

of transmit and receive subroutines, since multiple samples need to be concatenated to 

produce a usable length of code. The main limitation is the memory requirement (because 

of the 64 possible states) and the processing time. This solution can be implemented only 

by using additional hardware. 

6.2 ARQ (automatic.repeat·request) system 

This is the simplest system to implement. Since there are four bits available, it can 

be implemented in such a way to detect 1 and 2 bit errors (and all the odd combinations). 

The software requirements are very small, but the decrease in the transmission speed is 

unacceptable. The speed decrease is due to two reasons: 

A NACK requires the receiver to switch to a transmitter and the sender to switch 

to a receiver, requiring a preamble (which proved to be a big speed bump in our 

project) 
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The time required for NACK and retransmission wil1 create a pause at the 

receiver speaker, which causes distortions in the audio signal (since the DAC 

needs constant rate of data to recreate the audio signal). 

6.3 Block coding (Hamming codes in particular) 

This kind of coding can provide good gain even at sma]]er size blocks, with 

average complexity in the software and small memory requirements. A Hamming code 

(and for this purpose, any block code that can correct for at least one error) has the 

following requirement for the minimum number of check bits to be added to the code: 

11 ~ 2q 1 where k = n - q 

For 12 message bits we need q = 5, with n = 17 total bits. The system needs to 

stay inside the 16 bits that can be transmitted at a time. The solution is to encode only 11 

bits using a (15, 11) Hamming code, and transmit the least significant bit unchanged. 

After careful consideration of al1 three possibilities, we have chosen the Hamming 

block code to be the most suitable for this kind of operation. The following tables and 

diagrams present in detai1 the code being used (n = 15, k = 11, q = 4). 

The Generator matrix and P sub matrix are: 
1 0 0 0 0 0 0 0 0 0 0 0 0 1 1 0 0 1 1 

0 1 0 0 0 0 0 0 0 0 0 0 0 I 0 0 1 

0 0 1 0 0 0 0 0 0 0 0 0 1 1 0 0 1 0 

0 0 0 1 0 0 0 0 0 0 0 0 1 1 1 0 1 1 1 

0 0 0 0 I 0 0 0 0 0 0 1 0 0 1 0 0 1 

G 0 0 0 0 0 1 0 0 0 0 0 1 0 0 p= 1 0 1 0 

0 0 0 0 0 0 1 0 0 0 0 1 0 1 1 0 1 1 

0 0 0 0 0 0 0 1 0 0 0 1 1 0 0 1 0 0 

0 0 0 0 0 0 0 0 1 0 0 1 1 0 1 1 1 0 1 

0 0 0 0 0 0 0 0 0 1 0 1 1 0 1 1 0 

0 0 0 0 0 0 0 0 0 0 1 1 1 1 1 1 
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We have the following equations for the check bits: 

CI = mS 1116 EB 1117 EB ms EB 1119 EB 111'0 EB 111 1, 

C:; 1112 EB 1113 EB ln4 111s EB 1119 EB m,o 111'1 T [pJ The H matrix is: HT == -
c3 111, EB 1113 1114 EB 1116 EB 1117 EB 11110 EB mil Iq 

C4 =111,EB111 2 m4 EB111s 1117 EBm9EBmll 

In order to determine the enors we need to generate the syndrome look-up table. 

The table can be created using various input vectors of length 15, containing a maximum 

of one 1. 

S Enor 
51 $: S.< 5-1 

0 0 0 0 0 0 0 0 0 I) 0 I] 0 0 0 ('I 0 0 0 
0 (] 1 0 1 (] 0 0 0 0 0 0 !O 0 0 ° I) 

I 0 1 0 1 

10 0 1 0 I) 0 0 0 (I 0 0 0 0 0 0 0 (I 1 0 
0 0 1 1 I 0 II 

~ 0 (I 0 0 0 0 0 0 0 0 0 0 
0 1 0 0 I] 0 o 1<) 0 0 0 0 0 0 0 I) I 0 0 
0 1 I 0 1 0 I 010 0 a 0 0 0 0 0 0 0 0 
0 1 1 0 0 0 1 0 0 0 0 0 0 0 0 I) 0 0 0 
0 1 1 1 (I 0 0 I 010 0 0 0 0 0 0 0 0 0 
1 0 0 0 0 0 0 0 0 0 0 a 12 0 0 1 0 0 0 
1 0 0 1 0 0 0 0 1 0 0 0 0 0 0 0 0 0 0 
1 0 1 0 0 0 0 0 0 I 0 0 0 -%to 0 0 0 0 
1 0 1 1 0 0 0 I) 1 0 0 0 0 0 0 0 
1 1 I I) I (I 0 0 !O I) 0 I] 0 1 0 0 0 0 0 0 0 
1 1 I) 1 0 0 0 0 I] 0 I) 0 I 0 0 0 0 0 0 J. 

