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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 DACS8512 digital to analog converter to implement a digital, wireless
communication system with forward error correction. 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.



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
lives.

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



digital signal. Digital communication 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 re.ceiver 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



Figure 2.1 below. The MSP430F449 was programmed using basic C under the AR
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 OOK (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 came up with to address some of
these challenges, and the final results 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 will clarify our results.
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Figure 2.1 -~ Overview of design



3 ADC - Analog to Digital Conversion

(Jacob DePriest)

As stated above, the MSP430F449 contains a built-in 12-bit ADC which was used
in the conversion of the analog voice signal received from the microphone and converted
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 example of this process can be seen in Figure 3.1.

[ IR Y

http://entertainment.howstuffworks.com/analog-digital3 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



individually configurable inputs/outputs to the ADC, and these are referenced as AO
through A7 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.
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Figure 3.2 — Microphone Setup

Once the microphone is connected properly, the ADC must be configured in the
software. It must first be turned on and the reference voltage set, then the appropriate
input pin(s) 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 receiver 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



also had to account for the transmission 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 DACS8512.

As seen in the truth table for the DAC8512 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 follows: 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 1/0O 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.



The algorithm for outputting a 12 bit sample involves taking a sample and
stepping through each bit of that sample determining if that bitisa 1 or a 0. 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.

Speaksr Tack

Srereg Oug

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.



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 ‘1’ that corresponds to which
configuration settings to use. Then the £x_data line needs to be set to the logic ‘0" or ‘I’
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"l’ and then a ‘0’
would look like the following:
Set mode to tx_mode
Set 1x_data to logic ‘I’
Set ~STDBY to logic ‘1’
Wait for duration of the “1” bit (1 symbol time)
Set tx_data to logic ‘0’

Wait for duration of the ‘0” bit (1 symbol time)
Set ~STDBY to logic ‘0’

N E W -

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 “I’s and ‘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 ‘1" and ‘0’. See

section 5.3.1 of [Trf03] for more detail.

1. send_RF_toggle

2. BIS #CPUOFF+GIE,SR ; CPU off

3. ;- Start of the trainings sequence -~—----——————--———

4. XOR.B #tx, &P20UT ; toggle TXDATA(P2.2)

5. DEC tr_counter ; decrement counter for the
training sequence

6. JNZ send_RF_toggle ; length of the loop exactly
26, 04usec

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 26.04us 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 clock 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 clock rate of 2.4 MHz * 1.67 =4 Mhz. We were able to issue the
following commands to reconfigure the master clock on the MSP430, resulting in the
desired clock rate increase.

SCFIO0 |= FN_4; //set nominal frequency (1.3-12.1 MHz)
SCFQCTL = 63; //(63+1) x 32768 Hz x 2 = 4 MHz

5.3 Bandwidth Considerations

11



In order to transmit 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 ‘1" 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 TRF6901, 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



is 2 bytes or 16 bits. Thus, when we send one data sample, we are required to send 16
total bits, not just the 12 that contain our data sample. This means that our maximum
transmission rate is now 64kbps / 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 ‘1" 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 0. 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 may be
used for more time sensitive transmission, but does not state how short a preamble will

provide reliable bit extraction.

13



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, corresponding to

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

5.7 Packet Radio

Given 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 them all 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 limitation
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
samples 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. Thel67ms 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 allowing 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.

5.10 Future Transmission Enhancements - Reduction of Data Rate

The main limitation we encountered was the transmission rate of the TRF6901
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
cellular 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 error in digital communication is to
employ error detection and correction. By adding few extra bits to the message
(sometimes referred to as check bits) using dedicated algorithms, the probability of error
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 correcting errors:

- The sender includes enough information for the receiver to detect the errors, and
the receiver sends back a NACK (not acknowledged) signal every time there is an
error, asking for retransmission of the message

- The sender includes enough information with the message to make error recovery
possible at the receiver. This method is commonly referred to as Forward Error

Correction (FEC).

In our project we tried to implement such error correction methods, as a real life
application of the concepts covered in the course, but also to lower the probability of
error, 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 somewhat easy to implement 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
arises 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 will 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 smaller 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:

n<2" -1 where k=n-gq

For 12 message bits we need g = 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 all 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 detail the code beingused (n =15, k=11,q=4).

