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Abstract

Digital Sound Projection is a high quality audiartsceiver for use in music or lecture
hall venues and personal settings. A portable tnétex accepts a microphone or line input and
transmits the audio signal wirelessly to the reeebase station. From the receiver the user can
adjust audio characteristics with equalization saator enhance vocal components with Digital
Mute. An LCD interface simplifies the user contrfds adjusting the different audio settings. An
EQ screen allows the user to adjust the amplitude¥l frequency bands from 20Hz up to

24kHz. The digital mute function allows the user @ohance vocal harmonics in order to

selectively amplify human voice.
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1.0 Project Overview and Block Diagram

1.1 Project Overview

Digital Sound Projection consists of a transmitéted a receiver unit. The transmitter accepts
an analog stereo line or microphone input. Eaghadiis converted into a differential signal
through the DRV134, amplified using the PGA2505noptione preamplifier, buffered with the
OPA1611 op-amp, and finally converted into a digggnal by the PCM4202. The digital
signal is then modulated by the nRF24Z1 transcearef sent to the receiver via a 2.4GHz
wireless channel.

The receiver takes an input audio signal from eithe transmitter or directly from an analog
line-in. Equalizer effects are then applied digytéhrough the SHARC ADSP-21262 DSP chip.
The user is capable of defining the EQ effectsubhoan LCD user interface controlled by the
ATmegal68 microcontroller. The Ul also enables tiser to apply a voice enhancement
algorithm implemented by the SHARC and select thpui signal source. After signal
processing, the digital audio signal is convertadkbto analog through the PCM1792A DAC

and output to speakers.
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1.2 System Level Diagram
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Figure 1-1: System Level Diagram
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Figure 1-2: Transmitter Block Diagram
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Figure 1-3: Transmitter Block Diagram
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1.5 Photograph of Digital Sound Projection System

Figure 1-4: Digital Sound Projection
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2.0 Team Success Criteria and Fulfillment
2.1 Project-Specific Success Criteria

An ability to wirelessly transmit and receive aithaudio signal.

An ability to display information to the user onla@D about the status of the device.
An ability to apply digital mute to the audio si¢gsméased on a threshold.

An ability to allow the user to adjust EQ effecpphed to audio signals.

a bk 0N

An ability to control output volume wirelessly frotine transmitter.

2.2 Assessment of PSSC Fulfillment

All PSSC’s have been satisfied by the Digital SoBnojection design.

1. The unit successfully transmits a digital audionalgbetween the transmitter unit and
receiver base.

2. The unit successfully displays information regagdihe system to the user via an LCD
interface. Separate menus are provided for theethmajor adjustable settings on the
receiver: volume, EQ, digital mute. The rotary edeoand push buttons allow the user to
manipulate settings on each screen of the usefante

3. Digital mute based on a threshold is successfuiyplémented in Digital Sound
Projection. A user can selectively boost or redugemonic components of human voice
by setting the upper and lower frequency boundadyspecifying a gain value.

4. The user can apply EQ effects to audio by adjudieggain of 11 separate frequency
bands.

5. The user can increase or decrease the output volirakessly from the transmitter using

pushbutton controls.
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3.0 Constraint Analysis and Component Selection

3.1 Introduction

Processing digital audio in real-time is computadity expensive and requires a
microprocessor that executes fast enough to maiti& necessary level of throughput without
dropping audio samples or degrading audio quahttgh quality analog to digital and digital to
analog converters with high dynamic range and lawrtonic distortion are necessary to ensure
undistorted audio input and output. This sectiol address the constraints that must be met to
produce a successful design along with the rateofa@ major component selection based upon

the constraint analysis.

3.2 Design Constraint Analysis

In this section, the major design constraints Wwél addressed. As the most critical design
challenges, computational, interfacing, and perghaequirements will be emphasized.

Important power, packaging, and cost constrainlisalgo be covered.

3.3 Computation Requirements

The device will require a high-performance digisadnal processor to perform real-time
digital audio processing. Equalizer effects andtalignute will be applied to large blocks of
2048 audio samples using the method of FFT conoluEFT convolution takes advantage of
the property that multiplication in the frequencgnthin is equivalent to convolution in time
domain. Performing signal processing in the fregyedomain is conceptually simple and
provides greater software flexibility. The digiggnal processor must compute the FFT, process
frequency domain data, and compute the inverse WHin the maximum amount of time
required to collect the next set of audio samphasdio will be sampled at a rate of 48kHz,
limiting the maximum processing time to 42.7ms p@48 sample block. After this amount of
time passes the next sample block will have bdldfinot processing this block in time would
require the entire sample blocks to be skipped.

All signal processing algorithms will be carriedtaising 32-bit floating-point arithmetic.
Floating-point representation is preferable becamsantization noise is thousands of times

-7-
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smaller [1] when compared to fixed-point. The taatount of RAM required for storing and
processing input samples, not including prograntaspé.e. stack, heap, and program) is given
by:M =15* 32* N, whereN is the number of sample points per block, &hd the number of
bits required to perform the FFT convolution. Th8®requires at least 983,040 bits of data
memory for a block size of 2048 floating point sd@sp

3.4 Interface Requirements

General purpose I/0 is split between user interfamaponents and SPI chip selects signals
for off-chip slave peripherals. The receiver's usgerface contains a LCD, a rotary encoder,
and several push buttons. A CFA634-TMC-KS serialrabter LCD requires a UART capable of
a minimum 9600 baud with a TTL voltage swing ofo05tV [2]. A 3.3V to 5V level translator
will be required to interface with the LCD datadswith microcontroller's UART pins. The
EVEG rotary encoder requires two digital I/O pins fuadrature pulses. [12] Four to five push
buttons will be used to select between several igerface displays and to move between on
screen selections. The DSP requires four generalbge /O pins for SPI chip select signals

used for off-chip slave peripherals.

3.5 On-Chip Peripheral Requirements

The transmitter’'s microcontroller is responsible ¢onfiguring the microphone pre-amp and
wireless transmitter through a serial periphera. Buminimum of one SPI controller is required
to initialize and control these components. A miomatroller also is used to control the user
interface on the receiver. The user interface nemndroller requires at least one SPI peripheral
to communicate with the DSP. Both the transmittet geceiver microcontrollers SPI peripherals
must be capable of 1MHz clock speed and have ocmrdide modes. Each microcontroller
should also include an 12C capable interface ta fda unforeseen peripheral requirements or an
additional SPI controller.

The DSP requires at most three 12S capable seoids for interfacing with the wireless
audio transceiver, an ADC, and a DAC. It may besfis to use two serial ports if the clock,
frame sync and bit clock can be shared betweeAD® and DAC. A dedicated serial port must

be used to interface with the wireless audio traivecr due to the mismatch in data word sizes.
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The DSP also requires at least one SPI contradlezonfigure the DAC, wireless transceiver
chip, and to communicate with the user interfacerationtroller. The DSP SPI controller should

also be capable of operating in either masterawesinode.

3.6 Off-Chip Peripheral Requirements

The device requires both analog to digital andtdigo analog converters capable of 24-bit
resolution at a sampling rate of 48kHz. The ADC &#C must also implement the 12S serial
audio interface to connect with the DSP and theless transceiver. To ensure the best possible
audio signal quality the DAC and ADC should haveeay high dynamic range and low total
harmonic distortion. An external wireless transeeiis required to stream audio data from the
ADC on the transmitter to the DSP on the receiVae wireless transceiver should be capable of
interfacing directly with the DSP and the ADC usi2&. Configuration of the ADC, DAC and
wireless transceiver should be performed througbramon peripheral bus such as SPI or 12C.

3.7 Power Constraints

The wireless transmitter should be battery poweniti NiMH rechargeable batteries to
enable the user to carry the device without addtiovires that restrict movement. An estimated
200mA (based off datasheets) is required to poletransmitter components. On the receiver a
+15V and -15V supply is required to power high gyabperational amplifiers on the audio

output stage.

3.8 Packaging Constraints

The wireless transmitter is designed to be small laght enough to clip to a users belt or
pocket. Care must be taken when considering antsrasgaand placement to ensure the best
possible reception while not making the transmit&kward to wear. Analog and digital
components should be separated and possibly stiieldethe PCB of both the receiver and
transmitter to ensure minimal RF contaminationhef &analog audio signal.

3.9 Cost Constraints
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The device should be competitive with other wirglesidio systems on the market while
providing additional features not present in ergtproducts. The freePORT Presentation Set, a
wireless audio system with wireless microphone fr@ennheiser, retails for $375.95. [3]
Another system, the Shure ULX Standard Series #ument System, also provides quality
wireless audio transmission, for $759.00. [4] Baoththese products provide more wireless
channels than our device will support, however, dewice will provide additional audio

capabilities without the need for additional augirocessing hardware.

3.10 Component Selection Rationale

Component selection is based on the constraintsredvin the previous section with special
consideration given to performance, ease of use,iaterface flexibility. Two floating-point
DSPs are comparediMS320C6711D (TMS320) from Texas Instruments andSRER1262
from Analog Devices. The PCM4202 ADC and PCM1792AMfrom Texas Instruments are
compared against the Analog Devices AD1936 auditecoFor wireless audio transmission, the
NRF24Z1 wireless audio transceiver from Nordic Semductor is compared with the DARR80
digital baseband processor from STS.

The DSP that best meets the computational andfaetag constraints is the ADSP-21262
(SHARC) from Analog Devices. The SHARC is a highfpemance (1200 MFLOPs), DSP
supporting 32-bit floating-point and 32-bit fixedipt computation with two independent
computational units. An I/O processor provides @Rasate DMA channels, a dedicated SPI port,
six serial ports and configurable general-purpd®epins. The 1/O processor includes a software
programmable signal routing unit (SRU) that alloavs/ I/O processor port to be connected to
any of the 20 external processor pins. [Bje TMS320 is a 32-bit floating point, high-
performance (1500 MFLOPs) DSP with 512Kbits of RAMd eight independenbmputational
units. The TMS320 includes 16 independent DMA cledgrtwo multi-purpose serial ports, and
five general-purpose /O pinghe SHARC meets all computational, memory, andriaténg
requirements and includes several desirable featm@ present in thefMS320. While
comparable to the SHARC in computational speed, TMS320 lacks the 1/O flexibility
provided by the SHARC's signal routing unit. The AR also includes a larger amount on on-

chip RAM, avoiding the need to interface to slowrternal memory.

-10-
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High quality ADC and DAC channels with high dynaminge and low total harmonic
distortion (THD) are essential for ensuring highality audio. The AD1936 audio codec from
Analog Devices provides four ADC channels with aalyic range of 109dB and -98dB THD.
Eight DAC channels with 107dB dynamic range anddB®d8HD are packaged with the DAC
channels for an all-in-one chip solution. [7] Whikee AD1936 performs well, most of the DAC
and ADC channels would be unused, especially otrémsmitter where only two ADC channels
are required. The PCM4202 from Texas Instrumenéstigo channel ADC with 118dB dynamic
range and -105dB THD. [8] The PCM4202 has highefopmance characteristics and fewer
channels which better meets the interfacing requergs of both the receiver and transmitter.
The PCM1792A two-channel DAC from Texas Instrumédms a 127dB dynamic range and -
108dB THD [9] also outperforms the AD1936 and betteets the interfacing requirements of
the receiver.

The wireless audio transceiver must be capableteffacing directly with the DSP and ADC
peripherals using an I12S audio serial interfacegldeless digital audio interface is required to
maintain the necessary throughput of high qualidi@a The nRF24Z1 from Nordic
Semiconductor transmits 16-bit CD quality audiotbe 2.4GHz ISM radio band. Audio data is
transferred into and out of the nRF24Z1 using & d2dio interface. [10] The DARR80 from
STS implements all of the features found in the ARA but includes support for up to eight
audio channels. Unlike the nRF24Z1, the DARRS8O ireguan external 802.11 frontend radio
and only supports 12C bus for configuration andiatization. [11] The nRF24Z1 was selected
due to the availability of documentation, smallém pount, an on-chip radio interface, and its

inclusion of an SPI port for configuration.

3.11 Summary

In this section, several major components werecgadebased on key design constraints. The
ADSP-21262 digital signal processor was choseiitsd2Mbit and I/O flexibility. Separate high-
performance DACs and ADCs from Texas Instrumentseveelected over a single integrated
audio codec because of their superior performamagacteristics and lower channel count.
Lastly, the nRF24Z1 wireless audio transceiver jates the necessary audio interfacing and RF
stack in a single-chip package.

-11-



ECE 477 Digital Systems Senior Design Project Rev 8/09

4.0 Patent Liability Analysis
4.1 Introduction

Digital Sound Projection (DSP) is a wireless auslystem for a microphone or direct line
input. The user then is able to modify the audigna on the receiver by adjusting the
Equalization (EQ) effects shown on an LCD screéffter these effects have been applied by a
digital signal processor, the signal is then sensgeakers through a 2 channel stereo output.
Two of the main functions for DSP are the wirelgassmission of the input microphone signal
from the transmitter to the receiver and the abifdr the user to apply EQ effects on the
received signal to their preference. DSP’s desgpecifically the two prior functions listed,

must be designed in a manner as to not infringarmynprior patents or product designs.

4.2 Results of Patent and Product Search

The patent database was searched in order to an#igzpatent liability associated with
Digital Sound Projection’s major functions. In &duh to the patent search, products that
perform similar functions were investigated in artle determine if any ideas or designs were
infringed upon in DSP’s design. Some of the mdjorctions that DSP performs that are of
concern involve the implementation of the wirelsgstem and the signal processing done on the
input signal in order to improve quality.

The first patent that was investigated for the glef a wireless audio system is Patent
7,680,465. [1] This patent was filed on July 3@0@, and involves a wireless audio device and
improving the sound quality based on user-speaiiidio parameters. This audio device receives
its input from a wireless source, and then allows tser to adjust the gain of individual
frequency bands and does this processing usingitaldsignal processor. It then outputs the
audio signal directly to speakers or transmitsirelessly to another device. The patent covers
basically any wireless scheme and allows for amaipey frequency range of any MHz or GHz
as shown in the detailed description section oftent.

Another product that shared similar functionality the DSP is the Shure line of wireless
microphone systems. [2] An example device shows$ 8hure has designed a body pack that
receives a microphone input and outputs at a dpdodiquency to a tuned receiver that outputs

to some speakers or another audio device. ThiEeEwireless operation frequency is around

-12-
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700 MHz and is tuned/selected based on the usesig from the base receiver and transmitter.
The transmitters have automatic frequency sele@rmhoffer the choice of using a microphone
input or a direct line input.

Technical-pro also has a product that performsralai function as Digital Sound Projection.
[3] The RX-B32 is a home audio receiver that hasdépability of accepting 3 RCA inputs and 2
microphone inputs. The receiver also has builifitennas that receive AM and FM radio. This
receiver has the ability to choose whether to tigenticrophone input or the RCA inputs and
allows the user to input some parameters in omlemprove the quality of the input signal to
their preference. The output is then sent to 2nnsgieakers or through surround sound if

selected by the user.

