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Currently, standards from government agencies such as the National Institute for 

Occupation Safety and Health exist to aid in safeguarding individuals’ capacity for hearing, but 

only in factory settings in which large machines often produce loud levels of sound. Neglecting 

the fact that these preventative measures are only in place in the most limited of settings, no 

system currently exists to observe and report sound exposure levels in a manner timely or easily 

recognizable enough to adequately serve its purpose of hearing conservation.  

Musicians may also incur significant levels of risk for hearing loss in their day-to-day 

rehearsals and concerts, from high school marching bands to university wind bands. As a result, 

music school accrediting organizations such as the National Association of Schools of Music and 

even the European Union have begun taking steps meant to determine the risks associated with 

music. 

To meet these goals and improve upon current technologies, a system has been developed 

that electronically records sound levels utilizing modern hardware, increases the speed of 

reporting by transmitting data over computer networks and the Internet, and displays measures 

calculated from these data in a web browser for a highly viewable, user-friendly interface.  
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CHAPTER 1  

INTRODUCTION 

One of the fundamental aspects of the human experience is our collective association and 

participation in the sound environment. Though it encompasses only one of our five senses, 

hearing, or perhaps two with the addition of “feeling” low frequency bass sounds, nearly all of 

our communication and expression utilizes sound through our auditory system. It is also well 

known that prolonged exposure to loud sounds can affect our ability to hear, either by attenuating 

or eliminating certain frequencies from our perception. It is less well known that the sound levels 

experienced through music, either through playing instruments or reproduction from recordings, 

may in fact exceed levels that are commonly thought to induce hearing loss. At the current time, 

insufficient data are available to prove the link between music and hearing loss in all but the 

most limited of settings therefore it is clear that methods should be created to record and analyze 

sound environments to further study the phenomenon. 

The National Institute for Occupational Safety and Health (NIOSH) has historically set 

standards for work environments that keep people in areas of risk safe from high exposure to a 

variety of risk factors that may lead to many physical disorders.1 In the area of sound and the 

noise exposure, the requirements for sound levels in industrial environments are very rigid – 8 

hours at 85 dBA (A-Weighted Decibels2) or half the time period for each 3 dB increase 

(commonly known as the “exchange rate”).3 The Occupational Safety and Health Administration 

(OSHA) has set the same baseline for exposure but with an exchange rate of 5 dB.4 

 

                                                 
1 (Centers for Disease Control and Prevention 2009) 
2 (Rod 2003) 
3 (National Institute for Occupation Safety and Health 1998) 
4 (Occupational Safety and Health Administration 29) 
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Figure 1.1. A-Weighting function (Sengpiel Audio 2002). A standard for transforming raw sound 
data into a form that more accurately models the human ear, A-weighting is commonly 

implemented in sound-recording hardware. Though not precisely the transfer function of the 
human ear, this is much closer than the flat response of unweighted sound. Other weightings, 

such as C, are standardized, but not as widely used. 
 

These levels were created to protect industrial workers from excessively loud equipment that 

may be intermittent in intensity. Several organizations outside the United States have also 

created their own standards, such as the International Electrotechnical Commission (IEC) 61252 

standard5 for personal noise dosimetry and the European Union Directive 2002/49/EC6 for the 

assessment and management of noise. All of the standards are similar in form, and 85 dBA is 

usually considered the baseline for exposure risk. For sound level comparison, see below. 

  

                                                 
5 (International Electrotechnical Comission 2002) 
6 (European Union Parliament 2002) 
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Table 1.1. Example sound levels. 
 

Sound Source Sound Pressure Level 
 (dBA SPL) 

Sound Intensity  
(W/m2) 

Jet aircraft, 50m 140 102 

Threshold of Discomfort/Pain 120 100 

Disco speaker, 1m 100 10-2 

Busy road, 5m 80 10-4 

Conversation, 1m 60 10-6 

Quiet library 40 10-8 

Sound studio background 20 10-10 

Threshold of Hearing 0 10-12 

Reproduced from (Sengpiel Audio 2002). 

 
To ensure compliance with NIOSH and other standards, a noise dosimeter is carried or 

worn by an individual (it should be noted that sound and noise are used interchangeably- noise is 

not simply unwanted sound); this device records sound through a calibrated microphone and 

constantly updates the Leq7, or equivalent sound level, for the exposed sound. This measure is 

similar to an average level of sound throughout the entire recorded time period, providing an 

easily understandable quantity that can characterize long periods of time even with a 

combination of loud and soft sound levels. If after eight hours the Leq is above 85 dBA, 

measures are typically taken to reduce future sound exposure.  

The remainder of this document describes the development and validation of an 

electronic system designed to meet the goals of recording sound, analyzing the recordings in 

software, and presenting the resulting metadata to laymen and technical personnel in a manner 

superior to current technologies. 
                                                 
7 (National Instruments 2008) 
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Current Methods and Technologies 

• Casella USA sound badge dosimeter – This product is worn like a name badge and 

records sound data throughout day. This provides highly personalized data, but is only relevant 

to the person wearing the badge or those persons immediately nearby. In addition, the device 

must be attached to a computer via a serial cable for data collection.8 

• Sonic PocketEar – As intensity throughout a day increases, a visual progress bar is 

displayed. This leads to the utmost simplicity of any sensor, but provides no quantitative data.9. 

• Quest EDGE noise dosimeter – Sound intensity in A-weighted decibels is logged and 

a final level equivalent is displayed, but no further analysis is possible. The device has a limited 

battery life and must be docked to a computer to log data.10 

These devices and methods lack: 

1. Remote instantaneous feedback 

2. Automated data collection  

3. Automated data analysis 

4. Scalability in statistics and calculations presented 

5. Feasible cost for low-budget schools 

6. Meaningful, user-friendly feedback to non-technical personnel 

As a result, a new dosimeter design should: 

1. Present data in an easily viewable form, preferably via the internet 

2. Utilize internet connectivity via Wi-Fi11 or wired networking 

3. Provide numerical data that is automatically processed from raw sound recordings 

                                                 
8 (Casella USA 2010) 
9 (SonicShop GmbH 2010) 
10 (3M 2010) 
11 (Wi-Fi Alliance 2009) 
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4. Use an easily updatable method of software or hardware design that allows for 
future statistics or calculations to be presented. 

5. Exploit relatively cheap modern hardware and software. 

6. Display single-number statistics and graphs for simple and easily understood data 
representation 

 

Motivation 

The need for designing a small, low cost, technologically scalable, and easily-installed 

sound dosimetry system with Internet-viewable data is apparent through multiple avenues: 

providing health information for musicians and music students, providing multiple and easily 

updatable measures of sound intensity and dosage beyond what is available through current 

dosimeters, meeting the current needs of regulatory agencies and industries, and predicting the 

future markets and their needs. 

Many musicians, educators12, journalists, and even parents13 are calling for research into 

noise levels to which musicians, concertgoers, and bystanders are exposed in school settings. 

Even though it is intuitive that loud noises probably lead to hearing loss, people in these areas are 

frequently not reminded or even notified of the potential risk.14 Noise-induced hearing loss is 

regarded as a widespread public health issue15, yet no current system provides the means to 

report exposure information to those affected in most musical areas, including many marching 

bands16 and university wind bands17. Should any institution or group wish to record, analyze, or 

disseminate such information, a device capable of meeting these goals without any changes 

                                                 
12 (Chesky, Dawson and Manchester 2006) 
13 (Cohen 2007) 
14 (Cohen 2007) 
15 (Chesky, Dawson and Manchester 2006) 
16 (Cohen 2007) 
17 (K. Chesky 2010) 
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would be useful and likely adopted, especially if it is the first or only one available on the 

market. 

It is likely that at some time in the future, many institutions of musical education or those 

that are otherwise noise-conscious may seek to implement systems to record and report sound 

level data. The accrediting body for all musical schools in higher education, the National 

Association for Schools of Music (NASM), has recently created a partnership with the 

Performing Arts Medicine Association (PAMA) to develop “studies and projects focused on the 

health and wellness of students”18- should a device be able to record and report efforts leading to 

the betterment of music students’ health and wellness, a large market for such a system would 

may be available in the near future. 

