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1.0 INTRODUCTION

[bookmark: _Toc349705749]1.1 Title

Global Active Noise Cancellation for Cell Phone Privacy

Cell phones have allowed for a great level of connectivity giving us the ability to communicate with each other whenever and wherever we so chose. However, this ability to speak to anyone at any time has essentially put our lives on display for anyone within earshot to hear. This project was chosen because there is currently no product that will provide privacy while speaking on a cell phone in public places. In addition, both project members have previously worked on a project involving digital signal processing and acoustics. As such, it is felt that both group members contain the background knowledge necessary to undertake this problem.

[bookmark: _Toc349705750]1.2 Objectives

The intent of this project is to demonstrate the feasibility of using active noise cancellation to globally (at all points in the far field) silence the voice of a cell phone user during a phone call. Four goals have been established that are critical to the success of this project: 
· design of a microphone amplification and filter circuitry
· digital signal processing in order to offset phase of source by 180°
· characterization of the spatial pattern of human speech intensity over the frequency band of interest (300 – 3000 Hz)
· evaluation of optimum speaker location for best overall noise cancellation

Intended functions:
· actively cancel out a cell phone user’s voice in far field
· perform cancellation globally in order to provide privacy

Benefits to the customer:
· provides ability to have private phone calls in public locations
· eliminates disruptive background conversations for general public

Desirable product features would include:
· low power consumption
· small package size (ability to be incorporated into current cell phones or cell phone cases)




[bookmark: _Toc348992679][bookmark: _Toc349705751]2.0 Design
 
[bookmark: _Toc349705752]2.1 Block Diagrams

Top level:

Audio Input
Audio DSP Interface
Audio Output
Digital Signal Processing
Power Supply

Figure 1: Top level block diagram

Audio Input:
Microphone
Preamplifier
Speech Signal
Audio-DSP Interface
Power Supply

Figure 2: Audio Input block diagram



Audio-DSP Interface:
Low Pass Anti-Aliasing Filter
Audio CODEC
Audio Input
Digital Signal Processing
Power Supply
Audio Output

Figure 3: Audio-DSP Interface block diagram

Audio Output:
Speaker Amplifier
(1)
Speaker
(1)
Audio-DSP Interface
Power Supply
Speaker Amplifier
(2)
Speaker Amplifier
(N)
Speaker
(2)
Speaker
(N)



 
 
Cancelling Signal
Cancelling Signal
Cancelling Signal

Figure 4: Audio Output block diagram

Digital Signal Processing:
Digital Signal Processor
Audio-DSP Interface
Power Supply

Figure 5: Digital Signal Processing block diagram

Power Supply:

9V Battery
DC-DC Converter
9V-1.5V
DC-DC Converter
9V-3.3V
DC-DC Converter
9V-5V
DC-DC Converter
9V-1.25V
Audio-DSP Interface, DSP, Audio Output
DSP
Audio Input
Audio-DSP Interface


Figure 6: Power Supply block diagram

[bookmark: _Toc349705753]2.2 Block Descriptions

Audio Input:

The Audio Input consists of two subcomponents: a microphone to acquire the initial input speech signal and a preamplifier to raise the input signal to the appropriate amplitude levels. The microphone transduces the audio signal of the person’s voice which is then fed into the preamplifier. The preamplifier increases the voltage amplitude of this signal by a factor of five and outputs this amplified signal to the Audio-DSP Interface where it will be converted from an analog signal to a digital one so that the DSP can process it.

· Microphone:

The microphone that will be implemented in this circuit is the Analog Devices ADMP404 Microphone. This microphone was chosen for its omnidirectional reception pattern, the flatness of its frequency response across the band of interest (-3/+2 dB), high sensitivity of -38 dBV at 1 kHz and 94 dB SPL, and its small size of 3.35 mm × 2.50 mm × 0.88 mm. The microphone will be powered by the 2.45V MIC Bias line from the audio codec in Audio-DSP Interface. The expected audio levels at the microphone are between 76 dB and 115 dB SPL (see microphone in 2.4 Simulations and Calculations). This will produce voltage levels of 1.168 mVRMS to 200.38 mVRMS at the microphone output terminal. These signals will be passed to the preamplifier.

· Preamplifier:

The microphone amplifier implemented in this design is the Texas Instruments INA333 Instrumentation Amplifier. The gain of this amplifier will be set to 5. This will amplify the maximum expected signal to 1VRMS and feed it through a low pass filter into the MIC Input of the ADC, maximizing the use of the full input voltage swing of the ADC in the Audio-DSP Interface. The preamplifier is powered by 5V from the 9V to 5V DC-DC converter in the Power Supply.

Audio-DSP Interface: 

The audio-DSP interface consists of a passive low pass anti-aliasing filter and an audio codec. The low pass filter will have a cutoff frequency of 3 kHz, corresponding to the maximum frequency of the human voice. Band-limiting the incoming signal will reduce the sampling rate necessary to meet the Nyquist sampling criterion, thereby reducing the amount of computations necessary to digitize the incoming signal. The filtered signal will then be passed to the audio codec which contains both an ADC and a DAC. The signal from the low pass filter will be fed to the ADC. The digitized signal will then be passed on to the Digital Signal Processing block, which will manipulate the signal and then pass it back to the audio codec. This digital processed signal will then be passed through the DAC and sent to the Audio Output block, which will convert the analog signal into physical sound waves.