4.3 Analysis of Patent Liability

Digital Sound Projection has many similarities watther products and existing patents. [1]
For example, Patent 7,680,465 and Digital SoungeBtion both accept an audio signal from an
RF source and allow for the user to input differamdio parameters into the system to generate a
user-specific audio signal. For both products thiolves determining the coefficients for
different frequency bands and using these coefiisi¢o adjust the signal in a digital signal
processor. Both systems then output this new asidital to speakers. Also, each device uses a
controller to manage the user input along withrést of the system on the receiver. The patent
uses a description of a general “controller” manggthe devices in the system, but DSP
specifically uses the ATmegal68 microcontrollermi@nage the user input and ICs on the
transmitter and receiver. Digital Signal Projewtie similar enough to the patent’s design that it
could potentially infringe under the doctrine ofuaglents. DSP performs the same overall
functions, but it would depend on how the softwiarstructured in the design within the patent.
The patent does not list how it performs the ugecsic input on the audio source using the
processor. However, DSP analyzes the incomingoasighal by taking the FF&nd then uses
the amplitude coefficients for the frequency bamlperform the Equalization effects on the
audio signal. Another difference may apply witle thircuitry involved in outputting the signal
from the digital signal processor to the speakehgiain the patent does not explain how it is
done, but for DSP the data output from the proagsasses through a digital to analog converter

and then through a IV-conversion stage to produ2elaannel stereo output.

-13-
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The designs in Patent 7,680,465 and that of DS#PPrateive the inputs to their systems from
a wireless RF source. [1] The patent is designexttept an audio input from any wireless link;
specifically it will be able to operate in the Z¥Hz frequency range. DSP, on the other hand,
only is designed to receive its input from the rhatg wireless transmitter. This RF signal also
is transmitted in the 2.4 GHz range, but the nRHA248es a frequency shifting algorithm in
order to find an unused frequency for transmissiothe 2.4-2.45 GHz range, and the patent
does not describe the wireless modulation scherakishimplemented in their design. The
wireless transceiver used in DSP is designed gpaltyf for transmitting/receiving high fidelity
audio signals where the patent does not make istisiction.

The Shure wireless microphone systems are othetupts that perform the same general
function as Digital Sound Projection. For bothteyss, a user connects either a microphone or a
direct audio line into the transmitter, and thea signal transmits wirelessly to the base receiver.
The major differences in operation occur in theereer. [2] The Shure systems receive the
signal from the transmitter and then output theaido the speakers, whereas DSP allows the
user to modify the signal before outputting to speakers. For Shure’s design, the only major
Ul on the receiver involves selecting the frequentyperation for the wireless transmission.
There are enough differences in the receiver poribthe designs after the signal is received
that there is no possibility that DSP infringesSimure’s designs. The potential for infringement
comes from the transmitter and the wireless trassimm. The Shure system transmits at around
700 MHz whereas DSP transmits at 2.4 GHz. Agai8PB wireless transceiver uses GPSK
which is not a common modulation scheme. Thisthaedact that transmitting a signal through
RF is non-trivial enough that DSP’s design would Io@ infringing on Shure’s wireless designs.
There is also no specific software being writterDIBP’s transmission that would potentially
infringe on Shure’s designs.

Technical-Pro’s RX-B32 audio receiver is anothesdurct that performs the same overall
function as the Digital Sound Projection. [3] Battteivers can accept either a microphone
input or a stereo (RCA) input. Each product thbowss the user to change the settings of the
audio signal given some parameters and then outpetsignal to speakers. However, the
purpose of the Ul is different for both devicesheTRX-B32 has a limited interface of only being
able to adjust bass, treble, echo, and volume; easethe DSP design allows for adjustments of

the amplitude for different frequency bands andvedl for an overall volume modification and

-14-
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mute, with these adjustments output on an LCD screehe RX-B32 also allows for AM/FM

radio from the antenna input. DSP allows for aeleiss input as well, but it is from the matching
transmitter of the receiver that accepts a microghor line input. Even though these two
products achieve the same general function of irpgoan audio signal based on a user’s input,

there are enough differences so that DSP doesfninige on the RX-B32’s design.

4.4 Action Recommended

Even though Patent 7,680,465 covers many of the $anttions and ideas in Digital Sound
Projection’s design, the specific claims of theepatare obvious enough for DSP to not infringe
on the patent’s design. The patent does not expiaw any of the claims are implemented or
even give any idea of what kind of algorithm orte@ire is used. Because of the generality of
the claims, DSP would not have any significant pté& for infringing under the doctrine of
equivalents. However, if a lawyer interpreted ttiet design of DSP was actually infringing on
this patent, then DSP would most likely have to palicensing fee in order to produce the
wireless system.

Shure’s wireless microphone systems were also enpat for infringement; however, the
receivers of the Shure’s systems and DSP are mignify different and the audio signal passes
through more user influence in DSP before outpgttio the speakers. The potential of
infringement would occur with the transmitters. Wwé&wver, since the transmitter’s hardware can
be considered “obvious”, there are enough diffeesnin the wireless scheme that no actions
need to be taken with DSP’s design in order to éhwoiringing on Shure’s wireless systems.
DSP’s design was also very similar to Technical49?i@X-B32 receiver involving the user
interface to adjust the audio signal to the usgpscifications before being output to speakers.
However, the kind of functions that DSP uses agaiicantly different than the RX-B32 and the
source of the wireless input is also notably défér With these differences in design, DSP does
not have the potential for infringing upon the desof the RX-B32 and no action needs to be

taken to change the design of DSP.

-15-
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4.5 Summary

Two products and one patent were analyzed in otdedetermine the possibility of
infringement if Digital Sound Projection were to ppeoduced and sold. Patent 7,680,465
described a wireless system that receives an asidital and allows the user to adjust the
amplitude of different frequency bands. One conyfgmproducts, the Shure wireless
microphone systems, are products that perform ahgesfunction of transmitting a microphone
input to a base receiver and outputting the sigoadpeakers. However, the Shure wireless
systems do not allow the user to adjust the audjoab to the user’'s preferences before
outputting to the speakers. The Technical-Pro RB2-Beceiver is another product that does the
same function as DSP’s receiver unit by acceptimgaadio signal and allowing the user to
change some settings to their preference and autpeatadjusted signal. These products and the
patent all share some similarities with the desifjDigital Sound Projection, although the main
similarities are considered “obvious” designs awdnat risk any infringement of ideas. DSP
also applies enough differences in execution ofdbsign that the potential for infringement,
both literal and under the doctrine of equivaledtsgs not exist and no other actions need to be

taken.

-16-
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5.0 Reliability and Safety Analysis

5.1 Introduction

In the case of device failure, because the tratsnbbard contains only one microcontroller
and three other digital components, it is unlikalgafety critical event will arise. The receiver
consists of a set of digital and analog boardghéncase of device failure on the analog board,
one of the critical safety issues is if the two lpdwer supply filter capacitors malfunction. A
critical safety issue on the receiver station caralfailure of the 5V/4A switching power supply
module. A malfunction will damage all the digitaimponents on the digital board. To prevent
the user from being harmed when critical failurews, the receiver is packaged with an
aluminum casing. Other non-critical failures such digital components malfunctioning or
analog components decaying over time will only ¥@aconvenience without resulting physical

harm to the user.

5.2 Reliability Analysis

The failure rate of Digital Sound Projection is mbkely to be determined by the digital
signal processor, SHARC ADSP-21262, since it hasntlost die complexity and current load.
The SHARC DSP performs 32-bit computations on figéal audio signal and routes the input
and output signals for DAC and ADC. The SHARC drassund 800mA of current under full
load which is relatively high in comparison to @lher components on the board. The next set of
digital components expected to fail after the ADBER62 are the PCM4202, the PCM1792A,
and the ATmegal68. The PCM4202 is chosen becagsatinuously converts the analog input
signal to an I12S output signal with 24-bit precisid his operation involves a series of logic gate
switching and draws approximately 20mA from Vdd @A from Vcc. The PCM1792A is
chosen because it continuously converts the 128tisgnal from the SHARC into differential
current outputs. This operation involves an inteuédtage to current converter in addition to the
24-bit digital to analog conversion and draws agpnately 10mA from Vdd and 65mA from
Vcc. The ATmegal68 is expected to fail becauseoitid the input values for various audio
effects that are constantly scanned by the SHARKE iaresponsible for generating the user
interface on the LCD display module when the deisderned on.

17-
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The Military Handbook for Reliability Prediction oElectronic Equipment predict the
expected amount of device failures in® Hburs can be calculated As = (C1l*nr + C2*ne )
*no*m. for microcircuits, gate/logic arrays, and digitpfocessors where C1 is the die
complexity, nr is the temperature coefficient, C2 is the packagiailure rate,ng is the
environment factorgq is the fabrication quality factor, amd is the manufacture learning factor.

Table 5-1: ADSP-21262 MTTF Calculation Chart

Parameter name Description Value Comments

C1 Die complexity 0.560 32-bit MOS micro

T Temperature coeff. 0.630 T; = Tc+(8,c*P) = 69.90 C
T.=30 0;c=27.9P =1.27

C2 Package Failure Rate  0.060 p NL44 Hermetic SMT

TE Environment Factor 2.0 Ground Fixed

1%} Quality Factors 1.0 Commercial Product

L Learning Factor 1.0 In production for more than
2 years

Entire Design Ap=.484 MTTFL 235.9 years

Table 5-2: ATmegal68 MTTF Calculation Chart
Parameter name Description Value Comments

C1l Die complexity 0.140 8-bit MOS micro

T Temperature coeff. 0.140 T, =Tc+(0,c*P) =325 C
Tc: 30 93(:: 25P =10

C2 Package Failure Rate] 0.012 p N\B2 Hermetic SMT

g Environment Factor 2.0 Ground Fixed

g Quality Factors 1.0 Commercial Product

T Learning Factor 1.0 In production for more than
2 years

Entire Design Ap=.0374 MTTFL 4397 years
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Table 5-3: PCM4202 MTTF Calculation Chart

Parameter name Description Value Comments

C1l Die complexity 0.160 10001-30000 gates

T Temperature coeff. 0.431 T; = Tc+(8,c*P) = 60.8 C
T.=30 0;c=100 P =.308

C2 Package Failure Rate] 0.013 p 28 Non-hermetic SMT|

e Environment Factor 2.0 Ground Fixed

g Quality Factors 1.0 Commercial Product

T Learning Factor 1.0 In production for more th
2 years

Entire Design Ap=.0950 MTTFL 1202 years

Table 5-4: PCM1792A MTTF Calculation Chart

Parameter name Description Value Comments

C1 Die complexity 0.080 3001 — 10000 Gates

T Temperature coeff. 0.293 T; = Tc+(8;c*P) = 50.50 C
T.=30 0;c=100 P =.205

C2 Package Failure Rate]  0.013 » 28 Non-hermetic SMT|

TE Environment Factor 2.0 Ground Fixed

o Quality Factors 10 Commercial Product

L Learning Factor 1.0 In production for more th
2 years

Entire Design Ap=.0494 MTTFL 2309 years

In summary, the Digital Sound Projection has atnedty low failure rate and all of the

digital components havi < 1. One critical factor of the failure rate i®tthermal dissipation of

surface mount ICs. To further improve the MTTF ratdditional heatsinks can be attached to

reduce the thermal junction coefficient. Applyingra cooling fans to reduce the ambient casing

temperature is also a possible solution to exteadMTTF.

5.3 Failure Mode, Effects, and Criticality Analysis

The Digital Sound Projection consists of one traittemunit and one receiver unit. The

following two subsections will discuss each indivédl subsystem for both the transmitter and the

receiver. In Appendix F of the report, there iSMECA table that includes the criticality of each

failure for each subsystem for both the transmédtet the receiver.
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The criticality levels are stated as High, Meditemd Low. A High criticality failure is a
failure that could physically harm the user. Fas tkind of failure, the failure rat®p must be
below 10° failures/hour. A Medium criticality failure is aifure that can cause the Digital
Sound Projection unit to malfunction. These faituege less dangerous to users but the failure
rate should be lower than @ailures/18 hours. A Low criticality failure is a failure thaffects
the Digital Sound Projection’s overall performancehese failures should not stop the

functionality of the Digital Sound Projection butcaild be limited to 18 failures/16 hours.

5.4 FMECA on the Transmitter Board

The transmitter board can be divided into five wuidiial functional subsystems. These
blocks include NiMH battery packs connected witkelir voltage regulators, analog inputs, the
PCM4202 ADC, the nRF24Z1 wireless transmitter wadhtenna, and the ATmegal68

microcontroller with device status indicators.

5.5 FMECA on the Receiver Board

The Receiver board can be divided into six indiaidfwnctional subsystems. These blocks
include digital/analog power supply modules withseofilters, analog inputs and outputs, the
PCM4202 ADC and the PCM1792A DAC, the nRF24Z1 wveissl receiver with antenna, the
ATmegal68 microcontroller with LCD display moduland the SHARC DSP with JTAG

interface.

5.6 Summary

Digital Sound Projection is a relatively safe amfiable product based on the failure rate
calculations. In the event of critical failuresethAluminum casing would provide protection from
physical harm; however, there is no failure pratecin the circuitry. Therefore, if any of the
digital components are damaged, the Digital SoumgeBtion will most likely stop functioning.
In addition, heatsinks and current limiters couddifmplemented to improve the MTTF rate.
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6.0 Ethical and Environmental Impact Analysis
6.1 Introduction

Ethical and environmental issues with respect etthnsmitter include frequency sniffing,
proper battery and circuit board disposal, and usegning labels. Finally, the receiver takes the
digital signal from the transmitter and performgdefined equalizer effects through the use of
the SHARC digital signal processor. Ethical angimmmental concerns include shock hazard

user warnings, harmful materials disposal, andenpd@lution.

6.2 Ethical Impact Analysis
6.2.1 Transmitter Analysis

The ethical challenges facing the transmitter desmclude operating conditions, user
warnings, and possibly adding safety mechanisnist, Fhe transmitter design must be tested in
a suite of different operating conditions. As DBPmeant to be used in lectures, speeches,
and/or concert settings, there is the possibilitputdoor use. To ensure the DSP functions as
marketed, the system will be tested for both indmod outdoor operating conditions. Testing
will include the standard “shake and bake” consgstof extreme temperature change and
vibration testing. Products akin to the ThermotAmtelerated Stress Test (AST) Chamber will
be used for this proceg&]. Also, Radio Frequency (RF) and Electromagn&mmpatibility
(EMC) Testing will be completed to ensure no FCQ@Quiations are broken and background
noise, especially in the outdoor application, doesnegatively affect the system. Lastly, spill
testing will be performed on the transmitter to weesworking condition in the case of a rain
storm in an outdoor setting.