Currently, factories and other industrial workplaces around the world must conform to 

standards similar or equivalent to those set forth by NIOSH and OSHA for sound exposure to 

limit the risk of hearing loss in personnel. These standards have already been implemented, but 

revisions typically call for new or more precise methods of measurement and reporting. Being 

able to meet the current methods is paramount, and developing systems that provide significant 

flexibility for additions and upgrades would allow a single system to quickly implement changes, 

a facility which is lacking in current hardware.   

On November 1, 2008, NIOSH held a workshop directly addressing the need for 

widespread “Direct-Reading Exposure Assessment Methods” in the area of sound and noise to 

be developed.19 The initiative established at the workshop called for methods of determining not 

only exposure levels but also directly-reading exposure levels of individual personnel for 

                                                 
18 (National Association of Schools of Music 2010) 
19 (National Institute for Occupational Safety and Health 2008) 
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recording and future analysis. Though some devices met the goal partially, no system could 

record the data of individuals.  

To meet the similar goals of each of the wide audiences, a new hardware and software 

system will be developed and verified in laboratory and field settings that will record sound data, 

save the data future for use, analyze and compute statistics relating to the sound and exposure 

limits, and provide a simple and user-friendly graphical user interface (GUI) that can be viewed 

over the Internet through a standard web browser. 
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CHAPTER 2  

PROOF OF CONCEPT PROTOTYPE 

An initial prototype was developed as part of the undergraduate Senior Design course in 

the Department of Engineering Technology at the University of North Texas. Along with peers 

Amir Brgulja, Brian Mielke, and Ashton Smith, a full hardware/software system was developed 

to show the merits of implementing software-driven analysis and a web interface for sound 

dosimetry.20   Though limited in scope and usefulness, the developed device served as proof that 

the technology exists and can be implemented in the desired manner. Development was 

completed in May 2009. 

 

Hardware 

The initial hardware design goals were simple- the device needed to be small, network 

connected, and able to communicate with an Internet server. After a survey of technologies 

available to accomplish this task, the Gumstix computer-on-module21 platform was chosen 

because of its simple design, extensive support base, use of Linux as the operating system, and 

simple network connectivity by way of connecting daughter cards. The platform also allowed for 

rapid prototyping and deployment, a necessity should the device be commercialized.  

The device was programmed over a serial interface via the console-vx board, and a 

standard microphone with a 3.5mm jack was connected to the audiostix 2 board. This allowed 

for the use of standard Linux utilities such as the Advanced Linux Sound Architecture (ALSA)22 

                                                 
20 (McCord, et al. 2009) 
21 (Gumstix, Inc. 2010) 
22 (ALSA Project 2008) 



9 

to record sound from the microphone and OpenSSH23 to connect and transfer files to a web 

server. 

 

Figure 2.1. Verdex Pro and Daughter boards (Gumstix, Inc. 2010). 
 

Though the server software can run on any computer connected to the Internet, 

Dreamhost was chosen as the webhosting company due to its low cost unlimited data and 

bandwidth plan.24 This negates any issues of cost or reliability with storing vast amounts of 

sound data on a local computer and also eliminates any concerns about the installation and 

administration of a local web server. 

 

Software 

A combination of Java25 and Matlab26  was implemented for programming the audio 

analyses due to their inclusion in the laboratory computers at the University of North Texas. Java 

provides a flexible and scalable interface for Internet display while prior familiarity with Matlab 

allowed for quick deployment.  

A Java “servlet” was installed as the background program running on the web server. 

After the Gumstix hardware sent sound data to a specific folder, the servlet processed the data by 

                                                 
23 (OpenBSD 2010) 
24 (New Dream Network, LLC 2010) 
25 (Sun Microsystems 2007) 
26 (MathWorks 2009) 
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calling Matlab functions and sent HTML27 to a user’s web browser which then displays the data 

in chart form via the Google Visualization API28. The Matlab program analyzes wave files 29 by 

first implementing an A-weighting filter30 and then averaging the values for Leq31. The Google 

Visualization API then displays the time-domain data as a line plot and the Leq as a gauge.  

 
 

 

Figure 2.2. Web-based sound system display. 
 

                                                 
27 (World Wide Web Consortium 2009) 
28 (Google Inc. 2010) 
29 (Kabal 2006) 
30 (Fletcher and Munson 1993) 
31 (National Instruments 2008) 
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Prototype Shortcomings 

While the device did function, it could not: 

1. Calibrate to a standardized source or device 

2. Display multiple time sequences concurrently 

3. Allow more than one device to function simultaneously per server 

4. Display data in near real-time. 

5. Perform calculations quickly (approximately 2 minutes per minute of sound, not 

useful in a real-time environment). 

These issues were fixed, updated, or remedied in the next device. 

 

  

 
 
 
 
 
 
 

Figure 2.3. System block diagram. 
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CHAPTER 3  

DEVELOPMENT 

Hardware 

Most of the initial hardware considerations remained unchanged, though the more recent 

Gumstix Overo Fire32  computer was used in place of the Verdex Pro. The Overo Fire consists of 

the Texas Instruments OMAP 3530 system-on-a-chip which also houses a C64+ digital signal 

processor, though this is not utilized. The OMAP3500 provided a faster processor (600 MHz vs. 

400 MHz), as well as onboard Wi-Fi33  and Bluetooth34  capability. In place of the Audiostix II 

and Netpro daughter boards, a single Chestnut43 motherboard is used. The Chestnut43 provides 

Ethernet, Audio Out, Line In, and 768 x 480 touchscreen display connectors.35 

 

Figure 3.1. Overo Fire and Chesnut43 (Gumstix, Inc. 2010). 
 
 

Wi-Fi and Ethernet are used as the Internet connection mechanisms and the standard 

system flow remains unaffected. A generic Universal Serial Bus or USB (USB Implementers 

Forum, Inc. 2010) sound card is used to connect a microphone to the Gumstix since the Line In 

connector of the Chestnut43 does not provide sufficient amplification to usable levels. 

                                                 
32 (Gumstix, Inc. 2010) 
33 (Wi-Fi Alliance 2009) 
34 (Bluetooth Special Interest Group 2005) 
35 (Gumstix, Inc. 2010) 
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Dreamhost was again used as the web server hosting company due to familiarity with the 

service, low cost, and unlimited use of data and bandwidth for storage and testing.36 This negates 

any issues of cost or reliability with storing vast amounts of sound data on a local computer. 

 

Software 

In place of the Java/Matlab software combination to analyze recorded sound data, a fast 

implementation of the C language via the standard GCC Linux compiler was used (see page 38, 

Appendix C.i). This provides faster computation (2 seconds per 5 minutes of sound vs. 67 

seconds per 5 minutes of sound) of dBA per second and statistical functions, and also allows the 

processing to be conducted on the server or the Gumstix. In this way, the Gumstix computes the 

FFT coefficients, dBA values, dBC values, and unweighted values immediately after recording 

sound while the server computes these values only if problems arise in the Gumstix’s 

calculations. This allows for quick and immediate display of data soon after recording but also 

provides the flexibility to process sound data in a new or updated manner in the future. Data 

display is again accomplished in a web browser via the Google Visualization API. 

FFT processing for spectral analysis and frequency weighting (both the A and C 

standards37) is accomplished via the Fastest Fourier Transform in the West (FFTW) 38, an FFT 

library for the C language widely used in personal computers and embedded systems. FFTW 

uses individual processor timings to determine the best method to compute FFT coefficients, 

resulting in a much more usable and implementable software program.  