· Audio CODEC

The audio codec that will be used is the Texas Instruments TLV320AIC23 Stereo Audio Codec. This audio codec was chosen as it is the codec that is used by the TLV320AIC23 demonstration kit. Use of the same codec will allow for quick software development on the demonstration kit and little design modification in the transition to the final implementation of the codec. The signal that is passed from the low pass anti-aliasing filter will be sampled at 8 kHz by the codec and passed to the DSP block via an SPI interface. The signal processed by the DSP will then be returned to the Audio CODEC via this SPI interface. This signal will be fed out of the onboard DAC to the Audio Output block. The audio codec will be powered by 3.3V from the 9V to 3.3V DC-DC converter and by 1.5V from the 9V to 1.5V DC-DC converter both located in the Power Supply.

· Low Pass Anti-Aliasing Filter

The low pass anti-aliasing filter is a simple first order RC filter with a cutoff frequency of 3 kHz. This will limit the out of band noise that will affect the processing of the signal as well as high frequency aliasing.

Audio Output:

The audio output consists of N pairs of speaker amplifiers and speakers. Each speaker amplifier takes as input the analog signal from the DAC in the Audio-DSP Interface. This amplified signal will then be fed into the corresponding speaker and output as audio. Up to 8 speaker-amplifier pairs can be driven simultaneously by the output of the DAC without suffering performance. The value of N will be determined through experimentation and will be decided based upon the necessary total output power as well as the required spatial audio intensity of the cancelling output sound signal.

· Speaker Amplifier

The speaker amplifier that will be used is the Texas Instruments LM4818 Audio Power Amplifier. This audio amplifier will supply the 100 mW typical power necessary to drive each speaker through its class-AB output stage. The speaker amplifier provide a high input impedance allowing up to 8 speakers to be driven by 8 separate speaker amplifiers without overdrawing the Audio CODEC DAC. The gain of each amplifier will be set to 0.89 allowing the maximum voltage output of the DAC to correspond to the maximum power output of the speaker. The speaker amplifiers will be supplied power from the 3.3V output of the 9V to 3.3V DC-DC converter in the Power Supply.

· Speaker

The speaker that is implemented in this design is the CUI Inc. CLS0271M-L152 Speaker. This speaker is capable of producing sound levels greater than 72 dB SPL at 1 meter across the entire voice band when driven at 0.1 W. This sound level is within 3 dB of the expected maximum voice level allowing the speaker to output an audio signal of equal magnitude to that of the person’s typical voice level which is critical for noise cancellation. Size was a constraining factor on the sound pressure level in the selection of this device

Digital Signal Processing:

The digital signal processing block consists of a digital signal processor. The DSP will receive an incoming digital signal from the Audio CODEC. The FFT of this signal will be calculated, the signal will be time shifted to account for the overall system delay, and the signal will be scaled in order to account for the frequency responses of the microphone and the speakers. The IFFT of this signal will then be calculated and the coefficients of the time domain signal will be inverted (shifted in phase by 180 degrees). The signal will then be sent back to the Audio CODEC, which will then convert the signal into an analog signal before passing it on to the Audio Output block.
[image: ]
Figure 7: DSP Algorithm Flow Chart
[image: ]
Figure 8: DSP Buffer Visualization

· Digital Signal Processor

The digital signal processor employed in this design is the Texas Instruments TMS320C6713B Floating Point Digital Signal Processor. This DSP will communicate with the Audio CODEC via an SPI protocol. The DSP will be supplied 3.3V by the 9V to 3.3V DC-DC converter and 1.25V from the 9V to 1.25V DC-DC converter in the Power Supply

Power Supply:

The power supply consists of a 9V battery, a 9V-5V DC-DC converter, a 9V-3.3V DC-DC converter, a 9V-1.5V DC-DC converter, and a 9V-1.25V DC-DC converter. The converters will be used to convert the 9V battery source voltage into the 5V, 3.3V, 1.5V, and 1.25V supplies required by the rest of the circuit blocks. The output of the DC-DC converter will be used to power the preamplifier, the Audio CODEC, the DSP chip, the output speaker amplifiers.

· Battery

An Energizer Lithium 9V battery will be used as the central power source. This battery is rated to 750 mAh.

· DC-DC Converters

All of the DC-DC converters that will be used are Texas Instruments LM317 Adjustable Voltage Regulators. These regulators are capable of supplying currents from 10 mA to 1.5 A and allow for adjustable voltage regulation using two external resistors. The 9V to 5V DC-DC converter will supply power to the microphone preamplifier. The 9V to 3.3V DC-DC converter will supply power to the Audio CODEC, the DSP, and the speaker amplifier. The 9V to 1.5V DC-DC converter will supply power to the Audio CODEC. The 9V to 1.25V DC-DC converter will supply power to the DSP.

[bookmark: _Toc349705754]2.3 Spatial Voice Characterization

A critical component to the design and success of this project is the characterization of the spatial intensity of the human voice. The goal of this characterization is to understand how the audio intensity of the human voice changes spatially and with frequency. This characterization can be broken down into three distinct steps: acquiring experimental data, processing the data collected, and adjusting the overall design based upon knowledge gained from the data processing.