Secondly, while nickel metal hydride (NiMH) is ntethnically dangerous, it is a skin irritant
and can be dangerous if ingested or comes intacbwnith the eye [2]. As NiMH rechargeable
batteries are used in the transmitter, a warnibgllavill be located inside the package to warn
the user of dangers associated with the battergspa&he warning label will be placed next to
the battery connections giving the user an easgiple caution not to use the batteries in any
configuration that may cause a rupture. No othemimg labels are necessary for the transmitter
as there are no shock hazards or high temperaasegiated with the transmitter circuit board.
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Lastly, there is a possible ethical issue of fregyesniffing and subsequent remote recording
of the audio signals transmitted by DSP. Thesasgdl recordings could lead to pirated live
music tracks; however, this occurrence is verykatyi. The Nordic nRF24Z1 Transceiver used
in the DSP design utilizes frequency hopping in thege of 2.4 to 2.45GHz [3] making it

exceedingly difficult to successfully lock onto ateimodulate the transmitted signal.

6.2.2 Receiver Analysis

Like the transmitter, the receiver unit will be qa through a suite of tests. The receiver
circuit boards will be placed through temperaturarge and vibration testing [identical to the
transmitter circuit board. The receiver will alse tested for RF, EMC, and spill tested in case
the receiver station is exposed to rain.

Next, the receiver requires two warning labels egobaced on the rear face of the unit. The
first label will be a generic electric shock wampito caution the user from tampering with the
wall socket and power input to the receiver bagdso, a warning label cautioning against
operating the receiver with the cover off will blaged on the rear face of the unit. Chance of
shock hazards and potential hearing loss causezgcitor explosions are drastically reduced
with a closed package; therefore, it is importantdaution the user from operating the unit with
no cover.

In the user documentation, volume control warniwgsbe placed to caution the user from
operating the system at an extremely high volutais will help prevent hearing loss to the user
or any passerby in close proximity to the spealsemnected to DSP. Also, all warnings
provided on the receiver unit itself will be redtzd in the user documentation.

Lastly, there are a few safety mechanisms thatdcbel added to the receiver station. A
surge protector in the form of a circuit breakeuldobe added to the receiver power input to
protect the circuit board and capacitors. This Mqurevent any chance, with the exception of a
short circuit, of electrical shock or capacitor kgions that could potentially harm the user if
operated with an open case. With regards to tteiver packaging, the prototype will be placed
in a simple aluminum sheet metal box. To decréasehance of the unit falling off a shelf and

onto the user, the package could be changed touaadse rack mount.
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6.3 Environmental Impact Analysis
6.3.1 Transmitter Analysis

First, while NiMH rechargeable batteries do not g@s serious environmental problem,
recycling is the best course of action. Documémtain the user manual will urge the user to
properly dispose of the battery packs and poinmthe the United States Environmental
Protection Agency (EPA) battery informational pdgé¢ which contains resources for proper
battery disposal. Also, the current circuit bodesign contains lead. To reduce the chance of
environmental lead contamination, the circuit boardist be disposed of properly upon design
obsolescence or circuit board failure. The EPAviges guidelines on proper disposal and
recycling locations for consumer electronics [5SThe EPA also suggests using the Earth911
website to conveniently search for recycling cenfer both batteries and consumer electronics
on a zip code basis [6]. Both the EPA and Earth®élisites will be cited in user documentation
to ensure proper disposal of both the rechargediid batteries and transmitter circuit board.

Secondly, the manufacturing process could be ingde reduce the environmental impact
of DSP. A printed circuit board (PCB) manufactuwgth Restriction of the Use of Certain
Hazardous Substances (RoHS) compliance [7] wouldcHmsen to ensure no lead or other
environmentally harmful materials are present m ¢ircuit board. Advanced Circuits, the PCB
manufacturer used for DSP, is one such manufactagable of producing a RoOHS compliant
circuit board [8]. Although a majority of comporsron the circuit board are currently RoHS
compliant, RoHS compliant equivalent parts wouldchesen to replace the current components
containing lead. Lead-free solder will also bedugeensure a RoHS compliant design. Lastly,
copper pours could be added to the transmitteuititmoard design to reduce the amount of
copper wasted in the etching process. This, im, twill reduce the amount of etchant waste that

must be disposed of.

6.3.2 Receiver Analysis

Like the transmitter circuit board, both receivé&B?s contain lead. Components containing
lead must also be replaced by RoHS compliant pantsduce any possible contamination to the
environment. In addition to the circuit boarddigaid crystal display (LCD) is used to display
the equalizer effects user interface. LCD’s arevkm to contain environmentally harmful
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materials; however, a RoHS compliant LCD from Ch=tatz was chosen for the DSP design
reducing the environmental impact of the desigrhe Tser documentation will, however, still
urge the user to recycle the LCD with the receiveit. The same informational resources as
mentioned for the transmitter PCB and batteriesSaction 3.1 will be utilized in the user
documentation.

Power consumption is also an environmental coneeth the receiver unit as it uses
significantly more power than the transmitter. Trieeeiver requires several different voltage
levels: +15V, 5V, 3.3V, and 1.2V. A power suppisoviding 19V was chosen to achieve each
required voltage level. The lower level voltages supplied through linear regulators for the
+15V and a power module supplying 5V to the renmgniinear regulators. While there is
inherent wasted power, the power module, whom dtae/snost current, is 83% efficient.

Lastly, there is the environmental problem of ngedution. In the outdoor setting, noise
pollution may be a viable issue if DSP is usedl&y pnusic or lectures at extremely high volume
levels. Again, this could not only damage the sskearing, but also passerby’s hearing in the
process. This could also lead to public nuisaneponts requiring police intervention.
Documentation will be added to ensure the usewsra of this environmental issue and warns
against playing audio signals at extreme levelse &xtreme solution would be to digitally limit
the volume levels output by the receiver unit; heere the signal output by DSP could then be
amplified by the user making this solution ineffeet The best course of action is to document

the potential for noise pollution to ensure therus@aware of this issue.

6.4 Summary

All in all, the DSP design has possible ethical @amyironmental issues. Ethical issues
associated with the design including frequencyfisigf safety issues, and design functionality
will be addressed through frequency hopping, usemnings and cautions, and a suite of testing,
respectively. Noise pollution and proper battenyd aelectronics disposal are potential
environmental issues of the design; however, useumientation warning against operating at
high volume levels and providing information resmg for environmentally friendly disposal

will reduce the environmental impact of the design.
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7.0 Packaging Design Considerations
7.1 Introduction

The transmitter packaging constraints include sigegonomic shape, and interfacing
capabilities. The package must be small and kgittugh to clip onto the user’s belt or fit in a
pocket. The transmitter must be ergonomicallyglesil as not to create discomfort for the user.
Openings in the package will be required for a optione connector, user interface (Ul), and
antenna.

At the receiving end, interfacing capabilities, dbnsiderations, and electromagnetic
interference (EMI) shielding are all potential pagkg issues. The receiver base must have
openings for an antenna, external power sourceioangtput, and analog input connectors.
Package openings will also be required for the WD, rotary encoder, and push buttons to
display and change EQ levels and other pertindatrimation. EMI shielding is also a packaging

constraint as to minimize exterior noise influx aadiation within the circuit.

7.2 Commercial Product Packaging

Although there were no package designs exactly II&P’s, several professional wireless
audio systems exist with similar packages. Thalyais will focus on two professional wireless
audio systems, the Shure ULX Wireless System [4] tthe Sennheiser freePORT Presentation
Set [2], and how they are both similar and diffétenDSP’s packaging scheme.

7.2.1 Shure ULX Wireless System

i < Iy D b ULX Wireless System
SHURE

Figure 7-1: Shure ULX Wireless System Packagifg [1
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The Shure ULX Wireless System comes in a packagsisting of two separate devices. A
transmitter, either the ULX1 Body-Pack Transmitter ULX2 Hand-Held Microphone
Transmitter, complimented by the ULXS4 Standarddpsity Receiver comprises the system
packaging. Please note the transmitter packagwatysis will focus on the ULX1 as it closely
fits the design for the DSP transmitter.

First, the transmitter package of the ULX1 is coampised of a plastic injection mold with
seamless openings for antenna, audio input conneantd user interface components. A metal
clip is provided on the reverse side for placenant user’s belt [1]. The package is compact
and ergonomically shaped for comfort when worn bg tser. All connectors and LED
indicators are conveniently located on top of thé [1]. A display and push buttons located on
the ULX1's face enable the user to easily swit@gérency bands [1]. Overall, the packaging
design is excellent providing both user comfort aady access to all functions. The packaging
design of the DSP transmitter will be similar tatttof the ULX1. The package will be small,
light weight, include a metal clip, and provide yascess to connectors and buttons. Unlike the
ULX1, however, the DSP package requires no conainbers for a Ul display.

Next, the receiving ULXS4 station package consits sheet metal box providing space for
the Ul and antennas. The package is compact awldes the user with an ability to turn the
power on or off, adjust the frequency band, andim@ level [1]. Connector jacks and antennas
are conveniently located in the rear of the unjit [ike the ULXS4, the receiver’'s LCD Ul will
be placed on the front of the unit; however, as B3R is more robust, more real estate is
required necessitating a larger package. Also,lainto the ULXS4, the DSP receiver’s
connector jacks and antennas will be located ardhe face as to avoid physically interfering
with the UL.
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7.2.2 Sennheiser freePORT Presentation Set

Figure 7-2: Sennheiser freePORT Presentation Sek&ying [2]

The Sennheiser freePORT Presentation Set has arspackaging scheme to that of DSP’s.
The package includes a compact transmitter unitaasigéek receiver box. First, the transmitter
box is small, light weight at three ounces withbatteries [2], and has a simple power button.
Located on the front face is a power button andpkamsliding plastic piece to protect the battery
bay [2]. The top face includes the antenna andapitone input connector [2]. The Sennheiser
transmitter package is a very close fit to DSP’§he design fits the size and ergonomic
constraints of the DSP packaging. The only plarsiéfdrence for the DSP design will be the
volume control interface.

Secondly, the Sennheiser receiver package is &,skeetal enclosure. The front face
includes two antennas, LED’s indicating systemustaand a dial to switch frequency bands.
Power and audio connectors are located in theaketre unit [2]. The antenna located in the
front of the unit do not pose any issues for thanBeiser design [2]; however, in DSP’s case,
the antenna must be located in the rear of theamthe antenna would physically impede the

user from interacting with the LCD and push butitwterface located on top of the unit.

7.3 Project Packaging Specifications

The packaging will consist of a separate transmited receiver base. The transmitter
package will be small, light weight, and ergonorticahaped as the user will wear the
transmitter on his/her belt. A RadioShack ABS sptainjection molded, 6 x 4 x 2 inch project
enclosure will be used to encase the design [3. minimize packaging envelope size, the
antenna will be located on the left side of thengraitter. Power and wireless data link LED

indicators, microphone input connector, and powetch will be placed on top of the unit for
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easy viewing and access, respectively. Volumerobptish buttons and gain flag switch will be
located on the front face to allow the user to siduolume or adjust the gain of the transmitter
while wearing the device.

Next, the receiver base must be large enough tonarmodate the LCD, rotary encoder, and
push button user interface, and satisfy the EMeéldimg constraint. The package will be the
Bud Industries 12 x 10 x 3” aluminum sheet metal@sure [4]. For easy accessibility, the user
interface will be located on the front of the unithe power input, audio input, and antenna will
all be located in the rear of the unit as not tpeate access to the Ul. Four rubber pads will be
added to the bottom of the unit to decrease thaazhaf the unit slipping off of a surface. Also,
the aluminum case will effectively shield the citcuom electromagnetic interference. Copper
tape will be used to fill gaps at connecting irdeds to completely EMI shield the system if
necessary. Refer to Appendix B for detailed CABwings of packaging design and Appendix

B for materials, tooling, weight, and unit costaikst

7.4 PCB Footprint Layout

For the components selected in the Design Congdraimalysis, most had either only one or
a few footprints available. For the componentshwihultiple footprints, two major
characteristics were considered, overall footpaineia and lead or pad solderability. Using these
criteria, it was determined that PDIP packages werbe avoided as the through-hole leads
effectively double the footprint of the chip. Nerktremely small packages such as QFN were
avoided as soldering these components is diffigith the exception of the nRF24Z1 transceiver
chip as QFN was the only available package. SOI€C BQFP were the packages of choice as
they provide small footprints and reasonable salliity.

Next, the PCB dimension estimates will be 5 x 3446 x 3.833", and 6.499 x 4.555" for the
transmitter board, receiver analog board, and vecedigital board respectively. For the
transmitter, all active components fit on one smfethe board leaving space for passive
components and Ul push button connectors. Fordbeiver, all active components easily fit
onto the analog and digital circuit boards. Tlngolut effectively isolates the analog and digital

circuitry and allows for easy routing.
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7.5 Summary

Overall, the packaging design will be very simitarthat of the Shure and Sennheiser
commercial systems. The ABS transmitter packadiebe@ismall at 3 x 2 x 1 inch, lightweight,
and user friendly. The aluminum receiver packadkeb& large enough to accommodate the Ul
at 7.4 x 4.75 x 3.2 inches, provide EMI shieldiagd provide easy access to the Ul on the top
face. The transmitter and receiver PCB layout®.8tx 1.8 inches and 7.0 x 4.2 inches,
respectively, are large enough for all active congmts and will fit within the chosen package

designs.
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8.0 Schematic Design Considerations
8.1 Introduction

Digital Sound Projection consists of a transmi#ted a receiver base station for transmitting
digital audio through the air. Since the transmiite battery based, there will be a tradeoff
between SNR and power consumption. The receivéiostavas designed to either receive the
digital audio wirelessly or to accept analog infroim the analog to digital converter. The base
station will then perform an N point Fast Fourigafisformation (FFT) to get a rough estimation
of the frequency domain. By adjusting the frequebeyds, users will be able to apply EQ
effects by interacting with a user interface. Afddirthe computations are done, the digital signal
processor will then send the reconstructed digitalio signal to the digital to analog converter.
On the PCB, left and right channels are laid opiasately to reduce the effect of inter-channel
contamination. The digital circuitry is also sepada from analog components to reduce

electromagnetic interference effects.

8.2 Theory of Operation

The transmitter contains three major subsectionglwimclude the microphone input, unit
control, and wireless transmitter. The microphammut section uses a pair of Texas Instruments
PGA2505s, one for each channel. The PGA2505 hsesial control interface, gain up to one
thousand, and accepts small differential signaliigspThe PGA2505 output is set to a voltage
swing of 0 to 5V on M.+ and V,- with @ common reference voltagec(y equal to 2.5V. The
PGA2505 common voltage reference is set to maiehPthM4202 ADC reference voltage &Y.