Linux programming remained similar to the original implementation, though the time 

between sending sound recordings to the server was shortened from five minutes to every 

                                                 
36 (New Dream Network, LLC 2010) 
37 (Sengpiel Audio 2002) 
38 (Friego, Matteo; Massachusetts Institute of Technology 2008) 
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Recorded Sound Gumstix Processing 

Internet Server 

Time 

User Viewable 

Data Request Server Reads  Data 

Google Visualization Web Browser 

Process if unreadable 

Time 

minute. This allows for data to be viewed and updated online approximately every minute as 

long as a sufficiently fast Internet connection is available.  

 

Implementation 

System implementation is again accomplished in two parts: initial recording and 

processing (Figure 3.2), which consists of the Gumstix sending sound to the web server, and data 

viewing (Figure 3.3), which consists of a user pulling data from the web server. This is similar to 

the previous implementation with the added benefit of parallel asynchronous processing of sound 

data (see Figure 3.2). The viewing of data, from the perspective of the user, remains unchanged 

(see Figure 3.3). 

 

 

 

 

 
 

Figure 3.2. Initial recording and processing. 
 

 
 
 

 

Figure 3.3. Data viewing. 
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The graphical user interface (GUI) is available via a web browser (see Figure 3.4 and 

Figure 3.5) by displaying data downloaded from a web server over the Internet. The GUI 

displays multiple data values through the server interaction and also yields multiple charts (time 

series and frequency spectrum) using the Google Visualization API39. Individual blocks can be 

dragged-and-dropped into different positions according to user taste and saved for future 

viewing.  

From the web page, multiple displays are implemented. A gauge of the NIOSH-standard 

sound dosage (85 dBA for 8 hours reference) is displayed, the actual sound file can be played, 

and the frequency spectrum is available. In addition, the raw sound (wav file), weighted data (csv 

file), and Fourier transform coefficients (csv file) are available for download for data logging or 

self-processing. 

Multiple times can also be compared in the major graph window (see Figure 3.5), 

allowing for simple comparison of time- and frequency-domain data. 

                                                 
39 (Google Inc. 2010) 
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Figure 3.4. Sound meter GUI example, one recording. Screenshot taken from a standard web browser. 
 
 

Time domain line plot, including Leq, with A and C weightings 
Leq and moment statistics with dosage gauge 

Individual Recordings 

Recordings available to compare 
See Figure 3.5 

Frequency Spectrum of full recording 

In-Browser Audio Player 
Raw data files 

Dosage gauge, NIOSH standard 
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Time domain data of two recordings 

Spectral components of two recordings 

  

Figure 3.5. Sound meter GUI example, comparison of two recordings. 
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CHAPTER 4  

VALIDATION 

In order to ensure that the software written for the Gumstix system recorded sound 

properly and performed calculations correctly, the system was tested in laboratory and field 

settings against a sound pressure level (SPL) meter for instantaneous data and a dosimeter for 

Leq comparison. 

 

Preliminary Validation 

The complete system was tested in a sound isolation booth in the Speech, Audio, and 

DSP Laboratory in the Department of Electrical Engineering at the UNT Discovery Park (see 

Figure 4.1). A single Dell AX210 speaker with a gain of 3 dB was placed 8 inches from 

microphones on a single system, a Larson Davis Spark 706RC Noise Dosimeter40, and an Apple 

iPhone41  with the “Ultimate Ears” Sound Pressure Level (SPL) Meter App42. Multiple sound 

files of various frequency components generated in Matlab were played through an HP xd9000 

laptop running Windows Media Player43 for 30 seconds. Line voltage levels were recorded using 

a Rohde & Schwarz UPV Audio Analyzer44.  

The cables and sound booth were initially tested for their attenuating properties prior to 

testing any audio. Various frequencies at 1 Volt RMS were applied using the function generator 

of the UPV Audio Analyzer. 

                                                 
40 (PCB Group, Inc. 2009) 
41 (Apple Inc. 2010) 
42 (Ultimate Ears by Logitech 2009) 
43 (Microsoft Corporation 2010) 
44 (Rohde & Schwarz 2010) 
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Figure 4.1. Sound isolation booth in electrical engineering dept., UNT. 
  

 

Table 4.1. Cable line measurements. 

1 V RMS Input Full Loopback  Cables Only (no sound booth) 
Frequency (Hz) Voltage (mV RMS)  +/-.1 Gain (dB) Voltage (mV RMS) +/-.05 Gain (dB) 

DC 997.02 -0.01296 997.02 -0.01296 
10 999.25 -0.00326 999.29 -0.00308 
50 999.01 -0.0043 999.02 -0.00426 
100 999.02 -0.00426 999.02 -0.00426 
500 998.97 -0.00448 998.98 -0.00443 
1000 998.96 -0.00452 998.95 -0.00456 
5000 999.01 -0.0043 998.99 -0.00439 
10000 998.89 -0.00482 998.86 -0.00495 
20000 999.24 -0.0033 999.15 -0.00369 
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Figure 4.2. Cable line measurements. 

 

“Full Loopback” measurements were taken with the sound booth connectors in-line (see 

Figure 4.2) and “Cables Only” measurements were recorded from a single cable from the 

function generator to the measuring input of the UPV Audio Analyzer. The cables produced 

minimal and flat attenuation at typical human sound levels of 50-10000 Hz (see Table 4.1 and 

Figure 4.2). 

 

Figure 4.3. Sound booth cable connectors. 
 

Calculations by the Gumstix system were then compared with the Spark dosimeter (LD), 

iPhone with the Ultimate Ears App (UE), and Gumstix (GS) platforms. The Gumstix system was 

calibrated to the iPhone for testing, then compared and recalibrated post-processing. 
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Testing Protocol 

1. Place microphones of devices as close as possible in front of speaker. 

2. Begin playing first constant tone, loop if necessary. 

3. Begin recording process of each sound meter/dosimeter, timing is unimportant 

since each tone is constant. Halt at 30 seconds. 

4. Compare Leq/SPL results from each dosimeter, should be same/similar. 

5. Repeat 3-5 for each music excerpt or song. 

6. Repeat 3-6 three times to ensure valid results. 

7. Repeat 2-7 for each individual volume. 

8. If Gumstix values differ strongly ( > 2 dB), recalibrate Gumstix software and 

repeat 2-7. 

Calibration is accomplished by adding or subtracting between two distinct values (e.g., if 

the Gumstix measures a value of 111 while the Spark dosimeter measures 108, 3 dB would be 

subtracted from each Gumstix value). 

For this test, multiple constant frequency tones and white noise were used to compare 

each device. Volume levels were based on the capabilities of the Dell AX210 speakers. Two 

volumes were tested, one at the maximum volume of the speakers (Table 4.2) and one with an 

added 12 dB hardware gain from an in-line amplifier (Table 4.3). 
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Table 4.2. Initial testing, Volume 1. 
 

File Voltage (mv RMS) LD  (dBA) UE (dBA) GS (dBA) LD (dBA) iPhone GS (dBA) LD (dBA) iPhone (dBA) GS (dBA) 

50 Hz 289.3 70.2 42.4 42.4 70.2 42.4 42.4 70.2 42.4 42.4 
100 Hz 287.3 70.2 42.4 42.4 70.2 42.4 42.4 70.2 42.4 42.4 
200 Hz 286.7 70.2 51.5 51.5 70.2 51.5 51.5 70.2 51.5 51.5 
500 Hz 286.4 68.9 58.1 58 68.9 58.1 58 68.9 58.1 58 
1000 Hz 286.3 70 60 59.9 70 60 59.9 70 60 59.9 
2000 Hz 286.1 67.8 65 64.8 67.8 65 64.9 67.8 65 64.8 
20 - 10000 Hz avg 294.5 52 70.4 70.2 52 70.4 70.2 52 70.4 70.2 
white noise 264.5 69.5 55 54.9 69.5 55 54.9 69.5 55 54.9 
radio white noise 283 68.5 59 58.9 68.5 59 58.9 68.5 59 58.9 
no sound 3.5 70.2 36 33.2 70.2 36 33.2 70.2 36 33.2 

 
 

Table 4.3. Initial testing, Volume 2 (Volume 1 with 12 dB hardware gain). 
 