Data Acquisition:

The data acquisition phase of the spatial voice characterization will involve the collection of samples of the human voice from various locations surrounding a person speaking. In detail, a person will be located in the center of an anechoic chamber with a single microphone placed directly in front of him at a specified distance ρ. The measurements will be taken in the anechoic chamber in order to reduce the effects of reverberation and outside sound sources on the results of the experiment. This microphone will remain fixed throughout the entire experiment. A second microphone will be moved around the person to points of known locations. These locations should be as close as possible to ρ away from the person speaking. At each location of this mobile microphone, the person will be asked to recite a passage that will be specified before the experiment and then the mobile speaker will be moved to the next set location. This will be repeated for 20 such microphone locations so that the mobile microphone will have covered all 360° in angle space surround the speaker in roughly 18° increments. The National Instruments myDAQ and two microphones will be used to collect this data via LabView. This experiment will be repeated for several different subject members. A diagram of this procedure is shown below.
[image: ]

Figure 9: Spatial Voice Characterization experiment diagram
Data Processing:

The data that is collected in the experiment detailed above will contain the signals collected by both microphones at each possible mobile microphone location. At each location, the signals of the mobile microphone will be normalized by the magnitude of those received at the stationary microphone. This will allow for direct comparison of all spatial sound intensities to the single stationary reference microphone. These signals will then be examined in the frequency domain making it possible to analyze the spatial intensity of these signals at specific frequencies allowing for both a spatial and frequency based characterization of the human voice.

Application:

The characterization of the spatial intensity of the human voice will be used to adjust the locations and signal levels of the speakers to accurately mimic the human speech pattern. Evaluation of several different speaker locations and power outputs will be performed using the experiment outlined above in order to achieve the greatest possible noise cancellation. This evaluation will entail characterization of each speaker configuration by using it as the sound source in the experiment above rather than a human being and driving the speaker configuration at different frequencies in order to evaluate the spatial intensity pattern of each configuration. The goal will be to design a speaker configuration that most closely resembles that spatial intensity pattern of the human voice.

[bookmark: _Toc349705755]2.4 Schematics

[image: ]
Figure 10: Overall Schematic

[image: ]
Figure 11: Microphone Schematic

[image: ]
Figure 12: Preamplifier Schematic

[image: ]
Figure 13: Low Pass Filter Schematic
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Figure 14: Audio CODEC Schematic
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Figure 15: DSP Schematic


[image: ]
Figure 16: JTAG Header (for DSP Chip) Schematic


[image: ]
Figure 17: Speaker Amplifier and Speaker Schematic

[image: ]
Figure 18: Power Supply Schematic

[bookmark: _Toc349705756]2.5 Simulations and Calculations

Microphone:
· Maximum and minimum expected voltage levels at microphone output:
Assumptions:
1) Quiet speech typically produces a sound pressure level of 45 dB SPL at 1m Valente et al. [7].
2) Loud speech typically produces a sound pressure level of 85 dB SPL at 1m Valente et al. [7].
3) Microphone sensitivity is -41 to -35 dBV at 1 kHz and 94 dB SPL as quoted by manufacturer.
4) The distance from the microphone to the speaker’s mouth will be between 1cm and 8.58 cm (a quarter of a wavelength at 1 kHz).

Maximum level expected:
1) loud speech – PL1,dB = 85 dB SPL at 1m
2) highest microphone sensitivity – SdB = -35 dBV
3) closest distance – r2 = 1cm







Minimum level expected:
1) quiet speech – PL1,dB = 45 dB SPL at 1m
2) lowest microphone sensitivity – SdB = -41 dBV
3) farthest distance – r2 = 8.54cm


Typical level expected:
1) normal speech – PL1,dB = 65 dB SPL at 1m Valente et al. [7].
2) nominal microphone sensitivity – SdB = -38 dBV
3) typical distance – r2 = 5cm





The results of these maximum and minimum expected voltage levels out of the microphone output are summarized below.

	Condition
	Vout,MIC
	PL,MIC

	Minimum
	0.3694 mV
	66.33 dB

	Typical
	8.948 mV
	91.02 dB

	Maximum
	634.2 mV
	125.0 dB



These conditions produce a dynamic range that is very large. It will not be necessary for the final design in this research oriented project to perform at such extreme conditions as the signals input into the microphone are controlled. Instead, the speaker’s voice will be limited to 65 ±10 dB SPL. Using the same distances and sensitivities in the calculation of the maximum, minimum, and typical sound pressure levels and output voltages yields the following results. The same calculations were made as above in obtaining these final values. These voltage levels and pressure levels will be designated as the standard operating conditions to which the design will specified.
	Condition
	Vout,MIC
	PLdB,MIC

	Minimum
	1.168 mV
	76 dB

	Typical
	8.948 mV
	91 dB

	Maximum
	200.4 mV
	115 dB



Microphone Preamplifier:
· Amplifier gain
The ADC in the Audio CODEC has a full range of 1VRMS. In order to utilize this full range, the maximum expected voltage from the microphone should be amplified to 1VRMS.