1 1 1 0 0 I) 0 0 0 I] 0 0 0 I 0 (I (I 0 0 
1 1 1 1 0 I) 0 0 I) 0 I) 0 0 0 I 0 0 0 0 

We have the following equations for the syndrome bits: 

51 Ys EB Y6 EB EB Y8 EB Y9 EB YIO EB y" EB 

82 = Y:; EB Y4 Y8 EB Y9 YIO EB YI' EB Y\3 

83 = YI EB Y 4 Y6 EB Y7 YIO EB YI I YI4 

54 YI EB Y4 EB Ys Y7 EB Y9 EB YII EB 
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The FSK nlodulation used in TRF6901 results in a probability of bit error 

1 
ofPu,=-e 

( 2 
For coding purposes we can take write this as u. For 12 consecutive bits 

. . (12J P P we have a probab1lIty of error of: ~(I\'(' = 1- P(O, n) = 1 ° (1 a) - = 1 (1- a) -

The probability of more than 1 error in the 15 bits of the Hamming code is: 

PH"., I-P(O,n)-P(l,n) 1-(I~}I-a)15 (\'5Ja(l a)14 =1 (I-a)" -ISa(1 a)14 

Added to this is the probability of error in the least significant bit (which was left 

uncoded). The total probability of error for the result of the coding is: 

~r(' = 1 (1 a)'s 15a(1 a)14 + a. 

A graphicaJ representation of the probabilities of etTor for coded and un coded 

transmission, relative to the probability of bit etTor on the channel, is given in the 

following chart: 

-0.1 

Figure 6.3.1 - Probabilities of word errors vs. probability of bit error 
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Another important chart is the coding gain versus bit probability of errol', and it is 

given in the next chart. It can be noted from the chart that the best gain is obtained for bit 

probabilities of eITor of at least 10-3
. For anything over this value, this type of coding 

becomes inefficient. 

12 ~, ~--- ----~---- ......... -.----~ ...... ---.---,..........,.----------------.~----....-, 

10~-~~--~-------~)1)~---"'----~-------~-------~1 

8~--~-----~---)1~---------------~-----~----------~ 

6------------~y~---------------~-, 

Figure 6.3.2 - Coding gain vs. initial probability of bit error 

The inlplementation strategy is: 

a) At the sender the encoder calculates the four check bits, then adds them to the 

message 

b) At the receiver the decoder calculates the four syndrome bits, and looks up the 

result in the syndrome-error table to determine what bit needs to be changed if the 

syndrome is not O. The check bits are cleared and the resulting message is 

returned. 

The full code can be seen in Appendix E. 
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7 Results 

(Jason Markley and Jacob DePriest) 

Our original proposal involved full-duplex CDMA communication, but this was 

realized early on to be impossible due to the sample and hold capacitor used for recei ving 

in the TRF6901. Since streaming data was no longer a possibility, full-duplex operation 

via CDMA was also no longer possible. Therefore, full-duplex communication became a 

non-trivial task - implemented by simply selecting two separate frequency channels for 

the links. Because of this change of direction in our original design, we decided to 

inlplement a Forward Error COlTection (FEC) coding scheme to decrease the elTor 

probability. 

Because of the hardware limitations of the transceiver discussed in previous 

sections, we were not able to accurately reconstruct the voice signal sent fron1 the 

transmitter to the receiver. However, we were able to demonstrate the effectiveness of 

the ADC and DAC steps on a single TI MSP-TRF6901-DEMO board by removing the 

wireless transmission and reception from the process. By setting up both the ADC and 

DAC on the same board, we were successfully able to input a voice signal over the 

microphone and recreate the signal and output it out of the speaker. 