File Voltage (mv RMS) LD (dBA) iPhone (dBA) GS (dBA) LD (dBA) iPhone (dBA) GS (dBA) LD (dBA) iPhone (dBA) GS (dBA) 

50 Hz 1420 69.1 55.1 55.1 69.1 55.1 55.1 69.1 55.1 55.1 
100 Hz 1385 67.2 59.3 59.3 67.2 59.3 59.3 67.2 59.3 59.3 
200 Hz 1360 67.9 65.2 65.2 67.9 65.2 65.2 67.9 65.2 65.2 
500 Hz 1356 72 72.4 72.4 72 72.3 72.4 72 72.4 72.4 
1000 Hz 1356 69.2 74.8 74.8 69.2 74.8 74.8 69.2 74.8 74.8 
2000 Hz 1357 79.7 77.8 77.8 79.7 77.8 77.8 79.7 77.8 77.8 
20 - 10000 Hz avg 1360 73.2 66.5 66.5 73.2 66.5 66.5 73.2 66.5 66.5 
white noise approx 1200 73.8 68.1 68.1 73.8 68.1 68.1 73.8 68.1 68.1 
radio white noise approx 1300 74.6 73 73 74.6 73 73 74.6 73 73 
no sound 0.00148 70.2 36 36 70.2 36 36 70.2 36 36 

 
LD – Larson Davis Spark Dosimeter         UE – Ultimate Ears App on iPhone GS – Gumstix, tested device
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Test Findings 

The Larson Davis Spark dosimeter was discovered to have a minimum threshold of 70.2 

dBA, therefore measurements lower than this are considered invalid. The iPhone was used at 

lower levels, while the two were found to strongly correlate at levels around 80 dBA on the 

Spark dosimeter. 

When calibrated to the iPhone, the Gumstix produced correlation coefficients of 

.999996847 to the iPhone at all levels and .96857864 to the Spark Dosimeter at levels above 80 

dBA. When calibrated to the Spark dosimeter at 80 dBA, the Gumstix produced correlation 

coefficients of .99854 to the Spark dosimeter at levels above 80 dBA and .53662 to the iPhone at 

all levels. It should be stressed that the Spark dosimeter was not designed to produce readings 

below approximately 70 dBA, therefore if recorded sound levels are predominantly below this 

level the Spark dosimeter should not be used for calibration.  

1. Gumstix software probably calculates levels correctly. 

2. Spark dosimeter operates consistently with its designed intentions. 

3. Ultimate Ears App on Apple iPhone seems to measure sound pressure levels 

reliably. 

4. Calibration can successfully be accomplished. 

 

Testing Limitations 

1. Only constant (or semi-constant, in the case of white noise) sounds tested, no 

varying or musical sound. 

2. Spark dosimeter barely registered values, Leq of 70-80 correspond to 

recommended exposure times of greater than one day. 
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Possible Solutions 

1. Repeat testing with music, either live instruments or recordings. 

2. Play tones and white noise at louder volumes with the aid of a stand-alone amplifier. 

 

Laboratory Validation 

The initial testing was lacking in the areas of variable sound (i.e., music and in loud, 

potentially damaging amplitudes. The testing protocol was then revised to include musical sound 

files rather than constant tones at several louder volumes. The computer speakers previously 

used could not provide the necessary amplification to achieve levels above approximately 80 

dBA, therefore a Klipsch large bookshelf speaker with a Realistic amplifier (Figure 4.4) 

providing line output power of up to 100 Watts were used to reproduce both music and 

frequency tones alike. The output of the speaker produced levels of approximately 120 dBA at 

maximum amplification, so levels above this could not be accurately reproduced. 

    

Figure 4.4. Testing speaker and amplifier. 
 

In addition, the testing devices were measured and positioned to ensure constant setting 

parameters throughout the procedure (see Figure 4.5 and Figure 4.6). 
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Figure 4.5. Laboratory testing area (photo).  
 

 

Figure 4.6. Laboratory testing area (diagram). 
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Testing Protocol 

1. Place speakers and recording devices in sound booth according to Figure 4.6. 

2. Begin playing constant tone or tones for baseline analysis, save line voltage and 

instantaneous sound meter/dosimeter values for further reproduction. 

3. Begin playing first music excerpt or song, loop if necessary. 

4. Begin recording process of each sound meter/dosimeter simultaneously, halt after 

3 minutes. 

5. Compare Leq results from each dosimeter, maximum and minimum levels for 

each sound pressure level meter. 

6. Repeat 3-5 for each music excerpt or song. 

7. Repeat 3-6 three times to ensure valid results. 

8. Repeat 2-7 for each individual volume. 

For this test, a constant 200 Hz was used for line voltage recording; volume was then 

held constant at this level for the entire test though volume levels of individual music selections 

varied. Five individual music pieces were recorded to test instruments of different spectral 

components and three volumes were chosen according to the capabilities of the speaker 

amplifier. One volume produced sound levels at a minimum level of potential risk (Table 4.4), 

another at levels typical of music settings (Table 4.5), and the final at significantly louder, 

potentially damaging levels. 

Calibration was kept constant after calibrating to the Spark dosimeter in the previous test 

(see Chapter 4. Initial Testing). 
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Table 4.4. Laboratory Testing, Volume 1, 200 Hz Line Voltage, 413.5 mV RMS 
 

  UE SPL (dBA) LD Leq (dBA) 
 200 Hz 75 77.7 
 white noise 89 90.1 

 
 Trial UE Max SPL (dBA) LD Leq (dBA) GS Leq (dBA) 
Strings 1 78 76.9 76.9 
 2 78 77.0 77.0 
 3 78 77.4 77.4 
Jazz 1 84 85.2 85.2 
 2 84 85.8 85.8 
 3 84 84.4 84.4 
Brass 1 82 77.5 77.5 
 2 82 77.3 77.3 
 3 82 77.5 77.5 
Flute 1 80 80.1 80.1 
 2 80 79.6 79.6 
 3 78 78.7 78.7 
Fight  1 79 80.7 80.7 
 2 79 80.3 80.3 
 3 79 79.9 79.9 

LD / Gumstix Correlation Coefficient – r = 1.0.  
 

Table 4.5. Laboratory Testing, Volume 2, 200 Hz Line Voltage, 2.0445 V RMS 
 

  UE SPL (dBA) LD Leq (dBA) 
 200 Hz 85 89.2 
 white noise 92 96.8 

 
 Trial UE Max SPL (dBA) LD Leq (dBA) GS Leq (dBA) 
Strings 1 93 92.7 91.6 
 2 92 91.7 91.6 
 3 92 91.7 91.6 
Jazz 1 95 94.8 94.4 
 2 95 94.8 91.3 
 3 95 94.7 91.3 
Brass 1 94 93.0 92.3 
 2 93 92.2 93.2 
 3 95 92.3 93.2 
Flute 1 95 94.6 95.2 
 2 94 94.0 92.5 
 3 95 93.9 92.5 
Fight 1 93 94.7 92.3 
 2 93 94.5 92.8 
 3 93 94.4 93.2 

LD / Gumstix Correlation Coefficient – r = 0.98617 

LD – Larson Davis Spark Dosimeter; UE – Ultimate Ears App on iPhone; GS – Gumstix, tested 
device. 
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Table 4.6. Laboratory Testing, Volume 3, 200 Hz Line Voltage, 25.5 V RMS 
 

  UE SPL (dBA) LD Leq (dBA) 
 200 Hz 92 110.4 
 white noise 92 116.2 

 
 Trial UE Max SPL (dBA) LD Leq (dBA) GS Leq (dBA) 
Strings 1 92 115.5 114.3 
 2 92 114.1 113.7 
 3 92 114.2 113.4 
Jazz 1 92 115.9 115.2 
 2 92 116.1 116.3 
 3 92 116.7 116.4 
Brass 1 92 115.7 115.4 
 2 92 114.7 115.1 
 3 92 114.7 114.8 
Flute 1 92 116.2 115.8 
 2 92 116.4 116.2 
 3 92 116.5 116.1 
Fight 1 92 116.0 116.3 
 2 92 116.4 116.2 
 3 92 116.5 116.7 

 
LD / Gumstix Correlation Coefficient – r = 0.91433 

 

Test Findings 

At these higher volumes that are of more interest in assessing levels of sound exposure 

risk, the Spark dosimeter provides varied values that follow the changing amplitudes of sound.  