· Input impedance
The microphone’s output is limited to 90 µA of current supply. The input impedance of the microphone amplifier circuit must be high enough to limit this input current to this value in order to not overdraw the microphone. The microphone output has a DC offset of 0.8 mV. 
Assumptions:
1) Microphone output voltage range is 0V to 1.6V
2) Input current into V+ terminal of INA333 is 0A
3) DC blocking capacitor at microphone output
[image: ]
Figure 19: Microphone Preamplifier Input 










Audio Input:
	The entire Audio Input block is simulated below under typical and maximum audio input.
[image: ]
Figure 20: Audio Input simulation circuit
[image: ]
Figure 21: Audio Input simulation under typical audio sound level at 1 kHz (- voltage output from microphone, -- voltage output from amplifier)
[image: ]
Figure 22: Audio Input under maximum audio sound level at 1 kHz (- amplified output voltage, -- microphone output voltage)
[image: ]
Figure 23: Maximum current draw from MIC output at maximum sound level at 1 kHz
Passive Low Pass Filtering Circuit:
[image: ]
Figure 24: Low Pass Filter Simulation Circuit
The filter is composed of a 1.1 kΩ resistor and a 0.047 µF capacitor. Therefore, the 3dB cutoff frequency should be at . Simulation of the circuit shows that the 3dB cutoff frequency is at about 3.06 kHz.

[image: ]
Figure 25: 3dB cutoff frequency of Low Pass filter
Speaker Amplifier:
· Speaker power
The CLS0271M-L152 speaker operates under a typical input power P0,typ = 0.1W and a maximum input power of P0,max = 0.2 W. The input impedance of this speaker is RL = 8 Ω. The typical and maximum voltages and currents required to drive this speaker are calculated below.

 
 
 
· Amplifier gain
The LM4818 can drive an 8 Ω load at 120 mW when supplied at Vdd = 3.3V. The Audio CODEC DAC has a maximum output full range of 1VRMS. Optimal usage of both the DAC and the speaker require that the full range voltage of the DAC correspond to the full output power of the speaker. This will be achieved by varying the gain of the audio amplifier which is controlled by resistors Rf and Ri. The input impedance of the amplifier is controlled by these resistors as well. The DAC on the Audio CODEC can drive loads no lower than 10 kΩ without being overdrawn. Thus the input impedance of N audio speakers should be no lower than 10 kΩ. The assumption will be made that no more than 8 speakers will be driven at once.








	The Audio Output resulting from this design was simulated in PSpice and the resulting circuit and maximum voltage and power outputs are shown below.
[image: ]
Figure 26: Audio amplifier circuit
[image: ]
Figure 27: Audio output at maximum power output and 1 kHz (- voltage from DAC to audio amplifier, -- voltage across speaker)
[image: ]
Figure 28: Audio Output at maximum output power and 1 kHz (-voltage from DAC to audio amplifier, -- voltage power input to speaker)


Power Supply:
· Voltage regulator:
The LM317 voltage regulator has a voltage output controlled by adjusting resistors R1 and R2. The calculations and simulated results are demonstrated below.



	V0 = 5 V
	R1 = 1428 Ω
	R2 = 5 kΩ

	V0 = 3.3 V
	R1 = 2778 Ω
	R2 = 5 kΩ

	V0 = 1.5 V
	R1 = 5 kΩ
	R2 = 1 kΩ

	V0 = 1.25 V
	R1 = 5 kΩ
	R2 = 0 Ω



[image: ]
Figure 29: Power Supply simulated circuit with ideal 9V battery
[image: ]
Figure 30: Power Supply simulation (from top down: 6.25V to 12V input voltage sweep, output of 9V to 5V DC-DC converter, output of 9V to 3.3V DC-DC converter, output of 9V to 1.5V DC-DC converter, output of 9V to 1.25V DC-DC converter)
Noise Cancellation:
· Maximum allowable phase error for cancellation












An example of the required maximum phase delay is shown below for greater than 10 dB sound reduction of the original source sound.
[image: ]
Figure 31: Maximum allowable phase error


· Cancellation source proximity to original sound source
Using simple far field array theory, the sound level resulting from the superposition of the original sound source and the cancellation sound source is calculated at positions surrounding the two sources. This is repeated for several distances separating the original and cancelling sources and plotted below. The two sources are assumed to produce the same signal 180° out of phase and of equal amplitude.






[image: ]
Figure 32: Spatial noise cancellation with sources separated by 1cm

[image: ]
Figure 33: Spatial noise cancellation with sources separated by 5cm
[image: ]
Figure 34: Spatial noise cancellation with sources separated by 8cm
[bookmark: _Toc349705757]3.0 Performance and Testing Procedures

[bookmark: _Toc349705758]3.1 Requirements and Verification

Audio Input:
	Requirements
	Verification

	Microphone:
1) The microphone VDD should be supplied with 2.45V±0.1225V with respect to the GND conductor on the microphone 




2) The output of the microphone should carry RMS voltage levels between 0.3694 mV and 634.2 mV when spoken into from a distance of 1cm to 8.54cm at normal voice levels.
	Microphone:
1) Check microphone power supply
· Using DC multimeter, place positive voltage terminal on microphone VDD and negative voltage terminal on the GND of the microphone
· Verify that 2.45±0.1225V are supplied across these two terminals.
2) Check microphone output voltage
· Attach oscilloscope probe ground to GND of microphone and the probe’s positive voltage terminal to OUTPUT of the microphone.
· Measuring distance from the microphone to the mouth with a ruler, speak into the microphone from a distance of 5cm at normal speaking levels. Although the use of “normal” is quite subjective, the dynamic range of voice level that will generate an acceptable voltage at the OUTPUT pin of the microphone is quite large (40 dB). Thus, this test should be able to verify whether or not the microphone is working despite differences in what “normal” levels are considered to be.
· Check oscilloscope to verify that the peak voltage levels are within the range of 0.5224 mV to 896.9 mV (0.3694 mVRMS to 634.2 mVRMS) using peak-hold on the oscilloscope.