The Generator matrix and P sub matrix are:

1 00000O0O0O0OOO0OOGOT 1 0 0 1 1
01 0000000O0O0GOT! 0 I 01 0 1
001 00000O0O0O0OTLTI1O 01 10
00010000O0O0O0GO0OT I 1 01 1 1
000O01000O0O0O0TL OO I I 0 0 I
G={0 00001 000O0O0T1O0T!1 0P=[10T10
0000O0O0OT100O0O0TILOT I 101 1
00000O0O0OT1000O0T1T100 1 100
00000O0O0O0OTI1O0O0TL 101 1 1 0 1
000000O0O0OT1O0OTI1 110 1 110
000000000 O0 T I L L 1] {1 L 11
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We have the following equations for the check bits:

c,=ms@mg, ®m, ®my ®my ®m,, ®m,
c,=m, ®@m, ®m, ®m; ®my, ®m,, ®my, T R

i ) The H matrix is: H' =
c;=m@®m, @m, ®m;, ®m, Dmy; ®m,, 1
c,=m ®@m, ®m, ®m; ®m, ®m, ®m,,

q

In order to determine the errors 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.
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. o Jofololtrlolo]ololo ololololololololl
O Ll T o (T o]olololololololololololalol1|0
100 dofoltlr]r]olololo]olololalololololo]o
1O ol oIy o0y 0 e o000l 0jolol0|0111010
10011 |0]1]0 0j1jojojojo]ofojojojojojol0]0
. oot lrlolololrlolololalaololololololo]o

H'=1100

1; ot [t ]1lololal1]o]ololololololololo]0
B0l Moo jolofolojolo]ololo]ofalo[1]0 00
11 1o [1]ojo|1|ofolo]jalLl]|ofofclo]o]ofo]o]0]0
1111 tfojtrjololalo ol1lolofjolololalololo
g o0 o LJOfTTTToJooToofof[1]ofolo]0[00l0]0
fnlql.13'3":'000’300910‘309500
P St ol lolololololololo]1]olololololn
O 0 1T o {11t lolololololololololol1]olalo]alo
o0 o 1t fifi[olojojofofoofoJolo]1]0 00

We have the following equations for the syndrome bits:
5 =Dy, Dy, Dy Dy Dy, Dy, Dy,
550, @y, 0y, @y Dy @y, @y, @y,
5= 0Py, @y @y, @y, Dy, Dy,
5= @1,0y, @y @y, Dy Dy, ®y;



The FSK modulation used in TRF6901 results in a probability of bit error

1/ : o o
=e 72 For coding purposes we can take write this as a. For 12 consecutive bits

of P

be

12 2 b
we have a probability of error of: P, =1-P(0,n)= 1—[ 0 J(l —a) =1-(1-a)"

e

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

., 15\ 15 15\ 14 15 14
Py =1=PO,n)-P(ln)=1- OJ(I—a) - ]Ja(l—a') =1-(l-a)” -15a(-a)

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:
P,=1-(1-a)” -15a(l-a)" +«.
A graphical representation of the probabilities of error for coded and uncoded

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

following chart:

141

e P W

0.9

< PWe

0.7

0.5

0.3

0.1

-0.1 - 0.00001t—1E-06—1E-07

-0.3

-0.5

Figure 6.3.1 - Probabilities of word errors vs. probability of bit error

21



Another important chart is the coding gain versus bit probability of error, 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 error of at least 107, For anything over this value, this type of coding

becomes inefficient.

12 - Gain(dB)

e GaiN(dB)

0 ; 4 ,
0.1 0.01 0.001 00001 0.00001 0.000001 0.0000001

-2 —

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

The implementation 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 0. 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 receiving
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
implement a Forward Error Correction (FEC) coding scheme to decrease the error
probability.

Because of the hardware limitations of the transceiver discussed in previous
sections, we were not able to accurately reconstruct the voice signal sent from 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 successfully 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.