Even though we were not able to reproduce a voice signal over the wireless link, 

we successful1y transmitted various tones produced by varying the input to the 

microphone. We successfully implemented each individual part of the digital, wireless 

voice communication link, but we were not able to execute the transmission stage at a 

fast enough rate to demonstrate a complete working voice communication system. 
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8 Conclusion 

(Jason Markley and Jacob DePriest) 

This particular design project has allowed us to gain insight into the complexities 

that go into the electronics that drive our lives. There are many things that affect the 

digital voice comn1unication process such as timing, hardware, and software. The 

efficiency of the system must also be a consideration. We have been able to take a 

deeper look into the realm of digital, wireless communication and have gained a deeper 

understanding of communications engineering through this process. 

Overall, we succeeded in implementing a digital, wireless communication system, 

and if we had not encountered the hardware limitations outlined in this report our original 

goal of wireless voice transmission would have been realized. 
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Appendix B - Analog Devices DA C8512 

B.1 - Pin Configuration 

B.2 Control Logic Truth Table 

DAC8512 
TOP VIEW 

(Not to Scale) 

eLK.! CLR =-==- Sed:.l Shift Rt'gistl;~r I'unction 

X H 
L H 
H H 

H 
H 
H 

No Erh~ct 
No Effect 
No Efft'ct 

VOUT 

GND 

CLR 

LD 

H 
L 
L 
L 
1+ 
H 
H 
H 
H 

L 
X 

H 
H 
H 

H 
H 

Sllift-Reglskr-D<1ta Ad\',U}Ced One Bit 
Shift-Reglster-D,lLl AdvCllli::.:--d One Bn 
N\.l Efft'ct 

X H 1. No Effect 
X 1. X No Effei,.'( 
X 1+ H No Effec( 

NOTES 
I r + logic tI3nsitjem, 1 ll.:gatlv·c· l0t?ie transitIon, X Don't Cat'>t'. 

imen:h<1og"::1bk 
;R,:tuming <1\"(,ids .111 l1,',-1HHiIli1l "false cJ,:ock" o.::,f sakll d<1£:) input 
tDo ON d0d in s.:crbl d,lta '.vhjl,,; is LOW. 

B.3 - Timing Diagram 

SDI 

elK 

cs 

lD 

SDI 
d)< ..... )t.:, 

t .. t ds .. ! .... tdh ~I 
elK 

.,-------- tel": / 

/t.- tch 

lD 

ClR 

FS ----------------------------------------------~ 
V')UT 

ZS 

27 

DAC Register Function 

Latched 
Ll.tched 
Latch-.:d 
LHched 
Latched 
Upd,aed \;;jth CUfl't;?llt Slut! Rt'gisIt.'l' Contems 
Transpnr<:>nt 
Loaded with All Zeft)S 

1.:1(ch0d .All Zeros 



Appendix C - Budget 

(Augustin Manolache) 

Item Number Item Name Item Group Qty Cost Extended Cost 
30-543-1 Phone Jack Misc 1 $2.66 $2.66 
30-574 Phone Jack Misc 2 $2.65 $5.30 
30-546 Phone Jack Misc 1 $2.66 $2.66 
MSP-TRF-6901-DEMO TRF6901 Demo board Misc 2 $101.47 $202.94 
MSP-FET 430P440EVM JTAG tool Misc $59.50 $59.50 
Microphone Microphone Misc $3.00 $3.00 
Sony SRS-7 Speakers Misc $3.00 $3.00 
1Kohm Resistor Misc 2 $0.20 $0.40 
DAC8512 Digital Analog Convert Misc 2 $16.37 $32.73 

TOTAL 13 $312.19 
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Appendix D - Pictures 