	Microphone Preamplifier:
1) The microphone should be supplied with 5V±0.25V at its V+ terminal.






2) The VIN+ terminal of the amplifier should have a DC offset of 2.5V±0.125V.








3) The VIN- and VREF terminals of the amplifier should supplied with 2.5V±0.125V.













4) The amplifier should provide a gain of 5±0.25 from its differential inputs VIN- and VIN+ to its output VOUT.
	Microphone Preamplifier:
1) Verify microphone amplifier power supply
· Using DC multimeter, place positive voltage terminal on amplifier V+ and negative voltage terminal on the V- of the amplifier.
· Verify that 5±0.25V are supplied across these two terminals.

2) Verify VIN+ terminal supply of amplifier
· Using oscilloscope, place positive voltage terminal of probe on amplifier VIN+ terminal and negative voltage terminal on the V- of the amplifier.
· Make sure that the oscilloscope is DC coupled.
· Verify that there is a 2.5±0.125V dc offset at this terminal

3) Verify microphone amplifier VIN- and VREF terminals voltage supplies
· Using DC multimeter, place positive voltage terminal on amplifier VIN- and negative voltage terminal on the V- of the amplifier.
· Verify that 2.5±0.125V are supplied across these two terminals.
· Using DC multimeter, place positive voltage terminal on amplifier VREF and negative voltage terminal on the V- of the amplifier.
· Verify that 2.5±0.125V are supplied across these two terminals.

4) Verification of amplifier gain
· Ensure that amplifier is disconnected from microphone by removing the DC blocking capacitor between the microphone OUTPUT and the VIN+ terminal of the amplifier.
· Verify that amplifier is powered correctly by checking all of the above amplifier verifications.
· Apply function generator positive voltage to VIN+ and function generator negative terminal to V-. Set the function generator to 100mV peak to peak sine wave with no DC offset at 1 kHz.
· Attach oscilloscope probe across VOUT and V- and verify that the output waveform has a peak to peak voltage of 500±25mV.





Audio-DSP Interface:
	Requirements
	Verification

	Low Pass Anti-Aliasing Filter:
1) The low pass anti-aliasing filter should provide a corner frequency of 3±0.3 kHz that is 3dB down from the input power.
















	Low Pass Anti-Aliasing Filter:
1) Verifying cutoff frequency of filter
· Ensure that the low pass filter is disconnected from the microphone amplifier by removing the DC blocking capacitor between the input to the filter and the VOUT terminal of the amplifier.
· Using the function generator, apply a 500mV peak to peak sine wave across the input terminal of the filter from the resistor input to ground.
· Attach the two terminals of an oscilloscope probe across the output of the filter from the output of the resistor to ground.
· Use the function generator to sweep from 300 Hz to 4 kHz verifying on the oscilloscope that the point at which the output voltage is 353.6mV peak to peak is at 3±0.3 kHz.

	Audio CODEC:
1) The Audio CODEC AVDD, BVDD, and HPVDD should be supplied a voltage of 3.3±0.165V.





















2) The Audio CODEC DVDD input should be supplied with 1.5±0.075V.








3) The sampling rates of the ADC and DAC should both be 8±0.25 kHz

	Audio CODEC:
1) Verification of Audio CODEC power supply at 3.3V
· Using DC multimeter, place positive measurement voltage terminal on Audio CODEC AVDD terminal and negative voltage measurement terminal on the AGND of the Audio CODEC.
· Verify that 3.3±0.165V are supplied across these two terminals.
· Using DC multimeter, place positive measurement voltage terminal on Audio CODEC BVDD terminal and negative voltage measurement terminal on the DGND of the Audio CODEC.
· Verify that 3.3±0.165V are supplied across these two terminals.
· Using DC multimeter, place positive measurement voltage terminal on Audio CODEC HPVDD terminal and negative voltage measurement terminal on the AGND of the Audio CODEC.
· Verify that 3.3±0.165V are supplied across these two terminals.

2) Verification of Audio CODEC power supply at 1.5V
· Using DC multimeter, place positive measurement voltage terminal on Audio CODEC ADVDD terminal and negative voltage measurement terminal on the DGND of the Audio CODEC.
· Verify that 1.5±0.075V are supplied across these two terminals.

3) Verification of 8 kHz sampling rate for ADC and DAC
· Use DSP chip to send initialization signals to Audio CODEC
· Using oscilloscope, place positive voltage terminal of probe on LRCIN pin of codec and negative voltage terminal on DGND pin.
· Verify that the frequency of the waveform on the oscilloscope is at 8±0.25 kHz



Digital Signal Processing:
	Requirements
	Verification

	1) The DSP must be supplied with 3.3±0.165V to all DVDD inputs.