To further process the input, the signal is passeade PCM4202 that quantizes the analog input
into 12S output with 48kHz/24bit bit rate.

The Nordic Semiconductor nRF24Z1 wireless tranggeireceives 12S input from the
PCM4202 and performs bit truncation to compresdrpat down to 16-bit. The nRF24Z1 also
provides channel coding to guarantee quality ofiserbetween transmitter and receiver; it
generates protection codes and a CRC checksumrtectlp receive data. To modulate the
digital audio for transmission, the nRF24Z1 pastss to a Gaussian filter and then multiplies
its output with 38 different carrier frequenciesvbeen 2.4GHz to 2.45GHz simultaneously to

select an optimal transmission frequency. In ondetransmit at 2.4GHz, a high frequency
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capacitor is used between antenna ground and Idigitaund to prevent interference. A
12.288MHz is used to drive the I12S clocks betweea hRF24Z1, PCM1792a DAC and
PCM4202 ADC.

An ATmegal68 microcontroller handles the controklué user interface on the transmitter
and receiver. The clock speed of 4MHz for is sidfit to operate the user interface and control
the nRF24Z1. The microcontroller debounces extemahbutton inputs and decodes the
guadrate encoder signals.

On the transmitter, the analog output is drivenwieen +5V and -5V and the digital
components operate at 3.3V. All of the above vasagre generated from two 6V battery packs
and regulated separately by low drop-off lineartagé regulators.

On the receiver, inputs can come from either theeless input or analog line-in from the
RCA stereo jack. The nRF24Z1 receives digital adidion an antenna and the chip then utilizes
a Phase Lock Loop (PLL) with self-clock regenenatio decode Gaussian Phase Shift Keying
(GPSK) back to 12S with additional checksum anarecorrections. From the RCA analog line-
in port, the analog audio is first converted inifbedential pair with 2.5V DC offset by OPA1632
then is sent to PCM4202 to quantize the OV<Vin<b¥lag signal to an 12S digital audio signal.
Since mic-in is not implemented, a PGA2505 is rextassary on receiver side.

The 12S signal from either the wireless or linehnput is then sent to Analog Devices’
SHARC ADSP-21262 for EQ and digital mute processifite SHARC takes the I12S input and
saves the sample points into two separate N (N 24 1dr 2048) real number floating point
buffers with a fill time of 20ms or 40ms, respeetiy, for the left and right channels. Since the
user will be able to adjust the input signal’'s bebain the frequency domain, a Short Time
Fourier Transformation (STFT) is needed to conwiene domain into frequency domain. An
optimized FFT function provided by the Virtual D3Brary from Analog Device is used. In
order to FFT each individual channel, one complexdint and one real N point buffer is
allocated; N twiddle coefficients (complex poingk generated and saved into memory. After
the FFT calculation and frequency convolutions (E@ects and other frequency based
operations), an inverse FFT (IFFT) of length N $edito convert the frequency domain back to
time domain in order to reconstruct the digitizegnal. The entire computation should not
exceed the time required to build N samples inpifielbs based on the 200MHz clock frequency

of the SHARC, which is insignificant compared te 20ms to 40ms required sampling time.
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The PCM1792A reconstructs the processed digitaloasent from the SHARC to analog
current driven differential outputs, lout+ and louA set of bi-amp I/V current integrators are
implemented to convert lout to Vout with Vavg of 2vid Vpp of 4V. To generate RCA output,
another bi-amp configuration is used to combiné&d#ntial output into singled RCA output.

The receiver uses a 19V, 3.15A wall wart with orf©¥ to +5V power module for the
digital board power and +15V to -15V power modue the analog board negative supply reel.
The +15V and -15V on the analog board are firsefdd with two LC filters in series (F&
400Hz and Fg¢= 2000Hz then filtered again by bypass and de@uppacitors to ensure the
clearness of the power supply for OPA1611 op-ampy¥, for Vcc on PCM1792 and PCM4202,
and +3.3 for Vdd on our digital devices. The SHARQuires 1.2V supply for its internal core
voltage which will be generated from a +3.3V to 2Mlinear voltage regulator to prevent

overheating.

8.3 Hardware Design Narrative

On the transmitter, three pins on ATmegal68 miantrotler will be utilized for SPI: serial
clock, master out slave in, and slave devices mastgdave out. Two additional pins are used
to select between the PGA2505 and nRF24Z1. To gser control of output volume on the
receiver from the transmitter, two pins are useddading from push buttons. Also there will be
two additional pins on the ATmegal68 to read ther usput regarding analog input gain
selection. On ATmegal68, all the unused pins &t ground through resistors to avoid EMI
effects.

The PGA2505 communicates with the ATmegal68 usiPbt& adjust gain between 0dB to
60dB. In order to generate 0-5V differential output the PCM4202, the PGA2505 reads Vref
from PCM4202, uses it as an output common grountbifyj, and generates voltage outputs
accordingly.

The PCM4202 is set to PCM mode with 12.288MHz cleignal from the nRF24Z1. After
the PCM4202 digitizes the analog input, it thendsetie digital audio to the nRF24Z1. 12S with
word length of 24bits is selected for this openatith uses three pins for 12S data, 12S bit clock,
and I12S frame-sync. On the PCM4202, all the unusedes, including DSD and multi-bit

modulator mode, are disabled.
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The nRF24Z1 is configured by the ATmegal68 with orale select (either Tx or Rx) pin,
two volume control inputs de-bounced by the ATmé&$ahnd the SPI bus. The nRF24Z1 reads
I2S input from the PCM4202 and adds additional redureading to the end of the audio bit
stream. This signal is then transmitted via a Pld@hannel. On the nRF24Z1, the “antenna 2”
output is tied to ground and all other unused piestied to ground to prevent EMI effects.

On the receiver, the PCM4202 is set to have theesdaia output format as the one on the
transmitter. Chip select pins are set to sourcetaligqudio between the nRF24Z1 and the
PCM4202. All the unused I/O are tied to ground afidhe unused functions are disabled for
both the nRF24Z1 and the PCM4202.

The SHARC Digital Signal Processor receives andigBal from either the PCM4202 or the
NRF2471 and buffers the input data stream in irtelRAM to perform digital signal processing
on the digital audio. Since the SHARC has the nedsEPIO pins and fastest clock speed, it is
used as the master SPI device to select betwetaredif SPI controlled subsystems and sends
out a reset flag to each subsystem every timedbeiver restarts. Also, the SHARC requires an
additional SPI based flash chip to store its bowge.

An ATmegal68 microcontroller is also used to sh@&rulevice status, to read user inputs,
and to drive the LCD display. The microcontrollsrdriven by the SHARC over SPI buses and
reads user input from push buttons and rotary kndhalog rotary encoders and push buttons
will take eight pins on the microcontrollers. TheCI display module is driven by the
ATmegal68 with two serial port pins, two LCD readferpins, and one LCD chip select pin.

8.4 Summary

The transceiver is designed with low power consimnptA minimum amount of chips are
used to reduce power consumption and pin connexctiime transmitter uses the ATmegal68 as
a central processing unit to control the PGA2506MR202, and nRF24Z1. The PGA2505 is
connected to a single input to differential outgonverter and generates high gain voltage
output. The PCM4202 reads the voltage s from bog¢hpositive and negative of the differential
input and output 12S digital audio to the nRF24Zhe nRF24Z1 accepts the 12S signal and
performs input compression and channel coding befEnding the modulated signal via a

2.4GHz wireless channel.
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On the receiver, the nRF24Z1 receives an inputasiffjom an external antenna and decodes
the modulated input to an 12S digital audio. Anitiddal PCM4202 is used on the receiver to
read analog line-in input. The SHARC DSP has a sbipct function to select the input source
between the nRF24Z1 and PCM4202. The SHARC perfdreuency analysis and applies
frequency convolution to the digital audio signafter frequency operations, the SHARC then
sends the processed digital audio signal to the PX&. The PCM1792 takes the 12S data and
converts it back to current driven differential jputs. The ATmegal68 is used on the receiver to
show device status, to read user inputs, and te dhe LCD display. The ATmegal68 reads
user inputs from a rotary encoder and push buttsihshe subsystems on the receiver side, with
the exception of the PCM4202, are controlled bySRARC using SPI buses. The entire system
is powered by a 19V DC input and is sent to one\A+HiB+5V power module and one +19V to -
15V power module with linear voltage regulatorsatgjuire desired voltage outputs.
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9.0 PCB Layout Design Considerations
9.1 Introduction

As a design consideration, the transmitter cirbodrd will have to be small in order to retain
the portability of a handheld device; however, ¢hare specific limitations with some of the chip
layouts that will require additional space on tloadd. However, there are limitations on how
small the circuit boards can be due to noise cematbns, placement of chips for convenient
traces, and also based on the manufacturers’ Ha&ssfor each chip.

9.2 PCB Layout Design Considerations — Overall

The project requires two separate printed circwiarl designs: one transmitter and one
receiver. The transmitter and receiver boards hatre very similar requirements; however, the
transmitter has the additional requirement of srealé. As a benefit, the transmitter requires
fewer physical chips and external connections, Wwindl allow for less circuitry.

The nRF24Z1 transceiver is a major imitation on $kee of the circuit boards, specifically
the transmitter. This chip requires that the nRE2%4e placed alone on the board with no
components or traces running underneath. Thedeares must also be placed close to the edge
of the board where the SMA antenna connector istéatso that traces are short. This is done to
avoid the EMI radiation of the received wirelesgnsil from the antenna, because if the trace is
longer than a specific value depending on the #eqy, then the electromagnetic fields could
radiate off the trace as if it was an antennafits&leeping the antenna connection close to the
NRF2471 chip will also help retain the charactasstof the 50 ohm matched output circuit
without having to meet additional requirements @ning the physical trace as outlined in the
layout application note. If there is a reasontfer nRF24Z1 impedance matching network to
require more board space, then the design musa 88eohm micro strip line to carry the signal
[1]. In order to place the nRF24Z1 at the siddah&f board near the edge, the chip should be
situated such that the 1/O pins face the interfahe board in order to eliminate inefficient trace
design.

A major concern for the layout is the risk of noisentamination between the chips
themselves. This specifically is a consideratibthe noise contribution that the analog devices

on the circuit boards would have with the digitahponents. The first part of the solution for
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this problem is simple by creating two separated®é#or the receiver: one board for the analog
components and one board for the digital componefitss will also help separate the analog
and digital grounds, which will reduce noise betwége two different types of components. A
header will then be needed to connect the two Isoamith the important signal and
power/ground traces that are common between thebbaods. With two separate boards, it is
preferred that the sizes are kept to a minimuntrdkeioto fit the receiver into the chosen receiver
package. To minimize the size some planning isieeédo draw out, by hand, the orientation
and placement of the chips to most efficiently theeboard space. The transmitter design will
only be placed on one board and due to size comstithe only solution is to separate the analog
and digital chips on opposite sides of the boaftiere will not be much space in between the
chips, but this could possibly help reduce noisgt@mination between the components.

Each printed circuit board for the receiver will &dour layer board and the transmitter will
be a two layer board. This will require strategiating and placement of the off-chip circuitry.
In order to use as much board space as possible whaintaining minimum size, careful
planning will be needed to place traces, passiad, active components on both sides of the
board. To prevent further noise contaminationtraoes or noisy components should be placed
underneath the chips themselves. The multiplersaya@l also allow for bypass and decoupling
capacitors to be placed right next to the pins na side of the board without interfering with
any of the traces between chips. The Op-Amps (@2&1DRV134, PGA2505) will require as
short of a trace as possible in order to preverdlissignal oscillation while operating at the
expected values, which can be done by taking adgantf the two layers. The maximum
current draw for any of the chips’ signal pins does exceed 100mA, which means the width of
the signal traces can be at the minimum 10-12 ndithw This will help in routing because there
will be less space on the PCB used to route thesdraces.

One other consideration for the layout of the pmrtigecircuit boards will be the off board
peripherals. The antennas, microphone input, RgpAt, and RCA output will all be connected
using surface mount or through-hole connectorsherbbards. These connectors will have to be
placed on the edge of the board but also closeetodspective chips for which they are inputs or
outputs. The boards will also require several bBeadfor programming chips like the
ATmegal68 microcontroller and the ADSP-21262 DSPhese headers will also give an

opportunity to make use of extra unused pins opsho provide alternatives in case of pins
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burning out. Space will need to be allocated st headers, which will increase the size of the
board, specifically for the SHARC’s 26 pin DAl headand 16 pin JTAG header, and also
require additional planning for the placement wikpect to the chips that they are connected to
so that there is no risk of crossing traces. Téer interface including the LCD, pushbuttons,
batteries, and LEDs will also require some heaaenections since these devices will not be
connected to the PCBs directly but will be placedime project casing. The other decision with
the headers is whether to use surface mount oughrbole. Any through-hole mounting will
essentially eliminate possible trace routing orhbsitles of the board where these headers are
located while surface mount would only take up spawc one side of the board. If any through-
hole components are used, then these should bedptach that they would not interfere with

any traces on either side of the board.

9.3 PCB Layout Design Considerations — Microcontroller

The circuit board layouts for the ATmegal68 Micnoroller and the SHARC ADSP-21262
DSP are similar to the rest of the chips on thedmaBypass and decoupling capacitors need to
be placed as close to the pins as possible to eedoise on the supply pin. The same aspect
applies with the oscillator circuit that must beaqdd close to the pins of the nRF24Z1
transceiver, ATmegal68 microcontroller, and SHARDS®-21262. With several components
that need to be placed next to these chips, thém sides of the board will need to be taken
advantage of. This is important for the SHARC dwiéts large number of power and ground
pins. These power traces will need to be largan tthe signal traces (around 60-100 mils in
width), but will need to gradually decrease in \itth match the width of the pins so they do not
interfere with the rest of the connections to thgoc This reduces the amount of resistance for
the large current ratings from the power supplied prevents burning out traces. In addition,
both the SHARC and the ATmegal68 will require lahgaders and extra space on the board in

order to program the chips and to access unusedagia back up to any burned pins.

9.4 PCB Layout Design Considerations - Power Supply

The placement of the voltage regulators for eactutti board is a major concern for the

design because of the noise that these devicesiggodA solution to this problem is to place the
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regulators on a side of the board that is as famfthe other chips. These regulators also
generate lots of heat (around 5W of power dissipafior the 15V to 10V 1A regulator) and this
will require connecting the thermal pads to heaksito handle the amount of heat generated
while not taking up too much room on the PCB. Huoere these heat sinks will take up
additional space that can be take advantage of pl#bement and orientation. Placing these
regulators on a separate side of the board alssesailne power traces to be longer and might
cause problems when routing due to interferencé wiher traces and could block possible
signal traces.