D.I - Board Layout 

a) On/Off switch 
b) Battery holder: stores two AAA batteries in series (batteries are not 
included) 
c) MSP430 headers: used to access the 110 ports of the 
MSP430F449 
d) TRF6901 component 
e) Antenna selection jumper used to select either the SMA connector 
or PCB antenna. 
f) On board PCB antenna (default configuration) 
g) SMA footprint connector used to add an external antenna (SMA 
connector not included) 
h) 4-bit DIP switch used in the demonstration to change the 
frequency configuration. The MSP430 110 ports P2.3, P2.6, P2.7, 
and P3.0 connect to the 4-bit DIP switch. 
i) Receive signal strength indicator (RSSI) LEOs - used as the RSSI 
for the demonstration. The LEOs are tied to the MSP430 P6.0 to 
P6.3 110 ports. 
i) Four buttons used for the demonstration application; connected to 
the MSP430 P1.0 to P1.3 110 ports. 
k) Four LEOs used for the demonstration application; connected to 
the MSP430 P1.3 to P1.7 110 ports. 
I) RS-232C connector footprint (RS-232C circuitry is not included in 
the kit) 
m) ... ITAG connector 
n) TRF6901 110 header used to control or monitor the TRF6901 
component externally. 
0) MSP430 disable jumper used to disable the MSP430F449 
component 
p) MSP430F449 component 

[Trf03] 
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D.2 - Project Hardware 
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11 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
22 
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24 
25 
26 
27 
28 
29 
30 
31 
32 
33 
34 
35 
36 

40 
41 
42 
43 
44 
45 
4 
47 
48 
49 
50 
51 
52 
53 
54 
55 
56 
57 
58 
59 
60 
61 
62 
63 
64 
65 

6 

Ox80 
40 

2 
4 
8 

Appendix E - Digital Communication Code 

3 
MAXWORC*2 

F change_flag 0 
MAX RETRAN 

o 

Ox8 

Ox4 
Ox80 

OxlO 
00 

Ox7800; 
o 

7 

. c 1 



7 
8 

69 

70 

71 

72 

73 

74 
75 
76 
77 
78 

9 
80 

86 
87 
8 
89 
90 
91 
92 
93 
94 
95 
96 
97 
98 
99 

100 
101 
102 
10 
10 

05 
o 

107 
10 
109 
110 
111 
112 
113 
114 

1 
1 6 

( OxO ) 

FB) 

(Ox08) 

(OxF7) 

DAC LD High (OxlO) 

DAC LD Low 

DATA SIZE 000 
SAMPLE DELAY Ox5 
SAMPLE DELAY2 

bi t get (, 

Set Clk( ); 
DCO ( ) ; 

program_TRF69( 
receive_RF( 

send RF( 

trf69 control{ 

0 

) ; 

) ; 

) ; 

a_word 1, a wo 
c word 1, c wo 

Btime; 
Btimel 

REGION; 
retry_count; 
failed; 

2004-04-2 

) ; 

index); 

index, 
index); 

, b word 1, b word hi 
1, word hi 

) ; 

I 
I I 

t) ; 



127 
128 
129 
130 
131 
132 main( 
133 
134 
135 
136 
1 7 
1 8 
1 9 
140 
1 1 
142 
14 
144 

i, j ; 

error1; 

145 WDTCTL = WDT 
146 
147 
148 
149 
150 
151 
152 
153 
154 

RECE 

P40U~ 1= 
P4DIR 1= 

SENDER 

155 P40UT 
156 P4DIR 
157 
158 
159 
160 
161 
16 
16 
1 4 
1 5 
166 
167 

P6SEL i= 0::-:: 0; 
ADC12CTLO 
ADC12C~Ll 

ADC12MCTLO 

( j =0; 

168 ADC12CTLC 
169 
170 
171 
172 Initlo(); 
173 Btirr,e=64; 
17 REGION=P6IK& 
175 Btimel 60; 
176 f sel = 
177 

178 
179 
180 
181 
182 
18 
1 4 
185 
186 
187 
1 8 
1 9 
190 
191 

.C 

0; 

SHTO 2+REFON; 

SREF 1; 

0; 

SIZE;i++) 

ADC12SC; 
) ; 

12ME[VIO; 



192 
193 
194 
195 
19 
197 
19 
199 
200 
201 
202 
203 
204 
205 
206 
207 
208 
209 
210 
211 
212 
213 

4 
215 
216 
21 
218 
219 
220 
221 
222 
223 
224 
225 
226 
227 
228 
229 
230 
231 
23 
233 
234 
235 

3 
3 

2 8 
239 
240 
241 
242 
243 
244 
245 
246 
247 
248 
249 
250 
251 
25 

53 
254 
255 

56 
57 

(j = O;j < SAEPLE 

s = -temp s; 
(temp s) 

j i = DAC LD 

&= DAC 

(i = O;i IZE;i++) 

toDAC(data2[i] ); 
= O;j<SANPLE 

(i O;i<DATA SI ii++) 

toDAC(dat.a2[i] ); 
., ( 0 ; j < S AH P L E 

SENDER 

[DATA_S:::ZE-l] 
s = 0; 