2) The DSP must be supplied with 1.25±0.0625V to all CVDD inputs.







3) The RESET Pin of the DSP must be held low on power-up for 1±0.5 seconds and then switched to high voltage for proper operation of the DSP








4) The Audio CODEC must be configured to properly run upon startup of DSP.














5) Assuming correct configuration of Audio CODEC, signal input into ADC should be shifted in phase by 180°± 18° at output of DAC
	1) DSP digital power supply verification
· Using DC multimeter, place positive measurement voltage terminal on each DSP DVDD terminal and negative voltage measurement terminal on the VSS of the DSP.
· Verify that 3.3±0.165V is supplied across each of these two terminals.

2) DSP core power supply verification
· Using DC multimeter, place positive measurement voltage terminal on each DSP CVDD terminal and negative voltage measurement terminal on the VSS of the DSP.
· Verify that 1.25±0.0625V is supplied across each of these two terminals.

3) RESET Pin voltage level verification
· Using oscilloscope, place positive voltage terminal of probe on RESET pin of DSP and negative voltage terminal on VSS pin of the DSP
· Set the oscilloscope to capture data over a 5 second window
· Power up the circuit and hit pause on the oscilloscope at the end of the 5 seconds
· Verify that the signal is held low for 1±0.5 seconds after power-up and then goes high

4) Configuration verification
· Using logic analyzer, connect analyzer GND to DGND on the Audio CODEC
· Connect logic analyzer probe pin 1 to SDIN on the Audio CODEC
· Connect logic analyzer probe pin 2 to SCLK on the Audio CODEC
· Connect logic analyzer probe pin 3 to CS’ on the Audio CODEC
· Set analyzer to record and reset the DSP 
· Use the logic analyzer to verify that the controls 0x0097, 0x0297, 0x0430, 0x0630, 0x0814, 0x0A03, 0x0C01, 0x0E43, 0x100C, and 0x1201 are sent to the Audio CODEC

5) Verification of DSP program
· Place positive terminal of one oscilloscope test probe on the MIC input to the ADC and another on the Line Out of the DAC.
· Place the negative terminal of both probes on the AGND of the Audio CODEC.
· Check that input signal and output signal are 180° ± 18° out of phase on oscilloscope.



Audio Output:
	Requirements
	Verification

	Audio Amplifier:
1) The audio amplifier should be supplied with 3.3±0.165V at its VDD terminal.







2) The audio amplifier should have a voltage gain from its input to output terminal of 0.89±0.05.
	Audio Amplifier:
1) Audio amplifier power supply verification
· Using DC multimeter, place positive measurement voltage terminal on VDD terminal and negative voltage measurement terminal on the GND of the amplifier.
· Verify that 3.3±0.165V is supplied across these two terminals.

2) Audio amplifier gain verification
· Ensure that the amplifier is not connected to the output of the DAC by removing the DC blocking capacitor between the line out of the Audio CODEC and the –IN terminal of the amplifier.
· Using the function generator, apply a 1 kHz 1.4V peak to peak sine wave across the input of the amplifier from the –IN terminal to GND of the amplifier.
· Place an oscilloscope probe across the output of the amplifier from the Vo1 to the Vo2 terminal of the amplifier.
· Verify that the output signal is a 1.246±0.07V peak to peak sine wave on the oscilloscope with no distortion.

	Speakers:
1) Each speaker should be able to be driven at 1 W of input power from 300 Hz to 3 kHz.





2) For global noise cancellation, the spatial audio intensity of the microphone array configuration should match that of the human voice found in the characterization of the spatial intensity of the human voice.
	Speakers:
1) Verification of individual speaker operation.
· Using power supply, apply 1.25V peak to peak sine wave at 1 kHz across the input terminals of each speaker.
· Make sure that sustained sound is emitted from each speaker.

2) Test of the radiation pattern of the microphone configuration
· Using the same experimental scheme that was employed in the characterization of the spatial intensity of the human voice, characterize the radiation pattern of the microphone array.
· Compare this pattern to those of the human voice at each frequency. The closer the patterns match the greater the area of noise cancellation.



Power Supply:
	Requirements
	Verification

	9V Battery:
1) The battery must be able to supply greater than 6.25V across a 4Ω load.
	9V Battery:
1) Confirmation of battery power supply
· Using multimeter, place low voltage probe on – terminal of battery and high voltage probe on the + terminal of the battery.
· Connect the + and – terminals of the battery through a 4Ω load.
· Verify that the multimeter reads a voltage greater than 6.25V.

	9V-5V DC-DC Converter:
1) The 9V to 5V DC-DC converter must output 5V ±0.05V for all voltage inputs from 6.25V to 12V DC.
	9V-5V DC-DC Converter:
1) Verification of 9V to 5V power supply
· Using DC power supply, apply a positive voltage from the Input to ground.
· Use multimeter to measure the voltage from the Output terminal to ground of the converter.
· Vary the input voltage from the DC power supply from 6.25V to 12V and verify that the output voltage is 5V ±0.25V for all input voltages.