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 communication 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 DAC8512

B.1 - Pin Configuration

Voo E L 8 | Vour

s [2] pacssiz |7 ]eno

CLK E TOP VIEW 6 |CLR
{Not to Scale)

SDIE 5 (D

B.2 - Control Logic Truth Table

CS° CLK' CLR 1D | Serial Shift Register Function DAC Register Function

H X H H No Erfect Latched

L L H H No Effect Latchad

L H H H No Effect Latchad

L T+ H H Shirt-Register-Data Advanced One Bit | Larched

T+ L H H Shift-Register-Data Advanced One Bit | Latched

H X H L No Eftect Updated with Current Shirt Register Contents
H X H L No Erfect Transparent

H X L X No Eftect Loaded with All Zeros

H X T+ H | No Effec Latched All Zeras

NOTES

‘h positive lngic transition, |- pegative logic tragsition; X = Don't Care,
“CX and CLK ame interchangeable.

"Returning L8 HIGH avoids an additdonal *false clack™ of serial data input.
D net clock in serial data while 1D s LOW,

B.3 - Timing Diagram

7 o . | )y \ N e N s/ 3/ i
g ./ 5 v Y, v Y \ VY. \ ¥
Y D1 oo Y D9 « Dbg Y C7 8 o5 X1 g3 X 02 (93] (W]
sel o X}”\,, e N ,V,W,z"'{“-,,,,w ,(,z"%\ ) .,}‘s A %s AN /x A ,f);xv S t\_
e e - — g — , —, kY a £ s
ELK AW AWANW AN AN AN AN AN AN
- N O NS NS S S N S S \_Jg .
> *liss toan ™ .
_— ", Y
s \\ ;’I
Ly e R AR
- e -
— ¢ ;
o j,f" N/
501
CLK
D
CLR
FS
Vout — .
s — -.%
- -
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Item Number

30-543-1

30-574

30-546
MSP-TRF-6901-DEMO
MSP-FET430P440EVM
Microphone

Sony SRS-7

1Kohm

DAC8512

Appendix C - Budget

(Augustin Manolache)

ltem Name

Phone Jack

Phone Jack

Phone Jack

TRF6901 Demo board
JTAG tool

Microphone

Speakers

Resistor

Digital Analog Convert

28

ltem Group Qty
Misc
Misc
Misc
Misc
Misc
Misc
Misc
Misc
Misc

PN b edh e DD = DD —

TOTAL 13

Cost
$2.66
$2.65
$2.66

$101.47
$59.50
$3.00
$3.00
$0.20
$16.37

Extended Cost
$2.66
$5.30
$2.66

$202.94
$59.50
$3.00
$3.00
$0.40
$32.73

$312.19



Appendix D - Pictures

D.1 - Board Layout

-

e e win it
o

a) On/Off switch

b) Battery holder: stores two AAA batteries in series (batteries are not
included)

¢) MSP430 headers: used to access the /O ports of the
MSP430F449

d) TRF8901 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 I/0 ports P2.3, P2.6, P2.7,
and P3.0 connect to the 4-bit DIP switch.

i) Receive signal strength indicator (RSSI) LEDs — used as the RSS!
for the demonstration. The LEDs are tied to the MSP430 P6.0 to
P86.3 I/0 ports,

j) Four buttons used for the demonstration application; connected to
the MSP430 P1.0 to P1.3 I/O ports.

k) Four LEDs used for the demonstration application; connected to
the MSP430 P1.3 to P1.7 I/O ports.

1) RS-232C connector footprint (RS-232C circuitry is not included in
the kit)

m) JTAG connector

n) TRF6301 I/O header used to control or monitor the TRF6901
component externally.

0) MSP430 disable jumper used to disable the MSP430F449
component

p) MSP430F4439 component

[Trf03]
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D.2 - Project Hardware

TRFE201 & w4§‘
WWW.TLCOM/ISMRTF
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Appendix E - Digital Communication Code

E:\Design\ECE442\2004-05-02_working_1000_samples_tones\2004-04-21_b\trf6901_demo.c 1

l .vr‘,;‘g,‘v,,.,,‘.,‘,,;A,,NLV:A>A~,,;,,.,ﬂ/z_.:q\,;,;;,;,\.,,:,':)méj‘(e‘-\:} R O R 2 T (I SR OV A A A I I S 2
2
3
4 *
5 oo X p SR s, R :
6
7
8
Ed v ok boE B L g

"mspd30x44x.h"
"in430.h"
"stdio.h"
"f map.h"