In order to effectively reduce the input ripple tagje, the input ceramic capacitors must be as
close to the input pins as possible [3]. In ordepreserve the value of any inductors and to not
degrade their characteristics, inductors must egblaced over ground planes. When designing
the PCB, copper pours must be omitted in the amasading and immediately around any
inductors.

Both the transmitter and receiver PCBs will be safea into analog and digital components
on either side of the boards. This will allow the analog and digital grounds to be separated
easily without having to create complicated coppeur designs. Then the ground planes can
simply be connected by a zero ohm resistor andtinogea solder bridge between the two
connections to give a common ground for the anaflatydigital grounds. Each voltage regulator
for the boards will also need a capacitor connetdgtle common ground to help eliminate noise
in the system.

The transmitter's power supply will consist of achaf batteries which will be connected to
the board through a header. This will require saadditional space, but it will allow the
connection to be placed any place on the boare: tmst efficient for routing the supply to the
rest of the components. The power supply for #eeiver will be a DC wall wart that will be
converted into the appropriate voltages neededguseéveral regulators. The output of the
regulators and the battery pack should be situsdeithat star routing can be used. Each chip or
pairs of chips will have their own power supplyceathat begin as close to the regulators as
possible. This should eliminate noise betweenitipeit supplies of the chips. These traces
should be large in width (around 60-100 mils) wikegwving the supplies to compensate for the
large amounts of current. When each trace is &gping the power pin of a chip, the width

should gradually decrease so that it is the ap@atgsize when reaching the chip. The gradual
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decrease will depend on the distance and numbieacds next to these power traces. The goal
is to keep the sizes of the PCBs as small as pessithis will help reduce the traces’ resistance

to the large amounts of current and the chanceafibg out a trace.

9.5 Summary

Digital Sound Projection’s transmitter is designedye a wireless handheld device. This
emphasizes the fact that the main consideratidheigrinted circuit board must be as small as
possible. Although, the quality of the transmitgdgnal being must also be preserved, which
limits just how small the board can be due to trpleEement and manufacturer requirements.
The receiver PCB, however, does not need to meesdime requirements as the transmitter.
The main concern when designing the PCB will benta@ning the signal quality throughout the
system. This requires following the manufactureguirements and avoiding any noise between

chips and the traces connecting the pins.
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10.0 Software Design Considerations
10.1 Introduction

This section will address the major software desggnsiderations such as memory
organization, peripheral initialization and set8ngnd device driver requirements. A complete
overview of major software components and theirrenir development status will also be
provided. A complete listing of all source code eleped for Digital Sound Projection can be

found on our team website.

10.2 Software Design Considerations

This section describes the software design cordides specific to the ATmegal68
microcontroller and ADSP-21262 SHARC floating-poiltSP. Constraints differ greatly
between the real-time signal processing performgdhe SHARC and user interface control
provided by the ATmegal68. A detailed overview @mory organization for each processor is
presented. Considerations for the utilization ofcbip peripherals with an emphasis on software
implementation will also be discussed. A depictainreach main software loop is provided in

Appendix G.

10.2.1 ADSP-21262 SHARC

Audio processing is computational and memory iritendut also bound by real-time
constraints of live playback. Excessive time spprdcessing audio samples or waiting for
processor resources will add unacceptable delagkipping to the output. These constraints
require careful software implementation particylddr the SP1 and serial port (SPORT) device
drivers. Considerations must also be made whenlingndock signal generation to drive off-
chip ADC and DAC devices and deriving the 12S Ipid avord clock signals.

The SPI bus is used to control off-chip periphesls communicate with the ATmegal68
user interface microcontroller. SPI drivers are lenpented using very simple device drivers
which poll the SPI status register (SPISTAT) for&i finished (SPIF) flag. [1] An SPI clock of
1MHz is derived from the core clock by specifyinget SPI baud rate divisor register
(SPIBAUD). 1MHz was chosen to maintain a reasondady bit rate while not exceeding the
maximum possible SPI clock speed of the slowest S$&le, the ATmegal68. The SHARC
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automatically handles the clock and data signakseam transfer is started. SPI transfers are
initiated by writing data to the transmit data lemffegister (TXSPI). Slave select signals may
also be controlled using the SPI flag control reEyis(SPIFLG) to automatically select a
particular slave device when a transfer starts.A@lomatic slave select lacks the necessary
timing control needed to interface with severalipeerals. Manual control of these signals will
be performed using the signal routing unit to rodigital HIGH and LOW to an external

processor pin. Specific SPI timing requirementsliated in Appendix C.

Table 10-1: ADSP-21262 SPI Peripheral Registers [1]

Register Memory Address Description |

SPICTL 0x00001000 Enables and configures the SPI peripheral.

SPIBAUD 0x00001005 Clock divisor to generate the SPI clock
fsp| = fcore/(Z*SPIBAUD)

SPIFLG 0x00001001 Enables SPI slave select signals on the FLAG pins

SPISTAT 0x00001002 Contains the status of the last SPI transfer. Can be polled to
detect when an SPI cycle is complete.

TXSPI 0x00001003 32-bit transmit data buffer register

RXSPI 0x00001004 32-bit receive data buffer register

Digital audio is transferred between the SHARC artrnal audio peripherals using the 12S
interface via the SPORT peripheral. 12S is a sel@h bus used to transfer multi-channel digital
audio between devices. Each 12S bus has a frama/syorc clock, bit clock, and data signal. A
typical 12S interface can act as either masterlaresmode, where master 12S mode specifies
that the device is responsible for driving thednt frame sync clock. [1] The SHARC acts as
the 12S master of the PCM4202 ADC and PCM1792a DAGeparate 12.288MHz clock is
used to derive the 3.072MHz bit clock and 48kHzamieasync clock using the precision clock
generator (PCG) peripheral. The source of the BMM clock depends on the user selected
audio source, either the nRF24Z1 wireless transceaiv an external 12.288MHz clock oscillator
is used. Both clock sources are input into the SBARa external processor pins and routed to
internal peripherals using the signal routing ufitvo separate clock sources are necessary
because the nRF24Z1 must generate its own 12.288dtytk when receiving wireless audio.
This clock is recovered directly from the wireleaslio transmitter to ensure the transmitter and
receiver clocks are synchronized. [4] Additionabugements that must be met are the
differences in 12S word length of the nRF24Z1 amel PCM4202. The nRF24Z1 supports an 12S

word length of 24-bits [7] on the audio transmitbert on the receiver 12S output is fixed at 16-
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bits. [4] Both the PCM4202 and the PCM1792a I2SdMength is fixed at 24-bits. [2, 7] It is
important to correctly set the 12S word length dgrBPORT initialization to prevent invalid bits
from begin shifted into the data receive regisRX$PxA and RXSPxB).

Table 10-2: ADSP-21262 Serial Port (SPORT0-2) Regig1]

Register Memory Address Description
SPCTLx 0x00000C00 Serial port x control register enables and configures the SPORT
0x00000C01
0x00000400

TXSPxA 0x00000C60 Serial port x transmit data buffer A, 32-bit
0x00000C64
0x00000460

TXSPxB 0x00000C62 Serial port x transmit data buffer B, 32-bit
0x00000C66
0x00000462

RXSPxA 0x00000C61 Serial port x receive data buffer A, 32-bit
0x00000C63
0x00000461

RXSPxB 0x00000C63 Serial port x receive data buffer B, 32-bit
0x00000C67
0x00000463

The PCG accepts an input clock signal and genetateslock output signals, typically used
as bit and frame sync clocks, by specifying CLKDIWPCG_CTLA1 and FSDIV divisors in
PCG_CTLAO registers. A subtle but important setisithe phase of the frame sync output clock
signal specified by the FSPHASEA_HI in PCG_CTLAQ@&SPHASEA_LO in PCG_CTLAL.
[1] The 12S protocol requires the frame sync cls@nal transition after one bit clock cycle of
the current frame. All PCG input and output clognals can be routed to external processor
pins or other on-chip peripherals using the sigoating unit. A visual depiction of proper 12S

clock and data format is provided in Appendix C.

Table 10-3: ADSP-21262 Precision Clock GeneratogiRers [1]

Register Memory Address Description
PCG_CTLAx 0x000024C0 Precision clock generator A control register x
0x000024C1
PCG_CTLBx 0x000024C2 Precision clock generator B control register x
0x000024C3

The SHARC has two, on-chip, dual-ported, singleleymemory blocks that are addressable
in long (64-bit), normal (32-bit) and short (16)bitord formats and instructions are stored in 48-
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bit words. All of the four word sizes are storedhe same physical memory block. The SHARC
uses a simple virtual addressing scheme to septdiede spaces. Each block contains 1Mbit of
SRAM and 2Mbit of mask-programmable ROM, on-chip M@ factory programmable and
cannot be used. RAM on the SHARC is effectivelyidid into two types: program and data.
Program memory is typically reserved for executatele, but space may be allocated for
additional data storage. Data memory is used t@ gjlmbal variables, and to provide stack and
heap space. Access to on-chip memory is providedhvee memory bus elements: PM, DM and
0. Each bus is capable of accessing memory coetlyrin a single cycle to reduce memory
latency but requires explicit organization of pragrcode and data. The SHARC implements a
flat memory model with internal CPU registers oogng the lowest address space, internal
RAM and ROM occupying the middle address space, extdrnal memory occupying the
highest address space. [1] Memory space is fudhganized into logical segments to assist in
organization. By default all global variable, staakd heap space is placed into the data memory
segment seg_dmda. The entire 1Mbit of SRAM of mgntdock 1 is reserved for this segment.
Additional space will be used to store intermedia¢guency domain data in the program data

memory segment seg_pmda.

Table 10-4: ADSP-21262 Long, Normal, Short andriregsion Word Memory Addresses [1]
Short Word (16-bit)

| Instruction (48-bit)

Normal Word (32-bit)

Long Word (64-bit)

IOP Registers

0x00000000 — OX0003FFFF
Block 0 SRAM Block 0 SRAM Block 0 SRAM Block 0 SRAM
0x00040000 - 0X00043FFF 0x00080000 - 0X00087FFF 0x00100000 - OX0010FFFF 0x00080000 - 0x00085555
Block 0 ROM Block 0 ROM Block 0 ROM Block 0 ROM
0x00058000 - 0X0005FFFF 0x000B0000 - 0X000BFFFF 0x00160000 - 0X0017FFFF 0x000A0000 - 0XO00AAAAA
Block 1 SRAM Block 1 SRAM Block 1 SRAM Block 1 SRAM
0x00060000 - 0X00063FFF 0x000C0000 - 0X000C7FFF 0x00180000 - 0X0018FFFF 0x000C0000 - 0x000C5555
Block 1 ROM Block 1 ROM Block 1 ROM Block 1 ROM
0x00078000 - 0X0007FFFF 0x000F0000 - 0X000FFFFF 0x001E0000 - OX001FFFFF 0x000E0000 - OXO0OEAAAA
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Table 10-5: ADSP-21262 Memory Segments

Segment Start Address End Address Description |

seg_rth 0x00080000 0x000800FF  Program memory. Contains interrupt
vector table and reset vector.

seg_int_code/seg_pmco 0x00080100 0x00080E17  Program memory. Contains main
program code.

seg_int_code/seg_int_code 0x00080100 0x00080E17  Program memory. Contains library
initialization code.

seg_pmda 0x00081525 0x00087FFF  Data memory. Contains additional
space for variable data.

seg_dmda 0x000C0000 O0x000C7FFF  Data memory. Contains variable
data, heap and stack space.

Lastly, all signals must be correctly routed froxteenal digital audio interface (DAI) pins to
internal on chip-peripherals. The signal routingt (8RU) is responsible for connecting internal
peripheral signals with external processor pingn&li routing remains relatively static while the
SHARC is operating, with the exception of clock smusignals. Depending on the audio source,
the 12.288MHz clock must be routed to the PCG feither the nRF24Z1 clock output or the
external 12.288MHz oscillator. With the exceptiohstave select signals that are routed to
digital HIGH and LOW, all routing must be performbeefore audio data can be processed. Also

any output signals must have their pin buffers &thbo drive an internal signal out of a DAI

pin.

Table 10-6: DAI Pin Mapping
DAI Pin # Signal Name & Notes |

1 MCLK_ NRF 12.288MHz master clock output from nRF24Z1.

2 NRF DATA I2S data from nRF24Z1, driven by nRF24Z1

3 NRF LRCLK | I2S LR clock from nRF24Z1, driven by nRF24Z1

4 NRF BCLK I2S bit clock from nRF24Z1, driven by nRF24Z1

5 NRF_SS SPI slave select for the nRF24Z1

6 ADC LRCLK | 12S LR clock to the PCM4202, driven by the SHARC

7 ADC BCLK I2S bit clock to the PCM4202, driven by the SHARC

8 ADC DATA I2S data from the PCM4202, driven by the PCM4202

9 MCLK_DSP 12.288MHz master clock output from the SHARC. Connected to PCM4202
and PCM1792a.

10 DAC BCLK I2S bit clock to the PCM1792a, driven by the SHARC

11 DAC DATA I2S data to the PCM1792a, driven by the SHARC

12 DAC LRCLK | I2S LR clock to the PCM1792a, driven by the SHARC

13 DAC_SS SPI slave select for the PCM1792a

14 ATMEGA SS | SPI slave select for the ATmegal68

15 AUDIO OSC | 12.288MHz master clock input to the SHARC.
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10.2.2 ATmegal68

The processes controlled by the microcontrollefedifgreatly from the audio processing
tasks of the SHARC. To separate the concerns efaoting with users from real-time signal
processing the ATmegal68 was chosen. An ATmegah6th® transmitter handles the basic
user interfacing and controls the PGA2505 audioutnpreamp and nRF24Z1 wireless
transceiver peripherals via an SPI interface. Hoeiver includes an ATmegal68 to handle user
interface control and LCD.

The ATmegal68 includes one SPI peripheral that aaerate in both slave and master
modes. [5] On the transmitter, the SPI bus is us®digure and initialize off-chip peripherals
using a polling device driver. Because the usarfate software requirements are non-real time,
polling provides a very simple but effective meafigriving the SPI bus. The transmitter SPI
peripheral is initialized in master mode with aclaate of 1MHz by setting the SPI control
register (SPCR) with the proper value. A transteinitiated by writing the SPI data register
(SPDR). Then the program will wait for completiop fiolling the SPI flag bit (SPIF) in the SPI
status register (SPSR). [6] The receiver SPI opsrat slave mode and relies on an interrupt
driven state machine to handle communication with $HARC. An interrupt driven approach
was taken to prevent unnecessary blocking of the pragram while a transfer is in progress or
not initiated. Because the receiver ATmegal68 dpsrés SPI peripheral in slave mode a
polling based method would consume an unaccepgabtaint of processor cycles while waiting
for a transmission to occur. Configuration of thiel eripheral is very similar to that of the
transmitter, except, the MSTR bit in the SPCR tegisvill be cleared to select slave mode
operation. In slave mode the SPI slave select {§&)t pin is used to indicate the slave may
drive its SPI slave out signal. [6] This pin alsoypdes an additional synchronization capability
to ensure the SPI driver never remains in an idvstate for more than a single SPI cycle. An
external pin-change interrupt is used perform tl@set immediately before an SPI transfer
commences. Data transferred between the SHARCrendTmegal68 is mostly configuration
and user settings to display on the LCD or applgudio samples during processing. To ensure
the settings are associated with the correct vaussple addressing scheme is used where each
value is given a specific address that can be fread or written to.
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Table 10-7: ATmegal68 SPI Peripheral Registers [6]

Register Memory Address Description
SPCR 0x002C SPI control register. Enables and configures the SPI peripheral.
SPSR 0x002D SPI status register. Can be polled to detect when an SPI cycle
is complete.
SPDR 0x002E SPI data buffer register. 8-bit
DDR_SPI 0x0004 Data direction register for SPI pins.
PORT_SPI 0x0005 Input data port register for SPI.