	9V-3.3V DC-DC Converter:
2) The 9V to 3.3V DC-DC converter must output 3.3V ±0.033V for all voltage inputs from 6.25V to 12V DC.
	9V-3.3V DC-DC Converter:
2) Verification of 9V to 3.3V power supply
· Using DC power supply, apply a positive voltage from the Input to ground.
· Use multimeter to measure the voltage from the Output terminal to ground of the converter.
· Vary the input voltage from the DC power supply from 6.25V to 12V and verify that the output voltage is 3.3V ±0.165V for all input voltages.

	9V-1.5V DC-DC Converter:
3) The 9V to 1.5V DC-DC converter must output 1.5V ±0.015V for all voltage inputs from 6.25V to 12V DC.
	9V-1.5V DC-DC Converter:
3) Verification of 9V to 1.5V power supply
· Using DC power supply, apply a positive voltage from the Input to ground.
· Use multimeter to measure the voltage from the Output terminal to ground of the converter.
· Vary the input voltage from the DC power supply from 6.25V to 12V and verify that the output voltage is 1.5V ±0.0.075V for all input voltages.

	9V-1.25V DC-DC Converter:
4) The 9V to 1.25V DC-DC converter must output 1.25V ±0.0125V for all voltage inputs from 6.25V to 12V DC.
	9V-1.25V DC-DC Converter:
4) Verification of 9V to 1.25V power supply
· Using DC power supply, apply a positive voltage from the Input to ground.
· Use multimeter to measure the voltage from the Output terminal to ground of the converter.
· Vary the input voltage from the DC power supply from 6.25V to 12V and verify that the output voltage is 1.25V ±0.0625V for all input voltages.


[bookmark: _Toc349705759]
3.2 Tolerance Analysis

The goal of the tolerance analysis is to verify the correct behavior of the filter circuit within the microphone input. This will be important for the proper function of our project because the filter will remove high frequency noise, improving the signal to noise ratio as well as limiting aliasing in the frequency analysis of the signal in the DSP chip. The filter to be designed will be a first order RC low pass filter. The correct values of the resistors and capacitors within this circuit must be maintained in order to achieve the correct cutoff frequency. If the cutoff frequency is too low, we will lose important vocal data, while if the cutoff frequency is too high, high frequency noise will not be attenuated as much as possible. A tolerance analysis of the capacitor of the filter will be performed in order to find a tolerance range for the capacitance that ensures that the filter’s cutoff frequency is within ± 10% of the chosen cutoff frequency. In order to verify that the capacitor has a capacitance value that is within the acceptable tolerance range, the -3 dB cutoff frequency of the filter will be measured using a function generator and an oscilloscope. More specifically the function generator will be used to input signals of known frequency and amplitude into our filtering circuit. The output will be displayed on the oscilloscope and the measure function will be used to acquire the amplitude of the output wave. The frequency at which the amplitude of the output wave is 3 dB less than the amplitude of the input wave will be located. The capacitor value will be varied to find the range of capacitances for which the measured -3 dB cutoff frequency is within ± 10% of the chosen cutoff frequency.

[bookmark: _Toc349705760]4.0 Ethics and Safety

[bookmark: _Toc349705761]4.1 Ethical Issues

 All group members will adhere to the IEEE Code of Ethics throughout this project. 

Since this project aims to determine the feasibility of a product that may at some time be commercialized, it is important to adhere to code 1 of the IEEE Code of Ethics: “to accept responsibility in making decisions consistent with the safety, health, and welfare of the public, and to disclose promptly factors that might endanger the public or the environment”.

In addition, since this project is research oriented, it will specifically demand strict compliance with codes 3 and 5 of the IEEE Code of Ethics: “to be honest and realistic in stating claims or estimates based on available data” and “to improve the understanding of technology; its appropriate application, and potential consequences”.

Finally, since this project requires technical work, it is important to adhere with code 7 of the IEEE Code of Ethics: “to seek, accept, and offer honest criticism of technical work, to acknowledge and correct errors, and to credit properly the contributions of others”.

Each group member has been made aware of these particular ethical concerns and has agreed to uphold them along with all of the other standards outlined in the IEEE Code of Ethics.


[bookmark: _Toc349705762]4.2 Safety Concerns

This project demonstrates no significant safety concerns. All voltage levels being used will be less than 9V and total output power will be limited by the 9V lithium battery source. Furthermore, audio output levels will remain lower than 83 dB SPL at 1m which is below the long term hearing damage exposure threshold of 85 dB SPL. However, safety will continue to be considered in all aspects of the design and construction of this project. Both group members have completed the UIUC DRS General Laboratory Safety Training and Electrical Safety for Labs online workshops and will practice safety in all dealings within any lab as laid out by these instructional workshops.
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Labor:
	Employee
	Labor Costs

	Joel Godard
	$50/hr * 12 hrs/week * 12 weeks * 2.5 = $18,000

	Hershed Tilak
	$50/hr * 12 hrs/week * 12 weeks * 2.5 = $18,000

	Total
	$36,000.00



Parts:
	Item
	Vendor
	Quantity
	Unit Cost ($)
	Total Cost ($)