TRF_STROBE 0%
TRE DATR 1
TRE_MODE 0x80
TRF_CLK 0x40
TRE_STANDBY 0x20
TRE LH 0x10
tx  0Ox4 ;i
x 0x8 I
FALSE O

LED YELLOW 0x80
LED_GREEN 0x40
LED ORANGE 0x20
LED RED 0x10
LEDALL Oxfo0
FSEL4 1
FSEL3 0x=80
FSELZ 0x40
FSEL1 0x8
NONE 0
. RED 1
: ORANGE 2

GREEN 4
= YELLOW 8
- MAXWORD 3
- MAXBYTE MAXWORD*2
FALSE O
TRUE 1
ACK_CODE 0x0606
COM SUCCESSFUL [
LOCAL BUTTON PUSHED 0x8 Afegquivaient to uvart & onor Frall

rf X buf full 0x4 AAvEowoeln bulfaer has new dobe
RE timedout flag 0x80

rf R buf full 0x10

F_change_flag 0x100

MAX RETRAN 3

RESPONSE_TIMEOUT SEC10
SAMPLEPERIOD 0x7800;

- XTAL OFFSET 0

DEBOUNCE 7690

Us 0x40

EU O




E:\Design\ECE442\2004-05-02_working_1000_samples_tones\2004-04-21_b\trf63901_demo.c

67 Sl S
68 DAC Out_High (0x04) AR ST R s < Qertyen
69 DAC OJL _Low (CxFB) RO N : 3 b i

oy

70 DAC CS _High (0x08) JA0HA e laan HICH no LR [ N

71 DAC CS Low (0=F7) Al ae BT : e
72 DAC LD High (0x10) FS e mhvahe “ 5 n
73 DAC LD Low {OxEF) Al rad mtoone i (2 S 1

DATA SIZE 1000
SAMPLE DELAY  0x53
SAMPLE_DELAY2 0x20

SENDER

toDPC( Ol
blt select(
Hdm decode(
Ham_encode(,
bit toggle(
bit set (nr
bit get{urziure:

data):
Lt onuam, fovien int indem)
D ey gl m;m);
numj ;
©onunm,
num,
num, u:

sot int oindex)
index, unsiarad Lrn vbit) g
index);

Set Cilk(
o Set DCO(:
Lz program TRF69 (u
.1t receive RF(: :
sendmRF(,”.,;

f sel,fsel update;
ComFlag;

AInitIov
GetFsel (o

configure trf6801 (void);
program_Tg Mode O {w
program RX Mode l/:
program_ WORD O
program WORD D¢ .
program Tx C(voia);
program Rx C{vo:i.o)

*rfoS _control/{
& a word 1, a word h, b word 1, b word n;
i c_word_l, c word_h, d word 1, d word n;

117  }tr£6901;

119 o mleO Cnt, FAL men dela
. Btime;
Btimel 5;
REGION;
retry count;
failed;

2



127
128
129
130
131
132
133
134
135
136
137
138
139
140
141
142
143
144
145
146
147
148
149
150
151
152
153
154
155
156
157
158
158
160
l61
162
163
164
165
166
167
168
169
170
171
172
173
174
175
176
177

178
179
180
181
182
183
184
185
186
187
188
189
190
191

E:\Design\ECE442\2004-05-02_working_1000_samples_tones\2004-04-21_b\trfé6901_demo.c

WDTCTL

S mya

P4AOUT |

© RECEIVER

~ data2 [DATA

errorl;

SENDER

data;

= WDTPW+WDTHO

RECEIVER

_SIZE}:

T T S

LD; /7

e

= DAC_Out High+DAC_CS_High+D

tr

AC L

D High;

P4DIR [= DAC Out High+DAC_CS_High+DAC_LD High;

pP40cUT
P4DIR

P6SEL |

SENDER

ming nl Uhe oubou
= DAC LD Eigh;
= DAC_LD_ High;

= 0xz10;
ADC12CTLO = ADC120N+SHTO_2+REFON;

ADCL2CTL1 = SEP;
ADC1ZMCTLO = INCH 4 +

RN

{ 9=0; 3<023600;

ADC12CTLC = ENC;

Fennd

At

SREF 1;

G+

InitIo{);
Btime=64;
REGICON=P6IN&
Btimel 5=60;
f sel = GetF
S i=0;1<10
SRR IS

configure

Y, fde: SE

Lie(l
oo (i
ADC

dat

us;

sel();
Pi4)

Sr£6901();

NDER

RECEIVER
3

= 0;1<DATA_SIZE;i++)