Other user interfacing requirements include pustebude-bouncing and rotary encoder
decoding. A simple de-bounce routine is implementeing the 8-bit timer module to
periodically sample the input pins. The timer igiatized to interrupt every 2ms by setting the
clock pre-scalar in the timer/counter control regigTCCROB) and corresponding value in the
output compare register (OCROB). When the timesrine value stored in the counter register
(TCNTO) is compared with the value in OCROB, ifytare equal an interrupt occurs. [6] Rotary

encoder decoding is also performed using the timterrupt to filter out spurious pulses on the

input pins.
Table 10-8: ATmegal68 Timer/Counter Peripheral Biegs [6]
Register Memory Address Description |
TCCROB 0x0025 Timer/count control register
TIMSKO 0x006E Timer interrupt mask register
OCROB 0x0028 Qutput-compare register 0
TCNTO 0x0026 Timer/counter count register 0

The ATmegal68 has three separate memory spaces:pdagram and EEPROM. Program
space is provided by 16K of on-chip in-system paogmable flash memory. [5] Instructions are
fetched directly out of this flash memory spacedf@me program memory may not be used to
store variable data. Data memory consists of 32iggmpurpose CPU registers, 64 I/O registers,
160 extended I/O (peripheral) registers and 1K RABI. Internal registers are mapped to the
lowest part of this address space and SRAM is niappdhe remaining addresses. SRAM is
used to store volatile program data and providekstend heap space. 4K of on-chip EEPROM
provides non-volatile data memory which can be mogned during normal program execution.
[5, 6]
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Table 10-9: ATmegal68 Memory Organization [6]

Data Memory EEPROM Program Memory

32 CPU Registers  0x0000 | 4K Data EEPROM 0x0000 | Application Flash Section 0x0000
0x001F

64 1/0 Registers 0x0020
0x005F

160 Extended /O 0x0060

Registers 0x00FF

1K SRAM 0x0100 Boot Flash Section
0x04FF OXOFFF Ox1FFF

10.3 Software Design Narrative

Software for both the ATmegal68 microcontroller 8BHARC DSP is organized into
several modules. At the highest level, device iedelent interfaces provide the necessary
abstraction to simplify the software developmentl aeparate the concerns of lower-level
peripheral interaction. This approach works welthmnost of the software but care is taken
when including additional abstraction that addsaomssary overhead. In this section the major
software modules/components will be presented witbhort description and their functional
interface. A hierarchical view of these softwarenpmnents is presented in Appendix H.

The transmitter ATmegal68 microcontroller is resgpble for configuring the PGA2505 and
the nRF24Z1. A simple state machine controls thecess of initializing the nRF24Z1 and
ensuring the wireless link remains active. The ouontroller must also act on the user input
events: volume increment, volume decrement andlenaput pre-amp. Flags for each user
input event indicate when action needs to be taken. the receiver, an ATmegal68
microcontroller is responsible for maintaining E@igital mute and volume settings for the
SHARC and controlling the user interface. Much bé twork performed on the receiver
microcontroller is to update the LCD display andp@nd to push button and encoder events. All
of the SPI communication and user input handlingegormed using interrupts, which leaves
the main loop free to update the LCD.

The SHARC main loop performs device initializatiaand audio block processing.
Immediately after startup the nRF24Z1, the PCM1782a the ATmegal68 are initialized. By
default the auxiliary (receiver) PCM4202 DAC is set the audio source. Once initialization
completes, audio is buffered into large blocksgmcessing. A “block ready” flag indicates that
the buffer is full and ready for processing. Whie main loop waits for the audio buffer to fill
the processor is free to perform housekeeping camuation with the ATmegal68 and
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nRF24z1. The SHARC will always update its local geaudio settings during this time. If the
NRF24Z1 is set as the audio source then the SHARGI®o query for link status and volume
increment and decrement flags from the nRF24Z1hdfwireless link is lost the SHARC will

instruct the nRF24Z1 to re-establish the wirel@ds [The main loop will also check for an audio

source change flag to re-initialize the signal mgiunit and serial port interrupts.

10.3.1 PGA2505 Device Interface

The PGA2505 preamplifier is used to apply variadién to audio input on the transmitter.
Underneath the hood of the interface a SPI deviceidsends configuration to the PGA2505
serial control port. The user specifies GPIO and galues and then calls the configure function
to commit new settings to the PGA2505. Only théalize, set and configure functions need to

be called from the top-level software.

Table 10-10: PGA2505 Device Interface

Function Description
void PGA2505_Init(void) Initializes the interface and internal state information.

void PGA2505 SetGPIO(unsigned char) Set the value of the GPIO bits.
void PGA2505 SetGain(unsigned char) Set the value of the gain constant.

void PGA2505 Configure(void) Sends all configuration data to the PGA2505.
void PGA2505 Enable(void) Selects the PGA2505 slave.
void PGA2505 Disable(void) Deselects the PGA2505 slave.

10.3.2 PCM1792a Device Interface

The PCM1792a digital to analog converter acceggaliPCM coded I12S audio and outputs
current driven differential signals. PCM1792a cgufation data is stored in a set of on-chip
registers and is programmed via an SPI interfareeSconfiguration is static, only the initialize
function needs to be called from top-level codewReonfiguration data is written by
constructing a single 16-bit word that contains délderess and write flag in the upper byte and
data in the lower byte.

Figure 10-11: PCM1792a Device Interface

void PCM1792_Init(void) Initializes the interface and sends configuration data
to the PCM1792.

void PCM1792_SPIEnable(void) Initializes the underlying SPI peripheral and selects
the PCM1792a slave.

void PCM1792_ SPIDisable(void) Deselects the PCM1792a slave.
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int PCM1792_SPIWrite(int) Reads and writes a single word to the PCM1792a
over the SPI bus.

10.3.3 nRF24Z1 Device Interface

The nRF24Z1 is a complex wireless audio transcetfiat accepts 12S audio input for

transmission over a 2.4GHz channel. The nRF24Zlcdemnterface exposes the necessary

functions to initialize both the receiver (ARX) atrdnsmitter (ATX). When power is applied,

the nRF24Z1 is initialized as either a transmittereceiver. Common RF settings are also set on
both the receiver and transmitter. Once initialifteel NRF24Z1 will maintain the wireless audio
link. Common tasks such as polling link status mevided by the interface for convenience.
Internally the nRF24Z1 interface calls SPI driveutines to read and write data to internal

registers.
Table 10-12: nRF24Z21 Device Interface

void nRF2471 InitSlavelnterface(void)

Initialize the underlying SPI interface.

unsigned char nRF24Z1_Read(unsigned char)

Read a single byte from the nRF24Z1 at
the specified address.

void nRF24z1_Write(unsigned char, unsigned char)

Write a single byte to the nRF2421 to the
specified address.

unsigned char nRF24Z1_HasLink(void)

Return 1 if the nRF24Z71 has an RF link
established with another device.

void nRF2471_ForceRelink(void)

Force the nRF24Z1 to re-establish the RF
link.

void nRF2471_SetAddress(unsigned char, unsigned
char, unsigned char, unsigned char, unsigned char)

Set the five address bytes of the
nRF2471.

void nRF2471_InitARXRegisters(void)

Initialize the nRF24Z1 as an audio
receiver.

void nRF24Z1_InitATXRegisters(void)

Initialize the nRF24Z1 as an audio
transmitter.

void nRF24Z1 InitRFCHRegisters(void)

Initialize common nRF24Z1 RF settings.
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10.3.4 SHARC Communication

Communication between the SHARC and ATmegal68 emented using an SPI bus. A
simple state machine and interrupt routine hang8lescommunication on the ATmegal68. The
slave select pin triggers a pin-change interrugt tesets the state machine. An interrupt occurs
each time a complete byte is shifted into the $B¢ive buffer. Each read or write requires an 8-
bit address which contains a read or write flagh@ most significant bit. Once an address is
received, a byte is either placed into the trandmifer to send to the SHARC or the state
machine waits for the next by to be received frtwen SHARC. There is no functional interface

for this component because all operations are padd in the SPI interrupt handler.

10.3.5 ATmegal68 Device Interface

Communication between the SHARC and ATmegal68 jdamented using an SPI bus. The
SHARC implements a polling based SPI routine talreawrite from the ATmegal68 slave.
While the polling based method blocks the main Idbp amount of time needed for an
individual transfer is very small. Each read ortesriequires an 8-bit address and that contains an
optional write flag in the most significant bit. Aaddress is followed by an additional SPI cycle

to send the byte to write or receive the byte tmire

Table 10-13: ATmegal68 Device Interface

Function | Description |

void ATmegal68_ WriteByte(unsigned char, unsigned char)  Write a single byte to the
ATmegal68 at the specified address.

unsigned char ATmegal68_ReadByte(unsigned char) Read a single byte from the
ATmegal68 from the specified
address.

void ATmegal68_SlaveEnable(void) Initialize the underlying SPI interface
and select the ATmeg168 slave.

void ATmegal68_SlaveDisable(void) Deselect the ATmegal68 slave.

unsigned char ATmegal68 SPIByte(unsigned char) Perform a single SPI byte transfer.
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10.3.6 LCD Device Interface

The LCD interface provides convenient means of ldispg information on the LCD.
Communication is implemented using the USART mocdhfléehe ATmegal68 using a simple
polling based device driver. Since the LCD displaytines are the only functions called from
the microcontrollers main loop an interrupt drivapproach was not necessary. Complex
commands are simplified by wrapping the necessaBARIT transfers into functions. The
interface provides a means of controlling major L&Mctions such as writing characters to

specific locations, adjusting the backlight, antdisg contrast levels.

Table 10-14: LCD Device Interface

Function Description |

void LCD_InitPort(void) Initialize the LCD communication port (USART)

void LCD_InitDisplay(void) Initialize the LCD display with common settings

void LCD_SendByte(char) Send a byte of data to the LCD

void LCD_SetBootScreenMode(char) Set the boot screen display mode of the LCD.

void LCD_SetBacklight(char) Set the backlight level (0-100)

void LCD_SetContrast(char) Set the contrast level (0-100)

void LCD_SetCursorPosition(char, char) Moves the LCD cursor to the specified row and
column

void LCD_PutChar(char, char, char) Puts a character at the specified location

void LCD_PutString(char*, char, char) Puts a string at the specified location

10.3.7 ATmegal68 SPI Peripheral Interface

Provides initialization and transmit functions ftirte ATmegal68 SPI peripheral. The
interface provides both initialization and commuation using master or slave mode in both

interrupt and non-interrupt driven modes.
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Table 3-6: ATmegal68 SPI Peripheral Interface

Function Description |

void SPI_InitMaster(void) Initialize the SPI peripheral in master mode
with no interrupts.

void SPI_InitMasterWithInterrupts(void) Initialize the SPI peripheral in master mode
with interrupts.

void SPI_InitSlave(void) Initialize the SPI peripheral in slave mode with
no interrupts.

void SPI_InitSlaveWithInterrupts(void) Initialize the SPI peripheral in slave mode with
interrupts.

unsigned char SPI_TransmitByte(unsigned char)  Performs an SPI transfer by polling the SPI
status register

10.3.8 Audio Serial Ports Interface

This module contains initialization functions amdeirrupts for the serial port (SPORT) and
the precision clock generator peripherals. Theakports are used to communicate with off-chip
audio devices using the 12S serial audio interfatterrupt handlers are used to send and receive
individual samples and to perform initial procegssuch as converting fixed point samples to
floating point and scaling to a normalized rangep&@ate interrupt handlers are required to
accommodate differences in the nRF24Z1 and the PXDRI4vord size. The nRF24Z1 can only
output 16-bit PCM digital audio while the PCM420dpports 24-bit words. The interrupt
handlers are also responsible for maintaining thféeb pointers so that the correct sample buffer

is accessed in the main processing loop.

Table 10-16: Audio Serial Port Peripheral Interface

Function Description |

void InitSPORT (void) Initialize all SPORT peripherals.

void InitPCG(void) Initialize the precision clock generator.

void OnSample nRF24Z1(void) Interrupt handler for nRF24Z1 audio source.

void OnSample_Auxillary(void) Interrupt handler for PCM4202 auxiliary audio
source.

10.3.9 Audio Block Processing Interface

This module contains audio block processing fum&ithat apply EQ effects, digital mute
and volume to sample blocks. EQ effects are apmhdrequency domain by first computing the
FFT of each sample block, multiplying the EQ contdo the respective frequency bin and then
computing the inverse FFT. Digital mute examines slample of each block and mutes any

sample that is below the set volume threshold. Tiwena sample it is simply set to a value of 0.
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Volume is applied by multiplying every sample bgecified constant between 0 and 1. These

functions are implemented within the main loop donchot have separate function declarations.

10.4 Summary

In this report major software design consideratiosese presented along with the rationale
for particular design choices or implementations.cémplete listing of the major software
module functions and a discussion of the overdise organization was also covered. Most
of the software challenges are meeting the timieguirements of the various off-chip
peripherals and ensuring correct initializationoatchip signal routing. Clever use of available

processing time reduces the need to implementrugedriven device drivers.
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11.0 Version 2 Changes

Version 2 would implement many changes to improigtBl Sound Projection. Changes
would be employed in both the transmitter and resrailesigns. Revisions on the transmitter
include a reduction in size and increasing the edogthe wireless transmission. The receiver
changes include implementing a more solid poweplgyadjusting the user input, and
upgrading some components.

For the transmitter the main revision includes dasing the size of the device to attempt to
make the device handheld. One solution includexjusn on-chip antenna in order to eliminate
the need for a large antenna and correspondingection. The size of the board would also
reduced by using smaller passive components, pitdieusing 0402 packages instead of the
1206 that are currently in the design. Smalletdpatpacks would also decrease the thickness
and length of the required package for the trariemitHowever, some version 2 changes would
increase the size of the board design. In orderdease the range of the wireless transmission,
a power amplifier IC would be included in the desig increase the output power of the
transmitted signal. Some additional circuitry wsbalso be needed for an on board battery
charger. This would allow the user to charge thedmitter without having to open the case to
remove the batteries. This will increase reliapitif the transmitter and ease of use for the user.