The Ultimate Ears App on the iPhone displays a constant 92 dBA at levels significantly 

higher than 92 dBA, though it can displays levels at least up to 95 dBA (see Table 4.5). 

Gumstix software can reliably calibrate and perform accurately in varied sound settings 

when compared to the Larson Davis Spark dosimeter. The errors introduced at higher volumes 

are typical of all electronic recording devices, not a deficiency in the Gumstix hardware or 

software. Correlation coefficients of 1.0, .98617, and .91433 for each volume respectively lead to 

a high degree certainty that the Gumstix software is operating correctly. 
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Testing Limitations 

1. A limited number of volumes were tested. 

2. Recorded values varied between trials of same music at same volume, likely due 

to inconsistencies in the analog components of amplifier or speaker. 

3. Test occurred in laboratory with reproduced sound rather than in a live musical 

setting. 

4. Only the Spark dosimeter used to verify data with widely-used, industrial 

equipment.  

 

Possible Improvements 

1. Repeat with multiple volumes at many levels. 

2. Utilize more precise (laboratory-grade) or digital equipment. 

3. Conduct test in a live musical setting. 

4. Compare Spark dosimeter results with another brand’s dosimeter and another 

Spark model. 

 

Field Validation 

To test the validity of Gumstix software in live settings closer to that in which the device 

could be utilized upon commercialization, a rehearsal of the Summer Lab Band at the University 

of North Texas College of Music Building in the Lab East rehearsal room was recorded (see 

Figure 4.7 and Figure 4.8). 
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Testing Protocol 

1. Calibrate Gumstix if necessary 

2. Place microphones of Gumstix and Spark dosimeter in front of the instruments. 

3. Precisely start the recording functions of both devices by synchronizing clocks to a 

known time server  

4. Continue recording for exactly one hour. 

5. Compare Leq for entire period, Leq per second, and other available values between 

Gumstix and Spark 

 

Figure 4.7. Field Testing. Lab East, UNT (photo). 
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Figure 4.8. Field Testing. Lab East, UNT (diagram). 
 

Test Findings 

Various levels were calculated by the Gumstix (GS) and compared to the Larson Davis 

Spark dosimeter (LD). 

Leq – Equivalent level over entire hour, A-weighted 

Leq per second – Equivalent level every second (3601 data points), A-weighted 

Lmax – Maximum Leq per second 

Lpeak – Maximum sound pressure level, unweighted 

Lmin – Minimum Leq per second 

 

Table 4.7. Field test device comparison. 
 

Test Values LD GS 
Leq 98.6 98.6 
Lmax 101.3 101.4 
Lpeak 111.6 111.5 
Lmin 68.9 32.4 
Dose 30.394% 30.394% 
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Correlation between the data sets of both device’s calculated Leq per second were also 

very high, though  slightly skewed due to the fact that the Spark dosimeter registers levels below 

70.2 dBA as a level between 68 and 70.2 dBA. When entries below this minimum threshold are 

removed, the data sets are nearly the same. This is allowable since the main purpose of both 

devices is to measure sound levels that are potentially damaging, not levels that have little 

significance to dosage or the overall average sound level. 

Table 4.8.  Leq per second correlation. 

Data Sets Correlation Coefficient, r R2 

Raw Leq per second .83452 .69709 

Entries below minimum threshold removed .92416 .85407 

Linear-domain data, 10.05L  
where L is each Leq per second .99964 .99529 

 
The Gumstix software and hardware can therefore be said to produce values roughly 

equivalent to a known standard implemented by the Larson Davis Spark 706RC dosimeter. Small 

differences arise in the inherent imprecision of electronic components, regardless of system or 

hardware, due to small but measureable levels of electronic noise. In addition, all processing that 

is possible during previous testing via the web browser interface, including the spectral plot, is 

available (see Appendix A). 

Testing Limitations 

1. Only one genre of music recorded, differing instruments may produce different 

readings. 

2. Only the Spark dosimeter used to verify Gumstix data. 
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3. Sound sources cannot by completely positioned and accounted for due to the variety 

and movement of band members, therefore inhibiting the reproducibility of these 

data. 

Possible Improvements 

1. Test multiple ensembles of different musical genres. 

2. Verify Spark dosimeter and Gumstix readings with another dosimeter. 

3. Continue testing in a laboratory setting, though the Gumstix’s data correlation to the 

Larson Davis dosimeter likely proves this unnecessary at the current time. 
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CHAPTER 5  

CONCLUSIONS 

Combining modern hardware, software, and the Internet proves is an effective way to 

record, analyze, and display sound data. Using the Gumstix Overo Fire45, sound is recorded from 

any microphone, calibrated to industry devices such as the Larson Davis Spark line of 

dosimeters, and sent to a web server. A program written in C processes and transmits the sound 

data to a web server . Any user with access to the Internet can then display the data in their 

browser of choice utilizing HTML, Javascript, and the Google Visualization API46. 

The developed device is able to: 

1. Present a simple user interface for data display through a web browser. 

2. Transmit data over a network, wired or wireless. 

3. Analyze and calculate statistics using currently accepted methods. 

4. Utilize a hardware-independent, software-only analysis solution that is easily 

updateable. 

5. Use a modern computer in a small form factor to accomplish all goals. 

6. Provide Leq and similar, widely used values as well as standards-based dosage levels 

to an end-user.  

 

Future Design 

Future additions to the system can be grouped into three categories: hardware, calculation 

software, and device display software.  

                                                 
45 (Gumstix, Inc. 2010) 
46 (Google Inc. 2010) 
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The Gumstix hardware can be modified to enable positioning of individual sound 

users/receivers. This could be implemented in a way that allows multiple microphones to record 

and simultaneously stream data to the web server. This could be useful in orchestras, for 

example, in which a few or all people wear a device that communicates with the Gumstix and 

transmits individual sound levels for viewing over the Internet; each person with the small device 

could then view the sound levels to which they individually were exposed. The NIOSH DREAM 

workshop47 also suggested implementing this method of individually reading exposure data; 

recommendations from a government agency, whether present or future, may provide companies 

an incentive to prepare their own recording methods. 

The analyses provided to the end user could also be extended to provide values beyond A 

and C Weightings, or kurtosis and Leq. Other weightings of decibels could be used for 

operability in foreign markets, or the Army-developed Auditory Hazard Assessment Algorithm 

for Humans could be implemented to provide further and perhaps more anatomically relevant 

representations of the data.48 These and other analyses or statistics could be implemented as 

necessary with minimal changes due to the software nature of processing and display. 

A significant benefit of  the current software-only implementation of the analysis is the 

ability to post-process at a significantly later date with original data. Many statistical predictors 

of dose other than Leq may be implemented using the raw sound data and the already-processed 

Leq per second values.49 This would allow for direct implementation with minimal 

computational or time involvement. 

A display could also be added to the device, allowing for real-time viewing of sound data 

rather than through a browser though the two could be used simultaneously. This could be used 

                                                 
47 (National Institute for Occupational Safety and Health 2008) 
48 (US Army Research Laboratory 2008) 
49 (K. Chesky 2010) 
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by a conductor with a musical group that can instantaneously display the ensemble’s current and 

past sound intensity, or even for display on a television to be used on a per-room basis. Any 

analyses or graphs that can be displayed in a browser can also be displayed on a local display in 

this manner. 

More data management features should also be developed for system deployment in a 

multiple system environment. Though the current implementation would work, it would be 

prudent to store and categorize the data in a more efficient manner than data files on a server. 