12CTLO |=

’

Lo

ADC128C;

‘s

({(ADCL12IFG & BIT0)==0);
az2[i] = ADCI12MEMO;

3



E:\Design\ECE442\2004-05-02_working_1000_samples_tones\2004-04-21_b\trf6901_demo.c 4

192 ‘oo (3 = 0;j < SAMPLE DELAY;j++):

193

194 temp s = ~temp_s; Flartaemn
195 “ o {temp_s)

196 {

197 3 |= DAC LD High;

198 1

199 e
200 {

201 3 &
202 }

203

204 }

205

206 soo (i = 0;1<DATA_SIZE; i++)

207 {

208 toDAL(data2[l]); Srsendn tata ot LAD ¢S
209 fv0 {3 = 0;3<SAMPLE DELAYZ; 3++)

210 }

211 }

212 FTPE PR SR
213
214
215 fotfder RECEIVER

216 ComFlag&=~rf R buf full:;
217 errorl = feCEIVG*RE(
218
219
220
221 fou (1 =0;1<DATA_SIZE;i+t)
222 {

223 toDAC (data2[i]);
224 fox(d = 0;3<SAMPLE
225 }

226 CREN

227

228 sivos SENDER

229

230 datal2 [DATA SIZE-1) = 0;

231 temp_s = 0;

232

233 foi{l = 0;1<DATA SIZE;i++)

234 {

235 ADClszLO = ADC12ZS8C; S Eraen orvaraior
236 : ((ADClZIFG & BITO) ):

237 da a2[ = ADClZMEMO

238 éé i
239
240
241
242 Slavtenon o
243 Lf{temp s "= O0xFFFF)
244 {

245 P40OUT|=DAC LD High;

246 }

247 R

248 {

249 P4QUT&=DAC_LD Low;

250 }

251 }

252

253 ComFlaql—rf X buf full: Sodneame pf wwid it R e
254 & (dataZ) data?2

255

256

257

i

DAC LD Low;

t{dataZ),datal);

it >>r, Ta T P
ELAYZ2; 5++) ;




258
259
260
261
262
263
264
265
266
267
268
269
270

271
272
273
274
275
276
277
278
279
280
281
282

283
284
285
286
287
288
289
290
291

292
293
294
295
296
297
298
299
300

301
302
303
304
305
306
307
308
309

310
311
312
313
314
315
316
317
318

:\Design\ECE442\2004-05-02_working_1000_samples_tones\2004-04

-21_

b\trf6901l_demo.c

shor LODAC (hrsloansd

P40OUT |=DAC_LD High;

P40UT&=DAC CS Low; ‘ B
temp = bit select data,ll\‘
S{temp}
P40OUT!{=DAC_ Out High;

b

P40UT&=DAC_Out Low;

P40OUT |=DAC_CS High; - Iligs boe Toip Soleoon bto ons

P40UT&=DAC_CS Low; /*sati tow
temp = bit sel lect {data, 10);

S {temp)

P40UT |=DAC Out High;

P40UT&=DAC_Out Low;

PAOUT|=DAC_CS_High; /»ilips toe Ohip Seleol o one fon 0%

PAOUTE=DAC CS Low; /*=seis tone Uiz
temp = bit select/data 9)y; S«
I{temp)

P40UT |=DAC Out High;
P4OUT&=DAC_Out Low;
P40OUT |=DAC_CS_High; Terips Lhe O L Deleot to oone For S
P40UT&=DAC C5 Low; ER RV
temp = bit select(data,8);

i {temp)
P40OUT | =DAC_Out High;

P40OUT&=DAC_Out_Low;

P4OUT [ =DAC_CS_High; / f :ips the Ohdn Seleon oo s foyp SR

P40OUT&=DAC C8 Low; /*swra ol
temp = bit selectfdata 73

T {temp)

P4OUTI=EAC Out High;

P4uZT& DAC _Out Low;

98]

P40UT |=DAC_CS High; Arilips the Ship Salecn o sne for

5



E:\Design\ECE442\2004-05-02_working_1000_samples_tones\2004-04-21_b\trf6901_demo.c 6