The receiver changes for version 2 are also toongthe functionality of Digital Sound
Projection. One change includes adjusting theivec@ackage to eliminate the gap between the
bottom and top of the package used for heat digsipaThe case would be designed with gaps
cut in the top of the case or sides in order tovigimair flow dissipation. This will improve the
look of the receiver and secure the mechanical ectiom of the top and bottom of the case.

The receiver board design would also include a pan®lifier IC for the antenna. Unlike
the transmitter, an on-chip antenna will not bedegleand the existing antenna can be used. The
power amplifier will only be needed to increase plogver of the incoming signal to increase the
effective range. The board design for the receni#tralso include better circuitry for the 19V to
5V voltage regulation. This circuitry will removiee need for the power module in the current
implementation and the required “fly-wire” to cormh¢éhe module to the receiver.

Another change for the receiver in version 2 wittlude replacing the SHARC ADSP-21262
DSP chip with a newer version of the SHARC. Thill mcrease the memory in the system and

allow for the implementation of more functions ifgal Sound Projection. The current version
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of Digital Sound Projection is limited in the amaowf functions available to the user due to the
amount of on-chip memory. An example of anothecfion that would be available to the user
is the ability to save current EQ settings into meyrso that the user can recall these settings
even after the system is powered off. Version 2ld/@lso include a more robust user interface.
The current LCD would be replaced with a graphigaD to implement a more user friendly and
more involved display. The amount of actions imeal to switch between displays on the LCD

would also be dramatically reduced improve the’asperience.
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12.0 Summary and Conclusions

DSP successfully accomplished all of the PSSClse ffansmitter successfully transmits
digital audio which is output at the receiver bation. The user is also able to adjust the
volume of the system wirelessly from the transmittat the receiver, the user can implement
EQ effects or digital mute through the LCD useeifdace. The LCD also displays information
about the device including volume level, input eUEQ levels, and digital mute settings.

The team learned how to implement a design fromt stdinish under severe time
constraints. This applies to each stage of theydgsocess from preliminary design,
prototyping through bread-boarding, capturing dirgun schematics, designing the PCB'’s,
populating components and debugging PCB'’s, andvaodt/ hardware interfacing. The team

learned how to identify and solve problems througtibe design process.
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Appendix A: Individual Contributions

A.1 Contributions of Steve Anderson:

One major contribution involved drawing up the solaécs in PADS for the individual chips
and different stages for Digital Sound Projectior@seiver. | created the PCB decals for the ICs,
various connectors, and special parts that PADSndidalready have decals created for. The
schematics were fine tuned after testing the diffecircuits in order to get accurate schematics
for the PCB layouts. In order to make sure tha imdividual schematics were designed
correctly in the complete system, an overall schEemaas put together to link the individual
schematics together. This assured that all thesdtd the correct I/Os between one another and
correct powers supplied to them.

Another major contribution was the completion ot tRCB for the receiver device by
drawing the traces in PADS by hand to assure prdgsign. Originally a single two layer board
was being designed, but after several revisioms& found that the required size by Purdue was
not achievable with the use of a two layer boartiis required a redesign of the receiver board
for the use of a four layer board. The top anddmtlayers were used as signal layers, the
second inner layer was used for the different paveares, and the third inner layer was used for
the ground traces. Two boards were created inrdodmeet Purdue’s size requirement for the
four layer board. One board was designed to cortke digital components and the other board
contained the analog components. After these maw layer boards were designed, another
check was made before submission to assure thect@mwonnections were made and there were
no discrepancies between the schematic and PCRBtlayo

After the PCBs were returned by the fabricationd®u checked all the connections on the
two receiver boards with an ohmmeter. This wasntike sure there were no errors in the
manufacturing of the boards before soldering amglinto the PCBs. After a thorough check,
the boards were verified except for one mistakd i op-amp design in PADS. This fix was
made in the PADS schematic for future use and eafay. | also helped solder on many of the
components on the receiver digital board and trattesmboard. After various stages of
soldering, | assisted in testing the functionatityhe boards and components. When we ran into
a problem, such as too much current passing thraughregulators, | helped come up with

different solutions.
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| also helped with the design and completion of plagkaging for both the receiver and
transmitter. Also, when it was realized that thage of the wireless transmission was not as
expected, | then diagnosed why we were experiengower loss and where it was occurring
within our system.

Two technical documents were designated to me:P@@8 layout considerations and the
Patent Liability Analysis. Research was completedrder to determine if the major functions
of Digital Sound Projection infringed on any exigtipatents or products. It was determined that
there were no patents or products infringed upateunhe doctrine of equivalents. The PCB
layout consideration document illustrated the cderstions taken in order to design the circuit

boards for both the receiver and digital.
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A.2 Contributions of Michael Goldfarb:

As the groups only Computer Engineer and membdr suibstantive experience and
background in embedded systems, | assumed all atdevelopment and digital hardware
interfacing tasks. In the early stages of the mtdjguided the group members in component
selection ensuring all interfacing requirementslddne met with our selected microprocessors. |
feel that | was also responsible for setting therall pace of work. By the beginning of the
second week | was looking ahead to ensure the gmaggn the best possible position to meet
the major deadlines.

My initial work focused on becoming an expert oa &kDSP-21262 SHARC DSP
processor so that we could quickly prototype ostey on the development board. | was able to
get a good grounding in some important DSP concebile working with Shao-Fu on some
basic audio block processing programs. During tmeponent selection stage my background in
embedded systems was critical in ensuring we sslesimpatible components so that we could
move forward with system development and prototypuithout running into major roadblocks.

Once our design constraint analysis was completeahmajor components were
selected | began delving into the specific digifiatuitry and interfacing necessary for our
system. | would designate the correct pin mapporgequired interface circuitry so that
schematic and PCB layout could proceed concurrevitly prototyping.

| worked with Shao-Fu to prototype every major comgnt with our SHARC
development kit. This work was invaluable to ensallénterfacing circuitry was correct before
PCB fabrication. While prototyping | was able tordl®p and debug a majority of the software
for the receiver and transmitter. This work culméthwith a nearly flawless PCB layout and not
need to flywire major bus connections or interfaaed very few bugs in critical device driver
code.

With the system and all components operating ctiyrea the PCB | was able to
focus on perfecting the user interface and DSRvsoét without having to constantly debug the
physical hardware. Our DSP algorithms were firgtlemented in MATLAB and then ported
over to C code and optimized for the ADSP-21262.
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A.3 Contributions of Shao-Fu Shih:

| designed the analog differential circuitry needednteract with Texas Instrument’s ADC
and DAC. The differential circuitry input is gentgd by the OPA1632 singled to differential
driver with Vcom of 2.5V. The differential to silegl stereo RCA output is generated by six
OPA1611 audio operational amplifiers in two tri-aggnfigurations for left and right channels.
The DAC outputs differential current outputs, fairthe OPA1611’s are used as I/V converters
for V+ and V-, and the two remaining OPA1611’'s ased as summing amplifiers to convert
differential pairs to singled RCA outputs. To ersarhigh SNR on the power rails in an high
speed embedded environment, | implemented two dadchC low pass filters on the analog
board to filter the digital switching noises onbetl5V and -15V rails.

| also developed and simulated the digital audjmaii processing algorithm (1D orthogonal
transform) in Matlab. The algorithms include Shditne Fourier Transformation (STFT),
Overlap-Save method, FFT Convolution, and time ddpat frequency operations. To utilize
the SHARC’s memory, | coded the algorithms with mmam memory consumption. Also, to
improve the time variant performance of the sanijdeks, | customized the existing Overlap-
Save method to be more sensitive to the time domvdhout sacrificing too much resolution in
the frequency domain.

Since | have the most experience in soldering SO’ the team, | soldered the majority of
the chips on the boards. For each of the IC’s settld double checked the connections and its
general functionality. To connect the external comgnts such as RCA connections and rotary
encoder, | made custom bus wires and ensured tlaely stable connections to prevent
unnecessary rewiring.

| also packaged the transmitter into the plastajgmt box. To secure the transmitter board
in the box, | drilled six mounting holes and loadkd board with aluminum spacers and nuts. |
mounted the power switch and LEDs in the front witlistom bus wires and loaded the
rechargeable NiMH batteries onto the plastic casegufasteners.

On the receiver aluminum casing, | used aluminuaceps and nuts to mount and secure
both the digital and analog boards. To ventilate #Hluminum casing for additional heat

dissipation, | added six additional aluminum spader allow air flow through the aluminum
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enclosure. To fly wire the RCA connectors to thalag board, | also soldered the insulated

audio wire to the analog board for both singlecuirgnd output ports.
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A.4 Contributions of Josh Smith:

For the Digital Sound Projection project, my maontibutions to the project included the
Packaging Design Considerations document, the &tldnd Environmental Impact Analysis
document, the Final Report document, the schemhkygut, and routing of the transmitter
circuit board, populating components onto the tnaitter circuit board, and the general testing of
the circuit board.

First, for the Packaging Design Considerations deent, the packaging constraints were
determined before researching possible packagimgti@es. Taking into account the size
constraints of the transmitter and EMI shieldinghstoaints of the receiver, packaging to fit
requirements was found and updated as the desigiweel Also, in order to complete CAD
drawings of the packaging scheme, | learned houstothe AutoCAD program. The drawings
were also updated as the packaging needs changed.

Next, | completed the Ethical and Environmental &ipAnalysis document. | researched
possible ethical and environmental issues thatdcoebult from Digital Sound Projection’s
design and solutions to these problems. Majorcathissues included the possibility of
frequency sniffing, user safety warnings, and desggting to ensure the product is what the user
expects. Solutions included the use of frequerappng, warning labels, and a suite of planned
tests for the design. Major environmental issuasnél included possible noise pollution,
disposal of hazardous materials, and power consamptSolutions included warnings against
playing music at high volume levels, providing displ resources, and using efficient power
modules.

For the Final Report document, | was responsibtebfinging together the report, ensuring
accuracy of prewritten reports inserted into thmalfi and completing the remaining sections of
the report.

| was also responsible for the schematic, layoud, @uting of the transmitter circuit board.
In order to complete this task, | learned how tilizet the PADS program through the course
website resources and learning through using thgram. After this, | created the schematics
for a majority of the transmitter circuits. Anotheesponsibility included creating custom
footprints and logic decals for IC’s, connectorsid athrough-hole capacitors, and other
miscellaneous components used on both the tramsnaitid receiver circuit boards. Using the

transmitter schematic created in PADS Logic, tlegmitter circuit board was laid out and
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routed. This process took several different apgitea and multiple iterations in order to satisfy
the small physical size requirement with all thesiced circuitry. A final design was agreed
upon with a size of 5 x 3”, verified for accura@nd submitted for manufacture to Advanced
Circuits by Chuck.

Upon receiving the manufactured transmitter cirdaotard, | was responsible for testing
connections, populating the circuit board, andngsior general circuit functionality. All circuit
board connections were tested and only one mistasefound. The digital ground for the two
PGA2505 microphone pre-amplifiers was floating; is®ue was easily corrected with a single
fly wire to the main digital ground trace. Aftegsting connectivity, the board was populated
with components one circuit section at a time stgriwith the power, followed by the
microcontroller, the two audio channels, the AD@d &inally the 2.4GHz audio transceiver and
antenna matching circuit. After each section wagutated, the circuit was tested to ensure it
functioned as expected. Upon completing the drand the software was loaded, the

transmitter worked as expected.
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Appendix B: Packaging
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Figure B-1: Transmitter Packaging Illustration
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Appendix C: Schematic

C.1 Receiver Schematics
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Appendix D: PCB Layout Top and Bottom Copper