This could be implemented through a large database to store all data or simply expanding the 

current file system for larger amounts of data.  

Similar to these data management possibilities, the entire program and storage 

infrastructure could be moved to the Internet “cloud,” meaning the analysis and storage are all on 

non-specific servers owned by a specific company. Service such as the Google App Engine50  or 

Microsoft Azure51 could store the data and run the analysis in a manner that leverages Google’s 

or Microsoft’s significant infrastructure for speed, security, and reliability. Though the software 

would need to be rewritten for the chosen platform, the obvious benefits in reliability alone may 

prove worthwhile.  

Pre-commercialization research should be conducted on not only user and data 

management, but also security and privacy issues that arise with recording the sound of users. An 

obvious solution would be to not store the raw sound files, though this would preclude future 

analysis not based on the calculated fraction-of-a-second values. These concerns should be 

evaluated before an actual system is developed commercially. 

                                                 
50 (Google 2010) 
51 (Microsoft Corporation 2010) 
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APPENDIX A. 

SYSTEM SOFTWARE 
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Gumstix/Server Calculation and Analysis 

Language/Program: C 
Summary: The data (sound) file is first read, FFT coefficients are calculated, and the values are then 

weighted according to A or C Weightings before being saved to Comma-Separated-Value (CSV) files. 
 

// Wave File Processing 
// Copyright 2010, Cameron McCord 
 
#include <stdio.h> 
#include <stdlib.h> 
#include <string.h> 
#include <math.h> 
#include <fftw3.h> 
 
 
//Define Global Variables 
int n, n2 = 8192; 
static int secFraction = 10; //fraction of second to FFT 
int i,m,k; 
double absval; 
double *t = NULL; 
long int t_num_elements = 0; 
long int t_num_allocated = 0; 
 
int *windowStart = NULL; 
long int windowStart_num_elements = 0; 
long int windowStart_num_allocated = 0; 
 
 
float *freqs = NULL; 
float freq; 
double *A = NULL; 
double *Cw = NULL; 
double *fftArr = NULL; 
double dB, dBA, dBC; 
long double variance, skewness, kurtosis, stdDev; 
 
double *in = NULL; 
double *out = NULL; 
fftw_plan plan_forward; 
 
double c1, c2, c3, c4, c5, c6, num, den, num1; 
long double energyTotal, energyMean, energyTotalA, energyMeanA, energyTotalC, 

energyMeanC, energyTotalCC; 
long int calibConstant = 0; 
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FILE *file = NULL; 
FILE *file2 = NULL; 
 char erg[35]; 
 char erg2[35]; 
 
 
 
 
//Begin main Function 
int main(int argc, char *argv[]) { 
 //Define Local Variables 
 
 
 double cc; 
 int v, val, val2; 
 char inc[n]; 
 FILE *infile = NULL; 
  
 unsigned char id[4] = "", reader[4] = ""; 
 int samplerate = 44100; 
 int bandwidth; 
 short type, channels, alignment, bits; 
 long int sec; 
 long int sample_rate, bytespersec, size; 
 long int lenX; 
 long pos; 
 double correction; 
 double sample_period; 
  
 //Exit if improper number of arguments supplied 
 if (argc != 5) 
  { 
        fprintf(stderr, "usage: %s filename datafile  fftfile calibConstant\n", argv[0]); 
        exit(0); 
  } 
  
  
   
infile = fopen(argv[1], "r");  //File to read 
file2 = fopen(strcat(argv[3],".fft.csv"), "w"); //Data File for fft 
file = fopen(strcat(argv[2],".csv"), "w"); //Data file 
 
calibConstant = atoi(argv[4]); // Current calibration constant 
 
//Read wave file headers 
if (infile) 
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    { 
 fread(&id, sizeof(unsigned char), 4, infile); 
 strncpy(reader, id, 4); 
 printf("ID: %s\n",id); 
 printf("Reader: %s\n",reader); 
    if (!strcmp(id, "RIFF"))  //Exit if not RIFF (Wav) 
  fseek(infile,4,SEEK_SET); 
  pos = ftell(infile); 
  fread(&id, 1, 4, infile); 
  strncpy(reader, id, 4); 
  while ( strcmp(id,"fmt ") ) 
   { 
   pos++; 
   fseek(infile, pos, SEEK_SET); 
   fread(&id, 1, 4, infile); 
   strncpy(reader, id, 4); 
   } 
  fread(&id, 1, 4, infile); 
   
  fread(&type,2,1, infile); 
  fread(&channels,2,1, infile); 
  fread(&sample_rate,4,1, infile); 
  fread(&bytespersec,4,1, infile); 
  fread(&alignment,2,1, infile); 
  fread(&bits,2,1, infile); 
  pos = ftell(infile); 
  fread(&id, 1, 4, infile); 
  strncpy(reader, id, 4); 
  while ( strstr( id, "data ") != NULL) 
   { 
   pos++; 
   fseek(infile, pos, SEEK_SET); 
   fread(&id, 1, 4, infile); 
   strncpy(reader, id, 4); 
   } 
  fread(&size,4,1, infile); 
   
  sec = (long int)(size / bytespersec); 
  printf("Channels: %u\n",channels); 
  printf("Sample Rate: %u\n",sample_rate); 
  printf("Bytes Per Sec: %u\n",bytespersec); 
  printf("Alignment: %u\n",alignment); 
  printf("Bits: %u\n",bits); 
  printf("Size: %u\n",size); 
  printf("Duration: %lu seconds\n",sec);  
  bandwidth = sample_rate / 2; 
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  n = sample_rate / secFraction; 
  correction = (double)((int)sample_rate) / (double)n; 
  sample_period = 1 / ((double)((int)sample_rate)); 
  printf("sample_period: %f\n",sample_period); 
        } 
    else 
  { 
            printf("Error: not a RIFF file\n"); 
   exit(0); 
  } 
 } 
else 
 { 
 exit(0);  //Exit if file unreadable 
 } 
  
 lenX = (int)(sec*sample_rate); 
 printf("lenX: %u\n",lenX); 
 windowStart_num_allocated = (lenX / n) + 1;  //always fraction, round up 
 printf("Segment file into %u parts\n",windowStart_num_allocated); 
 
  
 //FFTW Initialization 
 in = fftw_malloc ( sizeof ( double ) * n2 ); 
 out = fftw_malloc ( sizeof ( double ) * n2 ); 
 plan_forward = fftw_plan_r2r_1d(n2, in, out, FFTW_R2HC, 

FFTW_ESTIMATE); 
  
 //Generate frequencies for FFT / dB Weighting 
 freq = correction; 
 v = n / 2; 
 freqs = realloc(freqs, ( v * sizeof(float))); 
 for(i=0;i < v;i++) 
  { 
  freqs[i] = i * freq; 
  } 
  
 //A and C Weighting Filter Coefficients 
 c1 = 12200.0 * 12200; 
 c2 = 20.6 * 20.6; 
 c3 = 107.7 * 107.7; 
 c4 = 737.9 * 737.9; 
 c5 = 2; //dB, 1.25892541179 
 c6 = 0.17; //dB, 1.01976476004; 
 
 A = realloc(A, ( n/2 * sizeof(double))); 
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 Cw = realloc(Cw, ( n/2 * sizeof(long double))); 
  
 //Calculate filter weightings 
 den = 1; //to avoid log(0 Hz) 
 
  num = den * c1; 
  num /= den + c2; 
  num /= den + c1; 
  num1 = 20*log10(num); 
  Cw[0] = num1 + c6; 
   
  num *= den; 
  num /= sqrt(den + c3); 
  num /= sqrt(den + c3); 
  num = 20*log10(num); 
  A[0] = num + c5; 
   
 for(v=1;v<i-1;v++) 
  { 
  den = pow(freqs[v],2); 
 
  num = den * c1; 
  num /= den + c2; 
  num /= den + c1; 
  num1 = 20*log10(num); 
  Cw[v] = num1 + c6; 
   
  num *= den; 
  num /= sqrt(den + c3); 
  num /= sqrt(den + c3); 
  num = 20*log10(num); 
  A[v] = num + c5; 
  } 
 