319

320 P40OUT&=DAC_CS_Low; / seiz “hao 00 1

321 temp = bit select(data,€}: - * E

322 Y (temp)

323 P4OUT | =DAC Out High;

324 s lme

325 P40OUT&=DAC_Out_Low;

326

327 P4OUT|=DAC_CS_High; /~fi C 2t ot oo ; » o ] '
328

329 P40UT&=DAC_CS Low; / a&us fne

330 temp = bit select(data,5); ’

331 S ({temp)

332 P40UT|=DAC_Out High;

333 ol

334 P40UT&=DAC_Out_Low;

335

336 P4OUT|=DAC_CS_High; /- flins toe (hip i tUEE oW
337

338 P40UT&=DAC_CS8 Low; /*szels the 00 [

339 temp = bit select(data,d); o

340 Ll {temp)

341 P4OUTI—DAC Out High;

342 @ L

343 54OUT& DAC Out Low;

344

345 PA4OUT|=DAC_CS_Eigh; / “iips “he Vet ‘ '
346

347 P40UT&=DAC_CS_Low; aTs the Ul @ LU

348 temp = bit_select (data, 3); on G

349 12 {temp)

350 P40UT|=DAC_ Out High;

351 Tl

352 P40UT&=DAC_Out Low;

353

354 P40UT | =DAC_CS_High; f 1 ‘ ey it 4
355

356 P40UT&=DAC_CS_Low; /- s=ts nih Lt i

357 temp = bit select{data,2}:; 3

358 LI (temp)

359 P4OUT1 =DAC_Out High;

360 ER

361 P4OUT&:DAC_Out~LOw;

362

363 P40OUT | =DAC CS High; / &lizs whe Uhde Selsoo oo one o0 B8 s 4
364

365 P40UT&=DAC CS Low; na The 2 .

366 temp = bit select (data,l); ¢

367 f{temp)

368 P40OUT |=DAC_Qut High;

369 Lolomel

370 P40UT&=DAC_Out Low;

371

372 P40UT |=DAC_CS High; Srilapa tiee Doin Select o one Doz UR ddata advanos ons Db e
373

374 P40UT&=DAC CS Low; F*zets Tons 0l

375 temp = bit select(data 0): 7 onaoas :

376 Li(temp)

377 P4OUT |=DAC_Out High;



378
378
380
381

382
383
384

385
386
387
388
389
390
391
392
393
394
395
396
397
398
399
400
401
402
403
404
405
406
407
408
409
410
411
412
413
414
415
416
417
418
419
420
421
422
423
424
425
426
427
428
429
430
431
432
433
434
435
436
437
438
439
440
441
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P40OUT&=DAC_Out Low;

P40OUT | =DAC_CS High; el

P40UT&=DAC_LD Low;

0:

[e)}

ntobit select (nud

or (index)

LE((0x01 & num)

I {(0x100
; L 1

oo 05

T

W

& num) > 0)

> 0)

7
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442
443
444
445
446 cane 10: ({02400 & num)y > Q)
447 caetara 1

448 T
449 v 0

450

451 cawa 11 L0 {0xB00 & num) > 0)
452 o o

453 S
454 voatarn 0y

455

456 RTINS VIR M rebiin 17 Aroduptoooutpar hon 8 someibiog Sorsws un
457 }

458 )
459
460
461

462 B :
463 : e nhe .
LS < o Lo

464
465
466
467
468
469
470 PN sto3yn A T A N 2 SRR AT TR ’ v
471 c = bit_get(num,5)+bit get(num,6)+bit get(num,7)+bit get (num,8)+bit get {(num, 9)~+
bit get(num,10)+bit get{num,1l)+bit get{num,12};
472 c &= 1;

g1 = T TS R

473 s = bit set(s, 3, c¢);
474 S Ramoord suncteone hitoal s wl VI ovd v R i i
475 c = bit _get(num,2)+bit get (num +bit get{num,4)+bit get (num,8)+bit get (num,9)+

3)

bit get(num,10)+bit get(num, 11l)+bit_get (num, 13);

476 c &= 1;

477 s = bit set(s, 2, c);

478 7Third syndrone Dot osd s w1 oe 43 4 R S B I

479 ¢ = bit_get(num,1)+bit get(num,3)+bit get{num,4)+bit get(num,o6)+bit_get(num,7)+
bit get{num,10)+bit get (num,11l)+bit get (num,14);

480 c &= 1;

481 s = bit set({s, 1, c);