0; 

O;i<DATA S ZE; +) 

CTLO 1= ADCl 
( (ADC 12::: FG & 0) 0) ; 

[ J = l\DC12NEMO; 

Oij<SANPLE DELAY; 

P40UTI=DAC LD High; 

40UT&=DAC LD Low; 

I=rf X buf_full; 
( (data2), ) ; 

. c 4 

) ; 

++) i 

) , ) ; 
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258 } i 

259 
260 
26 
262 
263 
264 
265 
266 data) 
267 

6 C; 
269 
2 0 P40UTI .-'~ ~' ; ~ 

271 
272 
273 
274 
275 P40UT 
276 
277 
278 High; 
279 
280 P 
2 1 
2 P40UTI 

283 
284 
285 

86 
287 gh; 
28 
289 P40UT 
290 
291 (~. : 

292 
293 
294 ,9) ; 
295 
296 P40UTI Hi 
297 
298 t Low; 
299 
300 'oL 

30 
302 P40UT '. 

303 ) ; 

304 (temp) 
305 OUTI=DAC High; 
306 
30 
308 
309 P40UTI 

310 
311 / ,~ ,; 

312 (data,7); 
313 
314 Hi 
315 
316 P40UT& Out Low; 
317 
318 I=DAC 'oL 



E: 

3 9 
320 240UT&=DAC 
321 
322 
3 3 
324 
325 
3 6 
3 7 

3 8 

temp = bit s 
(temp) 
P40UTI 

P40UT 

P40UTI 

329 40UT 
330 temp = 
331 (temp) 
332 P40UTI 
333 
334 P40UT 
335 
336 P40UTI=DAC 

337 
338 P40UT 
339 
340 
341 
342 
343 
344 

temp = 

(temp) 
240UTI 

240UT 

345 P40UTI 

346 
347 P40UT 
348 
349 . (temp) 
350 P40CTI 
35 
352 
353 
354 

355 
356 
357 
358 
359 
360 
3 
3 

P40UT& 

P40UTI 

P40UT 
temp = 

(temp) 
P40UTI 

P40UT& 

363 P40UTI 

364 
3 P40UT 
366 
367 (temp) 
368 P40UTI 
369 
370 
371 
37 

373 

P40UT 

P40UTI=DAC 

374 P40UT 
3 5 
37 

7 

temp = 
, (temp) 

P40UTI 

. c 6 

gh; 

Low; 

(data,4); 

igh; 

(data,2); 

gh; 

, 0) ; 



I' 

E: .C 7 

78 
379 P40UT t Low; 
380 
381 P40UTi / l' 

, .... / 
,~ >L 

382 
383 
384 P40UT 

3 5 
86 
87 
88 

I ~ , 

39 
392 num, index) 
393 
394 ( i 
395 
396 0: ( (OxO & num) > 0) 
397 1; 
398 
399 0; 
400 
40 ( (OxO & num) > 0) 
402 1; 
403 
404 0; 
405 
406 ( (0 0 & nu::,,) 0) 
407 1 ; 
408 
409 0; 
410 
41 -<-,,' 3 : ( (Ox08 & nu::,,) 0) 
412 1; 
41 
414 0; 
415 
416 ( (Ox=-O & num) 0) 
417 1 ; 
418 
419 0; 
420 
42 ( (Ox2 0 & num) 0) 
422 l; 
423 
424 0; 
425 
42 40 & num) 0) 
427 1 ; 
428 
429 0; 
430 

7 : ( (Ox8 0 & Durn) 0) 
4 1 ; 
4 3 
4 4 0; 
4 5 
4 6 8 : ( (Ox 00 & 0) 
437 1 ; 
438 
439 0; 
440 
441 9 : ( (Ox200 & num) 0) 



I' 

442 
443 
444 
445 
446 10: 
447 
448 
449 
4 0 
451 11 : 
452 
453 
454 
455 
456 
45 
45 
459 
460 
461 
462 
463 
464 
4 5 
466 
467 
468 
469 s 0; 
470 
471 