Figure D-1: Transmitter Top Copper and Silkscrésiyout
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Figure D-2: Transmitter Bottom Copper and Silksard ayout
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Figure D-9: Receiver Digital Board Ground Layer (@xer Layout
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Figure D-10: Receiver Digital Board Bottom Copperd Silkscreen Layout
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Appendix E: Parts List Spreadsheet
Table E-1: Transmitter Parts List
Vendor Manufacturer Part No. Description Unit | Qty | Total
Cost Cost
Digi-Key Texas Instruments | DRV134 Single to Differential Generator $5.46 |2 $10.92
Digi-Key Texas Instruments | PGA2505 Microphone Pre-amplifier $11.99| 2 $23.98
Digi-Key Texas Instruments | OPA1632 Fully Differential /0 Audio $5.46 |2 $10.92
Amplifier
Digi-Key Texas Instruments | PCM4202 118dB SNR Stereo Audio ADC $17.25| 1 $17.25
Digi-Key Atmel Corporation | ATmegal68-20AU General Purpose Microcontroller | $4.32 |1 $4.32
Semiconductor Storg Nordic nRF2471 Wireless Audio Transceiver $6.00 |1 $6.00
Semiconductor
Digi-Key Microchip MCP1827S Low Voltage LDO 5V Regulator $1.50 |1 $1.50
Digi-Key National LM2990 Negative LDO -5V Regulator $3.58 |1 $3.58
Semiconductor
Digi-Key Micrel MIC29150 High-Current LDO 3.3V Regulator | $3.13 |1 $3.13
All-Battery Tenergy 11106 NiMH Rechargeable Battery Pack | $7.99 |2 $15.98
Radioshack Radioshack 270-1806 ABS Project Enclosure 6x4x2” $4.99 |1 $4.99
Digi-Key Panasonic P1.00KFTR-ND 1206 Resistors, Miscellaneous $0.01 |34 $0.34
Digi-Key CTS CTX402-ND Oscillator, 4AMHz $0.78 | 2 $1.56
Digi-Key TDK Corporation 445-1592-2-ND 1206 Capacitors, Miscellaneous $0.03 | 64 $1.92
Digi-Key Panasonic PCE3849TR-ND Aluminum Surface Mount $0.05 |12 $0.60
Capacitors, Miscellaneous
Digi-Key CUlI CP1-3514SJCT-ND | 3.5mm Audio Jack Connector $0.65 |1 $0.65
Semiconductor Storg Semiconductor Storf CON-RPSMA-RA SMA Connector $2.32 |1 $2.32
L-Com L-Com HG2402RD-RSF 2.4GHz Antenna $5.99 |1 $5.99
Digi-Key Panasonic PCD1910CT-ND 0402 Inductor $0.12 |2 $0.24
Digi-Key TDK Corp 445-1505-1-ND 1210 Inductor $0.29 |1 $0.29
Digi-Key Molex WM17435-ND Surface Mount Header, 2 Pin $0.53 |15 | $7.95
Radioshack Radioshack 275-1548 Push Buttons, SPST $0.87 | 2 $1.74
Radioshack Radioshack 275-664 DPDT Switch $4.99 |2 $9.98
Transmitter Total Cost $136.35
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Table E-2: Receiver Parts List
Vendor Manufacturer Part No. Description Unit Qty Total
Cost Cost
Digi-Key Analog Devices ADSP-21262 Digital Signal Processor $27.30| 1 $27.30
Digi-Key Texas Instruments PCM4202 Analog to Digital Converter $17.25| 1 $17.25
Digi-Key Texas Instruments PCM1792A Digital to Analog Converter $12.68| 1 $12.68
Digi-Key Atmel Corporation ATMEGA168-20AU General Purpose Microcontroller | $4.32 | 1 $4.32
Semiconductor Storg Nordic Semiconductor | nRF2471 Wireless Audio Transceiver $6.00 |1 $6.00
Digi-Key Texas Instruments OPA1611 Audio Operational Amplifier $5.46 | 6 $32.76
Digi-Key Texas Instruments OPA1632 Audio Operational Amplifier $5.46 |2 $32.76
Digi-Key Panasonic 12mm Square GS Encoder $1.52 |1 $1.52
EVE-GA1F2024B
Digi-Key Atmel Corporation M25P80 8Mb SPI Flash $1.82 |1 $1.82
Digi-Key Microchip MCP1827S 3.3V to 1.2V Linear Regulator $1.50 |1 $1.50
Digi-Key Micrel MIC29150 5V to 3.3V Linear Regulator $3.13 |1 $3.13
Digi-Key National Semiconductor| LM340T-15-ND 19V to 15V Linear Regulator $1.07 |1 $1.07
Digi-Key Texas Instruments PT4142A 19V to 5V Power Module $55.17| 1 $55.17
Digi-Key Texas Instruments TXB0104 Voltage Level Translator $0.89 |1 $0.89
Digi-Key Texas Instruments 296-20518-ND 15V to -15V Power Module $27.50| 1 $27.50
Digi-Key Molex WM17435-ND Surface Mount Header, 2 Pin $0.53 | 45 $23.85
Digi-Key E-Switch EG4422-ND DIP Switch, Micro $0.78/ 1 |$0.78
Digi-Key Panasonic P12354S-ND Single Switch $1.82 1 |$1.82
Digi-Key CTS CTX402-ND Oscillator, 4AMHz $0.78 | 2 $1.56
Digi-Key Abracon 535-10219-1-ND Oscillator, 12.288MHz $0.41 |1 $0.41
Digi-Key ECS Inc. ECS-8FX Oscillator, 25MHz $1.50 |1 $1.50
Semiconductor Storg Semiconductor Store CON-RPSMA-RA SMA Connector $2.32 |1 $2.32
The Cable Company| DH Labs Silver Sonic | CM-R1 RCA Socket RCA Connector $24.00| 2 $48.00
(pair)
Digi-Key Panasonic ECQ-P1H272GZ Capacitor, ECQP 2.7nF $0.39 | 6 $2.34
Digi-Key Nichicon 493-3194-ND KZ-Series Capacitors $0.50 | 20 $10.00
Digi-Key TDK Corporation 445-1592-2-ND 1206 Capacitors, Miscellaneous $0.03 | 98 $2.94
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Digi-Key Panasonic PCE3849TR-ND Aluminum Surface Mount $0.05 | 19 $0.95
Capacitors, Miscellaneous
Digi-Key Panasonic P1.00KFTR-ND 1206 Resistors, Miscellaneous $0.01 | 59 $0.59
Digi-Key Panasonic PCD1910CT-ND 0402 Inductor $0.12 | 2 $0.24
Digi-Key TDK Corp 445-1505-1-ND 1210 Inductor $0.29 |1 $0.29
Digi-Key Coiltronics 513-1453-1-ND Inductor, 2uH $0.99 |2 $1.98
Digi-Key Bourns SRR1240-221KCT-ND | Inductor, 200uH $1.09 |2 $2.18
Digi-Key TDK 445-3826-1-ND Inductor, ImH $1.80 |2 $3.60
Crystal Fontz Crystal Fontz CFA634-TMC-KS LCD $65.00| 1 $65.00
Digi-Key Panasonic P10860-ND Rotary Encoder $1.52 |1 $1.52
Radioshack Radioshack 275-1549 Push Button, SPDT $3.99 |3 $11.97
Digi-Key Tyco Electronics 450-1666-ND Power Switch $4.46 |1 $4.46
Digi-Key Bud Industries AC-413 Aluminum Sheet Metal Box $32.20| 1 $32.20
Digi-Key Bud Industries BPA-1523 Aluminum Sheet Metal Bottom $10.70| 1 $10.70
Receiver Total Cost $392.62
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Table F-1: FMECA Worksheet for the Transmitter Bo®&upply

Failure Failure Mode Possible Causes Failure Effects Methoolf Criticality Remarks
No. Detection
Al No voltage output Linear regulator Device does not | No display on | Medium
failure turn on LCD screen
A2 Excessive voltage Linear regulator Overdrives digital| Input/output High Overheating
output failure components malfunction
A3 Noisy voltage Filtering capacitors | Noisy audio input| Observation. Low Probe the +-3¥paits

malfunctioning




ECE 477 Digital Systems Senior Design Project Rev 8/09
Table F-2: FMECA Worksheet for the Transmitter idudput
Failure | Failure Mode Possible Causes Failure Effects Methoolf Criticality Remarks
No. Detection
Bl No sound input | Singled to differential | No sound input | Observation High excessive heat fron
Op-Amp malfunctioning OPA1632
B2 Irregular sound | Singled to differential Differences in Observation High excessive heat from
input Op-Amp malfunctioning | loudness on left OPA1632
and right
channels
Table F-3: FMECA Worksheet for the Transmitter lagao Digital Converter
Failure Failure Mode Possible Causes Failure Effects Methoolf Criticality Remarks
No. Detection
C1l No sound input Power failure, No digital audio | Observation Medium Check the output data
Damaged IC sent from nRF24Z1 buffer
C2 Irregular sound | Damaged IC, 12S Distorted data Observation Medium Check the output data

input

misbehavior

input

from nRF24Z1 buffer
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Table F-4: FMECA Worksheet for the Transmitterigeeiver

Failure Failure Mode Possible Causes Failure Effects Methooalf Criticality Remarks
No. Detection
D1 Discontinuous Low wireless signal | Discontinuous Observation Low Change current
digital data strength due to passiveAudio output transmitter location,
components improve antenna
strength
D2 Fail to establish | Same as above, No data LED indicator | Medium Change current
connection Damaged IC transmitted from transmitter location,
nRF2471 improve antenna
strength
D3 No reading from | Software error, Unable to Observation Medium Damaged IC
nRF2471 Damaged IC communicate to
nRF24Z1
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Table F-5: FMECA Worksheet for the Transmitter ddaontroller and LED Indicators

Failure Failure Mode Possible Causes Failure Effects Methooalf Criticality Remarks
No. Detection
El Fail to accept Software error, User interface Observation Low
volume ATmegal68 malfunctioning
adjustments malfunctioning
E2 Devices indicator] LED malfunctioning, | User lose the Observation Medium
malfunctioning ATmegal68 indication of the
malfunctioning transmitter status
E3 No output from | ATmegal68 No digital audio | Observation Medium Transmitter
ATmegal68 malfunctioning output, no LED malfunctioning
indicator
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Table F-6: FMECA Worksheet for the Receiver PoSugoply
Failure Failure Mode Possible Causes Failure Effects Methoolf Criticality Remarks
No. Detection
F1 No voltage output Linear voltage Device does not | No display on | Medium
regulator failure turn on LCD screen
F2 Excessive voltage Voltage control Overdrives digital| Input/output High Overheating, switching
output resistor failure components, malfunction power module
potential of malfunctioning
damaging IC
F3 Noisy voltage Filtering capacitors | Noisy audio Observation. Low Probe the +-15V and
malfunctioning output filter outputs
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Table F-7: FMECA Worksheet for the Receiver Audput and Output

Failure | Failure Mode Possible Causes Failure Effects Methoolf Criticality Remarks
No. Detection
Gl No sound output I/V tri-amp converter | No sound output| Observation Medium Check 7-pindata

malfunctioning

G2 Distorted sound | I/V tri-amp converter Distorted sound | Observation Medium Check 7-pin bus dat
output malfunctioning effect
G3 No sound input | Singled to differential | No sound input | Observation High excessive heat fron
Op-Amp malfunctioning OPA1632, Check 6-
pin bus data
G4 Irregular sound | Singled to differential Differences in Observation High excessive heat from
input Op-Amp malfunctioning | loudness on left OPA1632, Check 6-
and right pin bus data
channels

F-6
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Table F-8: FMECA Worksheet for the Receiver AnatoDigital Converter and Digital to Analog Convert

Failure Failure Mode Possible Causes Failure Effects Methoolf Criticality Remarks
No. Detection

H1 No sound output | Power failure Current output Observation Medium Check DAI pins
Damaged IC remains constant

H2 Distorted sound | I12S misbehavior Distorted current Observation Medium Restart the device an

output output reset the SHARC

H3 No sound input Power failure No digital audio | Observation Medium Plot the input from
Damaged IC data generated SHARC

H4 Irregular sound | I2S misbehavior Distorted data | Observation Medium Plot the input from

input

input

SHARC
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Table F-9: FMECA Worksheet for the Receiver Transr
Failure Failure Mode Possible Causes Failure Effects Methooalf Criticality Remarks
No. Detection
11 Discontinuous Low wireless signal | Discontinuous Observation Low Change current
digital data strength from passive| Audio output transmitter location,
components improve antenna
strength
12 Falil to establish | Same as above, No data received| LED indicator | Medium Change current
connection Damaged IC from nRF24Z1 transmitter location,
improve antenna
strength
13 No reading from | Software error Unable to Observation Medium Damaged IC, try to
nRF2471 Damaged IC communicate to reboot then reset
nRF24Z1 SHARC
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Table F-10: FMECA Worksheet for the Receiver Miorgroller and LCD
Failure Failure Mode Possible Causes Failure Effects Methooalf Criticality Remarks
No. Detection
J1 No backlight on | LCD reaches lifecycle| Display failure Observation edilm Replace the LCD
LCD display module
J2 Display error on | ATmegal68 is trapped Display random | Observation Low Reset the ATmegal68
LCD in a particular state | characters on the
screen
J3 Fail to accept userSoftware error, User interface Observation Medium
inputs ATmegal68 malfunctioning
malfunctioning
J4 LCD lights up but ATmegal68 User interface Observation Medium SHARC will not be

no display

malfunctioning

malfunctioning

able to read input
parameters from the
microcontroller
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Table F-11: FMECA Worksheet for the Receiver SHARP with Flash Programmer
Failure Failure Mode Possible Causes Failure Effects Methooalf Criticality Remarks
No. Detection

K1 SHARC does not| Reset circuitry No Sound Observation Medium Manually press the
load startup malfunction input/output reset button
program

K2 SHARC Power issue No or distorted | Observation High Might cause the pows
malfunctioning Broken pins sound output supply section to

overheat

K3 Flash does not | Software error, flash | No Sound Observation Medium Program the SHARC

send programmed programmer is input/output with JTAG programmef

data to SHARC
on startup

damaged

to troubleshoot
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Appendix G: Flowchart for Main Program
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Figure G-1: ADSP-21262 Receiver Main Program Floext
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Figure G-2: ATmegal68 Receiver Main Program Flowtha
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Appendix H: Hierarchical Block Diagram of Code Organization

RF24Z1_InitARXRegisters
RF24Z1_InitRFCHRegisters

Link:

| nRF2421_SelAddress
nRF2421_HasLink

nRF2421_ForceRelink

Figure H-1: ADSP-21262 Receiver Software Hierarchy

H-1
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| | | | | |
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Wireless DAC Serial Ports Communication Unit Processing
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SPI: Pl: nitialization: SPI: nitialization:
FRF24Z1 InitSlavelnterace CM1TI2_EnableSPl nitSPORT ATmegalBGe SlaveEnable nitSRL_nRF2421
~hRE24Z1 Wilte CM1792_DisableSP| nitPCG ATmegalBe_SlaveDisable nitSRLU_Auxillary
nRF2471 Read CM1T92_Write: ATmegalGe WriteByla
- nTmegal6e ReadByte
nterrupt Handlers: “TmegalGd_SPIByte
nitialization: nitialization: OnSample_nRF24Z1
RF24Z1_InitATXReqisiers POM1782_Init OnSample_Ausdllary
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ATmegalG8 Microcontroller

Recalver

Rev 8/09
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Module Communication
1 —
| interrupts: SART: nterrupts:
TIMERD_OVF CD_InitUSART PCINTO
CD_SendByte EIG_SPI
Control:
L|_Encoderdncrement Control:
LII_EncoderDecrement |.CD_InitDisplay
— JI_Changehenu | CO_PutCh
LIl UpdateEQManu —1L.CD_PutString
Ll UpdateDigitalMutahanu LCD Clear
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| CD ClearAldl

Figure H-2: ATmegal68 Receiver Software Hierarchy
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ATmega168 Microcontroller
Transmitter
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l | ]
Ui PGA2505 nRF24Z1
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nterrupts: Fl: Link:
TIMERD_OWF 2505_Init | PRF2421_SetAddress
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Control: SPI:
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PGAZ505_SetGain T PRF24Z1_Write
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Figure H-3: ATmegal68 Transmitter Software Hiergrch
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Appendix I: SPI Timing Specifications and 12S Proteol

:¢ tMHH) >

SCLK

SDI

SDO

Tssck

tsro

Parameter Min Max Units |
t(MCY) 100 ns
timen) 40 ns
timeh) 40 ns
tMHRH) 80 ns
tvss) 15 ns
timsH) 15 ns
tvpH) 15 ns
tivbs) 15 ns
tmos) 30 ns

Figure I-1: PCM1792a SPI Timing Diagram
Table I-1: PCM1792a SPI Timing Parameters

tsreapy

MSB
next byte

AN
thasspi /

next byte

Parameter Min Max Units |
tissck) 62 ns
tisusspn 10 ns
tassen 10 ns
tasspn 55 ns
tdssck) 500 us
t(srD) 500 us
t(srReADY) 500 us

Figure I-2: nRF24Z1 SPI Timing Diagram
Table I-2: nRF24Z1 SPI Timing Parameters
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Figure I-3: PGA2505 SPI Timing Diagram
Table I-3: PGA2505 SPI Timing Parameters

Parameter Min Max Units |
tsps) 20 ns
tspr) 20 ns
tcscr) a0 ns
ticres) 35 ns
ticso) 35 ns
tcrpo) 60 ns
ticsz) 100 ns

=

LSB

codd

|MSB

LsSB

|

UL

|

[}
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Figure 1-4 12S Clock and Data Format