 //Allocate for FFT Array 
 fftArr = realloc(fftArr, ( n2/2 * sizeof(double))); 
 
 //Write column headings to Data File 
 fputs("time, dB, dBA, dBC, variance, stdDev, skewness, kurtosis\n", file); 
  
 //Perform Calculations 
 for ( k=0; k<windowStart_num_allocated; k++) 
  { 
  //Read Values from File 
  for (v=0;v<n;v++)  
   { 
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   val = fgetc(infile); 
   if (feof(infile)) //if end of file, pad with zeros 
    { 
    printf("End  "); 
    for (v = v;v<n;v++) 
     { 
     in[v] = 0; 
     } 
    break; 
    } 
   if (bits == 16)  
    { 
    val2 = fgetc(infile); 
    if (val2 > 127) { val2 = val2 - 255; } 
    in[v] = 256*val2 + val; 
    if ( channels == 2) 
     { 
     val = fgetc(infile); 
     val2 = fgetc(infile); 
     if (val2 > 127) { val2 = val2 - 255; } 
     in[v] = ((256*val2 + val) + in[v]) / 2; 
     } 
    }  
   else  
    { 
    in[v] = val; 
    if ( channels == 2) 
     { 
     val = fgetc(infile); 
     in[v] = (val + in[v]) / 2; 
     } 
    } 
   } 
  for(v=v;v<n2;v++) // pad with zeros to fft power of 2 
   { 
   in[v] = 0; 
   } 
   
  //Perform FFT 
  fftw_execute(plan_forward); 
   
  //Calculate dBA/dBC/Unweighted values 
  energyTotal = 0; 
  energyTotalA = 0; 
  energyTotalC = 0; 
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  for (v=0;v<n2/2;v++)  
   { 
   num = pow(out[v],2); 
   fftArr[v] += num; 
   energyTotal += num; 
    
   den = 20*log10(abs(out[v])); 
   num = 2*(den + A[v]); 
   num = .05*num; 
   num = pow(10,num); 
   energyTotalA += (long double)num; 
    
   num1 = 2*(den + Cw[v]); 
   num1 = .05*num1; 
   num1 = pow(10,num1); 
   else energyTotalC += (long double)num1; 
    
   } 
  energyTotal = energyTotal/((float)(v-1)); 
  energyTotalA = energyTotalA/((float)(v-1)); 
  energyTotalC = energyTotalC/((float)(v-1)); 
  num = 1/(sample_period * (float)n); 
   
   
   
  energyMean  = energyTotal  * ( (float)num ); 
  energyMeanA = energyTotalA * ( (float)num ); 
  energyMeanC = energyTotalC * ( (float)num ); 
   
  num = 10*log10(energyMean) + calibConstant; 
  dB = num; 
   
  num = 10*log10(energyMeanA) + calibConstant; 
  dBA = num; 
   
  num = 10*log10(energyMeanC) + calibConstant; 
   
  dBC = num; 
   
  //Calculate statistical functions 
  num = 0; 
  variance = 0; 
  skewness = 0; 
  kurtosis = 0; 
   
  for (v=0;v<n2/2;v++)  
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   { 
   num = pow(out[v],2) - energyMean; 
   den = num * num; 
    
   variance += den; 
   skewness += (long double)(num*num*num); 
   kurtosis += (long double)(den*den); 
   } 
   
  num = 2 / ((float)n2); 
  variance = variance * num; 
  skewness = skewness * num; 
  kurtosis = kurtosis * num; 
   
   num = sqrt(((long double)variance)); 
  stdDev = num; 
   num = skewness / pow(num,3); 
  skewness = num; 
   num = kurtosis / pow(variance,2) - 3; 
  kurtosis = num; 
   
  //Write to file 
  sprintf(erg2, "%f, %f, %f, %f, %f, %f, %f, %f\n", 

k/((float)secFraction),dB,dBA,dBC,(double)variance,(double)stdDev,(double)skewness,(double)
kurtosis); 

  fputs(erg2, file); 
   
  } 
 fclose(file); 
  
 //Write FFT Data file 
 fputs("Frequency, Energy (dB)\n",file2); 
 i = n / 2; 
 for (v=0;v<i;v++)  
  { 
  num = 10*log10(fftArr[v]); 
  sprintf(erg2, "%f, %f\n", freqs[v],num); 
  fputs(erg2, file2); 
  } 
 fclose(file2); 
 
 // Memory Housekeeping 
 fftw_destroy_plan(plan_forward); 
 fftw_free(in); 
 fftw_free(out); 
 void fftw_cleanup(void); 
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 return 1; 
} 
 

 

Web Broswer User Interface 

Language/Program: HTML, Javascript, PHP 
Summary:The server processes the PHP blocks and sends the analyzed data to the user’s browser for 

display. 
 

<?php if(!isset($_REQUEST['file'])) $file = "test"; else $file = $_REQUEST['file']; 
if(isset($_REQUEST['cmp'])) $compare = $_REQUEST['cmp'];?> 

<!DOCTYPE html PUBLIC "-//W3C//DTD XHTML 1.0 Transitional//EN" 
"http://www.w3.org/TR/xhtml1/DTD/xhtml1-transitional.dtd"> 

<html xmlns="http://www.w3.org/1999/xhtml"> 
<head> 
<meta http-equiv="Content-Type" content="text/html; charset=utf-8" /> 
<title>Orpheon Sound Test</title> 
<style type="text/css"> 
<!-- 
#columns .column { 
 margin: 0 5px 0 5px; 
 min-height: 50px; /* set a min-height to ensure a target dropzone */ 
} 
#columns .fulltop { 
 width: 98.5%; 
 margin-left: auto; 
 margin-right: auto; 
 min-height: 15px; 
} 
#columns .fullbottom { 
 width: 98.5%; 
 margin-left: auto; 
 margin-right: auto; 
 min-height: 15px; 
} 
#columns .menu { 
 width: 23%; 
 float: left; 
} 
#columns .blocks { 
 width: 48%; 
 float: left; 
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} 
#columns .sidebar { 
 width: 23%; 
 float: right; 
} 
.block .draghandle { 
 cursor: move; 
} 
/* all columns */ 
#columns .fullbottom div, #columns .fulltop div, #columns .menu div, #columns .blocks 

div, #columns .sidebar div { 
 background-color: white; 
 border: 1px solid #ccc; 
 -moz-border-radius: 5px; 
 -webkit-border-radius: 5px; 
 margin-bottom: 20px; 
} 
#columns .fullbottom div h1, #columns .fulltop div h1, #columns .menu div h1, #columns 

.blocks div h1, #columns .sidebar div h1 { 
 font-size: 12px; 
 padding: 7px; 
 background-color: #e0e0e0; 
} 
#columns .fullbottom div p, #columns .fulltop div p, #columns .menu div p, #columns 

.blocks div p, #columns .sidebar div p { 
 font-size: 11px; 
 padding: 7px; 
} 
#columns .fullbottom, #columns .fulltop, #columns .menu, #columns .blocks, #columns 

.sidebar { 
 border: 2px solid #F3F3F3; 
 padding: 3px; 
} 
#columns .target { 
 padding: 3px; 
 border: 2px dashed #ccc; 
 -moz-border-radius: 5px; 
 -webkit-border-radius: 5px; 
} 
/* column specific styles */ 
#columns .fullbottom div h1 { 
 background-color: #ccc; 
} 
#columns .fulltop div h1 { 
 background-color: #ccc; 
} 
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#columns .menu div h1 { 
 background-color: #ccc; 
} 
#columns .sidebar div h1 { 
 background-color: #e6e6e6; 
} 
/* reset some stuff */ 
h1, h2, hr, ul, ins { 
 margin:0px; 
 padding:0px; 
 border: 0px; 
 text-decoration:none; 
} 
h2 { 
 font-size: 16px; 
} 
html { 
 overflow-y: scroll; 
} 
/* body stuff */ 
body { 
 background-image: url(../img/shadow.png); 
 background-color: #F3F3F3; 
 background-repeat: repeat-x; 
 font-family: 'Helvetica Neue', Helvetica, 'Lucida Grande', Arial, Verdana, Sans-