	TMS320C6713BGDP225 (DSP)
	Digikey
	1
	$45.64
	$45.64

	25J20RE (20 Ω Resistor)
	ECE Store
	2
	$0.96
	$1.92

	25J500 (500 Ω Resistor)
	ECE Store
	2
	$0.91
	$1.82

	MFR-25FBF-52-1K00 (1 kΩ Resistor)
	Digikey
	4
	$0.10
	$0.40

	MFR-25FBF-52-2K00 (2 kΩ Resistor)
	Digikey
	2
	$0.10
	$0.20

	MCCFR0W8J0332A20 (3.3 kΩ Resistor)
	Newark
	2
	$0.03
	$0.06

	PR01000101801JR500 (5 kΩ Resistor)
	Newark
	8
	$0.09
	$0.72

	MFR-25FBF-52-10K0 (10 kΩ Resistor)
	Digikey
	6
	$0.10
	$0.60

	MFR-25FBF-52-20K0 (20 kΩ Resistor)
	Digikey
	4
	$0.10
	$0.40

	MFR-25FBF-52-24K9 (25 kΩ Resistor)
	Digikey
	2
	$0.10
	$0.20

	MFR-25FBF-52-40K2 (40 kΩ Resistor)
	Digikey
	2
	$0.10
	$0.20

	CFR-25JB-52-100K (100 kΩ Resistor)
	Digikey
	2
	$0.10
	$0.20

	CFR-25JB-52-120K (120 kΩ Resistor)
	Digikey
	2
	$0.10
	$0.20

	MFR-25FBF-52-200K (200 kΩ Resistor)
	Digikey
	2
	$0.10
	$0.20

	CFR-25JB-52-270K (270 kΩ Resistor)
	Digikey
	2
	$0.10
	$0.20

	150D104X9035A2 (0.1 μF Capacitor)
	ECE Store
	16
	$1.06
	$16.96

	C0603C104J4RACTU (1 uF SMD Cap)
	Digikey
	104
	$0.11
	$11.44

	P5305-ND (1 μF Capacitor)
	ECE Store
	12
	$0.23
	$2.76

	P10766-ND (2.2 μF Capacitor)
	ECE Store
	2
	$0.26
	$0.52

	4066PHCT-ND (10 μF Capacitor)
	ECE Store
	14
	$0.75
	$10.50

	VJ1206Y473KXAMT (47 nF Capacitor)
	ECE Store
	2
	$0.52
	$1.04

	2C37Z5U474MO5OB (470 nF Capacitor)
	ECE Store
	2
	$0.23
	$0.46

	1N4004 (1A 400V Diode)
	Newark
	8
	$0.11
	$0.88

	LM317KCSE3 (Voltage Regulator)
	Mouser
	8
	$0.54
	$4.32

	INA333AIDGKR (Mic Amplifier)
	Digikey
	2
	$4.67
	$9.34

	LM4818MX/NOPB (Speaker Amplifier)
	Digikey
	8
	$0.87
	$6.96

	TLV320AIC23BPWR (Audio Codec)
	Digikey
	2
	$7.78
	$15.56

	ADMP404ACEZ-RL7 (Microphone)
	Digikey
	2
	$3.11
	$6.22

	CLS0271M-L152 (Speaker)
	Digikey
	8
	$4.15
	$33.20

	1294 (Keystone 9 Volt PCB Mount Holder)
	ECE Store
	2
	$1.65
	$3.30

	PC16049V (Duracell 9V Battery)
	ECE Store
	4
	$1.46
	$5.84

	PCB
	ECE Store
	4
	$33.00
	$132.00

	Total
	$314.26



Grand Total:
	Labor
	$36,000

	Parts
	$314.26

	Total
	$36, 314.26



[bookmark: _Toc349705765]5.2 Schedule

	Week
	Task
	Responsibility

	2/10
	Design preliminary amplifier circuits (for speakers and mic) and power circuitry
	Joel

	
	Design preliminary low-pass filter circuit and Audio-DSP Interface
	Hershed

	2/17
	Simulate amplifier circuit and power circuitry
	Joel

	
	Simulate low-pass filter and Audio-DSP Interface
	Hershed

	2/24
	Design Review
	Joel

	
	Create pseudo-code for DSP algorithm
	Hershed

	3/3
	Collect data on spatial intensity of human voice
	Joel

	
	Begin programming DSP chip (on evaluation board) and begin designing PCB in Eagle
	Hershed

	3/10
	Process data from previous week and work out preliminary speaker placement configurations
	Joel

	
	Finish programming DSP chip (on evaluation board) and submit first revision of PCB to ECE Shop
	Hershed

	3/17
	Prepare Slides for Mock-Up Demo
	Joel

	
	Begin writing Final Paper
	Hershed

	3/24
	Perform experiments with speaker placement
	Joel

	
	Solder PCB Board / revise and resubmit if needed
	Hershed

	3/31
	Analyze data from speaker placement experiments
	Joel

	
	Perform Tolerance Analysis
	Hershed

	4/7
	Verify all modular components of circuit function correctly
	Joel

	
	Create final speaker mounting assembly
	Hershed

	4/14
	Update Final Paper with progress up to this point
	Joel

	
	Prepare Demo
	Hershed

	4/21
	Demo
	Joel

	
	Prepare Presentation
	Hershed

	4/28
	Final Paper
	Joel

	
	Presentation
	Hershed
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