482 SO0 Tour i svndrons 2ir mdom P A S P2 DRSS

483 = bit get(num,1)+bit get(num,2)+bit c¢et(num,4)+bit get (num, 5)+bit get(num,7)+
bit get (num, 9)+bit get(num,11}+bit get (num,15);

484 &= 1; h B

485 s = bit set(s, 0, c}:

486

0

487 7 Cwowe Eens o Tk i

488 num &= 0xOFFF;

489

490 4 ! v S ! -

491
492 I S S 4o ;
493 SO3Y wmrLon Lo nhe g
494 swl o (

495 {
496 cane 3 {

\

497 num = bit toggle{num, 1);
498 SRV onum;

499 }

500 PRV

501 num = bit_toggle(num, 2};
502 et o numg

o



503
504
505
506
507
508
509
510
511
512
513
514
515
516
517
518
519
520
521
522
523
524
525
526
527
528
529
530
531
532
533
534
535
536
537
538
5389
540
541
542
543
544
545
546
547
548
549
550
551
552
553

554
555
556
557

558
559
560
561

562
563
564
565

E:\Design\ECE442\2004-05-02_working_1000_samples_tones\2004-04-21_b\trf6901_demo.c

}
[ {
num = bit toggle{num, 3);
vt num;
}
7: {

num = bit toggle(num, 4);
ety nam;

num = bit toggle(num, 5);
Lebeoos nam;

10: {
num = bit toggle{num, 6};
reT.us s num;g

}
11: {
num = bit toggle({num, 7);
T num;
1
12: {

num = bit toggle(num, 8);
LET LN numg

}
13: {
num = bit toggle (num, 9);
Faat T onum;
}
14: {
num = bit toggle(num, 10);
cErr numg
}
15: {
num = bit toggle(num, 11);
LAY numg
}
i num;

Ham_encode (ur.siunas o0 num)

7

IR

¢ = bit_get(num,5)+bit get(num, 6)+bit_get (num,7)+bit get (num, 8)+bit get (num, 9)+

bit_get(num,10)+bit get(num,11);
c &= 1;
num = bit set{num, 12, c¢);
;i R IR e S BT f

c = bitiget(num,Z}+bit_get(num,3)+bitwqet(num,4)+bit_get(num,8)+bit_get(num,9)+

bit_get(num, 10)+bit get(num,11l);
c &= 1;
num = bit set (num, 13, c);

ST T

c = bit_get(num,1)+bit_get(num,3)+bit get{num,4)+bit get(num,6)+bit get(num,7)+

bit_get(num,10)+bit get (num,11);
c &= 1;
num = bit set{num, 14, c¢):

chami RAE od = ml - wl o4 v 4

¢ = bit_get{num,1l)+bit_get{num,2)+bit get (num, 4)

+bit get (num,5)+bit get (num,7)+

9



566
567
568
569
570
571
572
573
574
575
576
577
578
579
580
581
582
583
584
585
586
587
588
589
590
591
592
593
594
595
596
597
598
599
600
601
602
603
604
605
606
607
608
609
610
611
612
613
614
615
616
617
618
619
620
621
622
623
624
625
626
627
628
629
630
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bit get(num,9)+bit get(num,11);
c &= 1;
num = bit set (num, 15, c);

Torn onum;g

i, op;

W (i<index)
{

op *= 2;

i++;
}
num “= op;
: 1vonum;

(i<index)

op *= 2;
i++;

K (vbit==0)
num &= (0xFFFE - op);

num }= op;
num;

Lonuam,

(1<index)

op *= 2;
1++;
}
num &= op;
(num == 0)
i 0;

i 1




631
632
633
634
635
636
637
638
639
640
641
642
643
644
645
646
647
648
649
650
651
652
653
654
655
656
657
658
659
660
661
662
663
664
665
666
667
668
669
670
671
672
673
674
675
676
677
678
679
680
681
682
683
684
685
686
687

688
689

690
691
692
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}
InitIo (v i)
i
P6OUT | =0xzf;

P6DIR |= 0Oxzf;
P6SEL|=0x80;

P4DIR|= TRF STROBE + TRF DATA; JAELL0, RAL
P3DIR|= TRFACLK + TRE_ STANDBY + TRF ~MODE + TRF LH;

P2DIR|= tx;