472 
473 
474 
475 

76 
4 7 
478 
479 

480 
481 
482 
483 

484 
485 
486 
487 
488 
489 
490 

491 
492 
493 
494 
495 
496 - / 3: 

497 
498 
499 
500 
50 
502 

1 ; 

0; 

o & num) > 0) 

0; 

~ (Oz800 & num) 
1 ; 

0; 

0) 

. c 8 

num) 

Dum 

bit tog 9 1 ( n urn, 1); 
" n"Jm; 

e (num, 2); 

Dum; 

get( ,7)+bit get( ) +bi t_3et (num, 
) ; 

(num,4)+bit 
(num, 13) ; 

(num,8)+bit 9)+ 

(num,7)+ 

get(num, 



t ' 

503 
504 
505 
506 
507 
508 

518 
519 
520 
521 
522 
523 
524 
52 

26 
2 

528 
529 
530 
531 
532 
533 
534 
535 
536 
53 
538 
539 
540 
54 
542 
543 
544 
545 
546 
547 
548 
549 
550 
55 
55 

53 

54 
555 
556 
557 

6 : 

'~ 7: 

num 

9 : 

10: 

11 : 
num 

12: 
num 

13 : 
num 

14 : 
num 

15: 

b ir get(num, 
bit_get(num, 
&= Ii 

num 

(num, 3); 

toggl (num, 4); 

(num, 5); 

(num, 6); 

toggle(num, 
num; 

) ; 

(num, 8); 

(num, 9); 
num; 

t togg:e (num, 10); 
num; 

bi toggle(num,ll); 
Eumi 

num; 

num) 

(num, 11) ; 
558 c &= 1; 
559 num 
560 
561 

562 
563 
564 

6 

bit_get (num, )+bit get(num,3)+bl 
bit_get(num,10)+b t get(num,ll); 
&= 1; 

num 

get(num, 

(num,7)+bit get( )+bit get(num,9)+ 

(num,4)+bit t get(num,9)+ 

(num,4)+bit t get(num,7) 

(num, 4) +bit get (num, ) +bit get (num, 7) 
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bit get(num,9)+bit get(num,II); 
566 c &= 1; 
567 num bit set (num, 15, c); 

568 num; 
569 
570 
571 
572 
573 
574 
575 
576 

bit toggle( 

577 i, op; 
578 i = 0; 
579 op 1; 
580 (i<index) 
581 
582 op *= 2; 
583 i++; 
584 
585 
586 
587 
588 

num 

589' ". v '. 

590 
591 
592 
593 
594 
595 

op; 
num; 

bit set( 

596 i, op; 
597 i = 0; 
598 op 1; 
599 (i<index) 
600 
601 op *= 2; 
602 i++; 
603 
604 (vbit==O) 
605 num&= (OxFFFF-op); 
606 
607 num 1= op; 
608 
609 
610 
611 
612 
613 
614 
615 
616 
617 

num; 

bit get( 

618 i, op; 
619 i = 0; 
620 
621 
622 

op 1 ; 
(i<index) 

623 op *= 2; 
624 i++; 
625 
626 num &= op; 
627 (num 0) 
628 0; 
629 
630 r. 1; 

num, 

num, 

num, 

index) 

index, vbit) 

index) 



• 

631 
632 
633 Initlo( 
634 
635 
636 
637 
638 
639 
640 

i; 

P60UTI=Oxf; 
P6DIR 1= Oxf; 
P6SELI=Ox80; 

641 P4DIRI= TRF STROBE + TRF DATA; 
642 P3DIRI= TRF CLK + TRF STANDBY + TRF MODE + TRF LH; 
643 
644 P2DIRI= tx; 
645 
646 PIDIRI= LEDALL; 
647 
648 
649 
650 
651 
652 

PIOUT&= -LEDALL; 
PlIES 1= Oxf; 
P2SEL=Ox33; 
Set DCO (30000); 

UTCTLO=Ox20; 
653 URCTLO=Ox8; 
654 UBROO=Ox40; 
655 UBRIO=O; 
656 UMCTLO=OxO; 
657 UMCTLO=O; 
658 UCTLO=Oxll; 
659 UCTLO&=Oxfe; 
660 ME11=URXEO; 
6 61 ~, /"1 