P1IDIR|= LEDALL;
P10OUT&= ~LEDALL;
P1IES |= 0Oxzf; FAPE D R S U O
P2SEL=0x233; Leos Dap? 3
Set DCO(BOOOO):
UTCTLO Ox20
URCTLO=0x8;
UBR0O0=0xz40;
UBR10=0;
UMCTLO=0x0;
UMCTLO=0;
UCTLO=0x11;
UCTLO&=0xfe;
MEl\fURXEO

%

/W"(l 0; 1<3000O 1++){

P10OUT |= LEDALL;

P6OUT&=0x=f0;

}

P10OUT&=~ (LEDALL) ;

0 (3=0;1<30000;i44) ;

P6OUT |=0xf;
P5DIR| =1
P50UT&=0xfe;

configure trf6901 (voia)

wetaned oo long regy

P40UT&=0xfe;

program_TX_Mode 0();
program_RX Mode 1();

program WORD C{(); ;i
long_reg = (ursomws Long) XTAL OFFSET;
long reg<<=16;

long_reg|= TRF69 Dword;
program WORD D(long regqg);

R,



694
695
696
697
698
699
700
701
702
703
704
705

706
707

708
709
710
711

712
713
714
715
716
717
718
719
720
721
722
723

724

725
726
727
728
729
730
731
732
733
734
735

737
738
739
740
741
742
743
744
745
746
747
748
749
750
751
752
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P2 program TX Mode O (v i)

siuned Long trfe9;

Lot pointer;
pointer={(-.n")f sel;

trf6g = TRegA[p01nter};
trf690l.a word h = (unsicn: ')(trf69>>l6)'
trf6901.a word 1 = ( (s =3 *)trf69);
program_ TRF69 (tr£6901. a_ word h trf6901 a word 1);

program_RX_ Mode 1 (vald

et Long trf69;

11t pointer;

pointer=(:.z2)f sel;

trf69 = RRegB[pointer];

trfe90l.b word h = (u; ”:)(trf69>>l6)'
trf6901.b word 1 = ( (it tytrfe9);
program*TRF69(trf690l b word h trf6901 b word 1);

i program WORD C (i)

naraned lona trfe901 word;
trf6901 word = TRF6S Cword;

trfe90l.c word h = trf6901 word>>16;

trfe90l.c word 1 = trfe%901 word;

program TRF69(trf6901 c_ word h,trf6901.c word 1);

program WORD D(urs:ones [0 trf6e9)
trf6901.d word h = (uusloves uu) (trfe9>>16);
trf6901.d word 1 = (ureiores T trfe9;

programiTRF69(trf690l d word h,trf6901l.d word 1);

GetFsel (7o)

in0, inl,in2;
in0 = P3IN&FSEL4;
in0<<=3;
inl = P2IN & (FSEL3+FSEL2+FSEL1);

12
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753 in0l=(inl>>3);

754 inl = P2IN & FSEL1;
755 in0 = inl>>3;

756 in0=~1n0; five
757 inl=in0 & Oxf;

758 in0 (inl>>3)&0x1;

759 in2 (inl>>1)&0x22;

760 in0 |=in2;

761 in2 = {(inl<<1)&0x4;

762 in0 |= 1n2;

763 in2 = {(1nl<<3)&0x8;

764 ind = in0 [in2;

765 censvn in0;

766 }

767

768 interrupt [TIMERBO VECTOR] voi:l TimerBO (voi )
769 ¢
770 3
771 B L T S T L S LI TERVERVERCR P R ST P S S T T T 2 I S G S S T T P e e
772 fi‘r‘qu LED ana w LomuvTTon

’773 P T T T T N T S PV U N A
774 interrupt [TIMERBI_VBCTOR]
775 |

776 wwL ol (O TBIV )

777 {

778 case 20 ool o F

779 TBCCRI=(TBR + 0x7800) & O=ffff; A min on Bhe lnteriuns
780 i {ms100 _cnt--==0) {

781 TBCCTL1&=0xffed; Sl
782 ComFlag|=RF_timedout flag;
783
784
78%
786

— ik

S g o

s 4
‘BCCTLZ2&=0xffed;

787 ComFlag!|=RF_timedout flag; //
788 & d ol o

789
790 e
791 bevaz g

792 )}

793 }

794

795 oo DisableButtonInt (vowdl)
796 |

797 P1IE &=0xf0;

798
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