662 (i=0;i<30000;i++) { 
663 PIOUT 1= LEDALL; 
664 P60UT&=OxfO; 
665 } 
666 PIOUT&=-(LEDALL); 
667 (i=O; i<30000; i++); 
668 
669 
670 

P60UTI=Oxf; 
P5DIRI=1; 

671 P50UT&=Oxfe; 
672 
673 
674 
675 

configure trf6901( . ) 

676 long reg; 
677 P40UT&=Oxfe; 
678 program_TX_Mode_O(); 
679 program_RX_Mode_l(); 
680 program_WORD C(); 
681 long_reg = (, ';)XTAL OFFSET; 
682 long_reg«=16; 
683 long_regl= TRF69 Dword; 
684 program WORD D(long reg); 
685 
686 
687 

688 
689 

690 
691 
692 

693 
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694 program TX Mode O( 
695 
696 trf69; 
697 
698 
699 
700 
701 
702 
703 
704 
705 

706 
707 

708 
709 
710 

pointer; 
pointer=(' )f_sel; 
trf69 = TRegA[pointerj; 
trf6901.a_word_h = ( 
trf6901.a_word_1 = ((; 
program TRF69(trf6901.a 

) (trf69»16); 
',') trf69) ; 

word h,trf6901.a word 1); 

711 H ~ 

712 program RX Mode l( 
713 

trf69; 
pointer; 

. ) (trf69»16); 
)trf69); 

714 
715 
716 
717 
718 
719 
720 
721 

pointer= ( :,) f_se1; 
trf69 = RRegB[pointerj; 
t r f 6 9 0 1 . b _ w 0 r d _ h = (:~ ',; .• 
trf6901.b_word_1 = (( , 
program TRF69(trf6901.b word h,trf6901.b word 1); 

722 
723 

724 

725 
726 program WORD C( 
727 
728 .~ trf6901 word; 
729 trf6901 word = TRF69 Cword; 
730 trf6901.c word h = trf6901 word»16; 
731 trf6901.c word 1 = trf6901 word; 
732 program TRF69(trf6901.c word h,trf6901.c word 1); 
733 
734 
735 

736 

737 
738 
739 
740 

program WORD D( v trf69) 

741 trf6901.d_word_h = ( ) (trf69»16); 
742 trf6901.d_word_1 = ( )trf69; 
743 program TRF69(trf6901.d word h,trf6901.d word 1); 
744 
745 
746 
747 
748 

GetFse1 (. ') 

749 inO, inl,in2; 
750 nO = P3IN&FSEL4; 
751 nO«=3; 
752 nl = P2IN & (FSEL3+FSEL2+FSELl); 



• 

E: 

753 
754 
755 
756 
757 
758 
759 
760 
761 
762 
763 
764 
765 
76 

67 
76 
769 
770 
771 
772 
773 
774 
775 
776 
777 
778 

7 
7 
7 
7 

86 

87 
78 
789 
790 
791 
792 } 

793 } 

794 
795 
796 
797 
798 

ECE442\2004-05 

i 
(inl«3) &Ox8; 
inO I in2; 

inO; 

[TIMERBO VECTOR] 

IMERBl VECTOR 

TBIV 

TBCCRl=(TBR + Ox7800) 
(~slOO_cnt--==O) { 

4 : 

6 : 

TBCCTL1&=Ox 
ComFlagl=RF 

. ; 

ableButton nt( 

P IE &=OxfO; 

. c 13 

rBO( 

fff; 

1 !::, 
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Name: 

t~TV"ERSITY HONORS PROGR~"I 
SE~10R PROJECT ... -U'PROv:li 

--------------------------------------------
College: ________ Department: ________________ _ 

Faculty yfentor: _______________________________ _ 

PROmCTTITlE= ________________________________ _ 

[ have reviewed this c'ompIeted senior honors thesis with this srudent lIld certify that it is J projec~ 
comrnensunte with honors level undergraduate rese:uch in ~hlS t1eld. 

Signed: ______________________ . ~Jculry y(entor 

Dare: ----------------

Gc::nc::r:1l .~,.:isessmc::nr - plC:::1se provide l shorr pangr:1ph char hl:;hlighcs rhc:: most signific:ult 
tc:.Hurc~ u (the:: proJC::ct. 

Cumme::m~ (Opnonal): 
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