Serif; 
 color: #333; 
 cursor: default; 
} 
/* set some wrapper values */ 
#wrapper { 
 width: 100%; 
 margin: 0 auto 0 auto; 
} 
/* stuff */ 
#headnote { 
 width: 100%; 
 padding: 100px 0px 0px 0px; 
 float: left; 
} 
/* set a nice big heading */ 
#headnote h1 { 
 color: #444; 
 font-size: 36px; 
 font-weight: 100; 
} 
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/* a nice little line */ 
hr { 
 background: transparent url(../img/divider.png) no-repeat; 
 margin: 0px -15px 50px -15px; 
 height: 2px; 
} 
#debug { 
 background-color: white; 
 border: 1px solid #ccc; 
 -moz-border-radius: 5px; 
 -webkit-border-radius: 5px; 
} 
#debug h1 { 
 font-size: 12px; 
 padding: 7px; 
 background-color: #e0e0e0; 
} 
#debug p { 
 font-size: 11px; 
 padding: 7px; 
} 
#licence { 
 margin-top: 40px; 
 margin-bottom: 20px; 
 float: left; 
} 
#copyright { 
 margin-top: 40px; 
 margin-bottom: 20px; 
 float: right; 
 font-size: 11px; 
 color: #999; 
} 
#copyright a { 
 color: #999; 
} 
#foot { 
 margin-top:40px; 
 font-size: 11px; 
 color: #999; 
} 
#heading { 
 text-align: center; 
 background-image: url(http://orpheontech.com/images/banner.gif); 
 width: 530; 
 height: 75; 
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 background-repeat: no-repeat;/*background-image: url(../img/heading.png); 
 width: 640px; 
 height: 82px; 
 */ 
} 
--> 
</style> 
<title>Sound Meter Display</title> 
<meta http-equiv="Content-Type" content="text/html; charset=utf-8" /> 
<script type="text/javascript" 

src="http://ajax.googleapis.com/ajax/libs/prototype/1.6.1/prototype.js"></script> 
<script type="text/javascript" 

src="http://orpheontech.com/soundmeter/assets/js/scriptaculous.js"></script> 
<script type="text/javascript" 

src="http://orpheontech.com/soundmeter/assets/js/portal.js"></script> 
<script type='text/javascript' 

src='http://orpheontech.com/soundmeter/swfobject.js'></script> 
<?php require_once '/home/orpheon/orpheontech.com/soundmeter/get_blocks.php'; ?> 
<script type="text/javascript"> 
 
 
   var settings  = {<?php echo getBlocks();?>}; 
    
   var options  = { portal    : 'columns',  
        editorEnabled  : true,  
        saveurl   : 

'http://orpheontech.com/soundmeter/save.php' }; 
   var data   = {}; 
       
   var portal; 
      
   Event.observe(window, 'load', function() { 
    portal = new Portal(settings, options, data); 
   }); 
  </script> 
<script type='text/javascript' src='http://www.google.com/jsapi'></script> 
<script type="text/javascript"> 
      google.load("visualization", "1", {packages:["gauge"]}); 
      google.setOnLoadCallback(drawChart); 
      function drawChart() { 
        var data = new google.visualization.DataTable(); 
        data.addColumn('string', 'Label'); 
        data.addColumn('number', 'Value'); 
        data.addRows(1); 
        data.setValue(0, 0, 'Dose'); 
        data.setValue(0, 1, 68); 
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        var chart = new google.visualization.Gauge(document.getElementById('gauge')); 
        var options = {width: 400, height: 120, redFrom: 90, redTo: 100, 
            yellowFrom:75, yellowTo: 90, minorTicks: 5}; 
        chart.draw(data, options); 
      } 
    </script> 
<?php 
if (!is_file(getcwd().'/'.$file.".csv")) 
  { 
  $path = getcwd(); 
  $filename = $file; //. ".wav"; 
  include_once "/home/orpheon/orpheontech.com/soundmeter/process.php"; 
  $out = commander($filename,$path); 
  } 
 if (!is_file(getcwd().'/'.$file.".mp3")) 
  { 
  $command=" /home/orpheon/lame/bin/lame " . getcwd() . "/" . $file . 

".wav " .  getcwd() . "/" . $file .".mp3 "; 
  $output=shell_exec($command." 2>&1"); 
  }  
if ( isset($compare) ) 
 { 
 if (!is_file(getcwd().'/'.$compare.".csv")) 
  { 
  $path = getcwd(); 
  $filename = $compare; 
  include_once "/home/orpheon/orpheontech.com/soundmeter/process.php"; 
  $out = commander($filename,$path); 
  } 
 if (!is_file(getcwd().'/'.$compare.".mp3")) 
  { 
  $command=" /home/orpheon/lame/bin/lame " . getcwd() . "/" . $compare . 

".wav " .  getcwd() . "/" . $compare .".mp3 "; 
  $output=shell_exec($command." 2>&1"); 
  } 
 }  
  
  
 
?> 
<?php  
include_once 

"/home/orpheon/orpheontech.com/soundmeter/soundmeters/parsecsv.lib.php"; 
$csv = new parseCSV(); 
$csv->auto(getcwd().'/'.$file.'.csv'); 
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//print_r($csv->titles); 
if ( isset($compare) ) 
 { 
 $csv2 = new parseCSV(); 
 $csv2->auto(getcwd().'/'.$compare.'.csv'); 
 } 
?> 
<?php 
function Leq($dBA) 
 { 
 $Pref = 20*pow(10,-6); 
 $sum = 0; 
 $ksum = 0; 
 $i = 0; 
 //for ($i=0;$i<count($dBA);++$i) 
 foreach($dBA AS $dBAu) 
  { 
  //$Pa = $Pref*pow(10,($dBA[$i]/20)); 
  $Pa[$i] = $Pref*pow(10,($dBAu/20)); 
  $sum += $Pa[$i] * $Pa[$i]; 
  $i++; 
   
  } 
 $PaMean = array_sum($Pa)/count($dBA); 
 $stdDev = 0; 
 $variance = 0; 
 $kurtosis = 0; 
 $skewness = 0; 
 foreach($Pa AS $pp) 
  { 
  $med = $pp-$PaMean; 
  $variance += $med * $med; 
  $skewness += pow($med,3); 
  $kurtosis += pow($med,4); 
  } 
 $input = sqrt($sum)/ (sqrt(count($dBA))*$Pref); 
 $LeqA = 10 * log10( $input * $input); 
 $variance = $variance / count($dBA); 
 $skewness = $skewness / count($dBA); 
 $kurtosis = $kurtosis / count($dBA); 
 $stdDev = sqrt($variance); 
 $skewness = $skewness / (pow($stdDev,3)); 
 $kurtosis = $kurtosis / (pow($variance,2)); 
 $return['Leq'] = $LeqA; 
 $return['variance'] = $variance; 
 $return['stdDev'] = $stdDev; 
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 $return['skewness'] = $skewness; 
 $return['kurtosis'] = $kurtosis; 
 return $return; 
 } 
 
 
 
$i = 0; 
foreach( $csv->data as $key => $row ) 
 { 
 if  ($row['dBA'] == "inf" || $row['dBA'] == "-inf" || $row['dBA'] == "nan" || 

$row['dBA'] == 0) continue; 
 if  ($row['dBC'] == "inf" || $row['dBC'] == "-inf" || $row['dBC'] == "nan" || 

$row['dBC'] == 0) continue; 
 $dBA[$i] = $row['dBA']; 
 $dBC[$i] = $row['dBC']; 
 $dB[$i]  = $row['dB']; 
 $i++; 
 } 
$dB  = Leq($dB); 
$dBA = Leq($dBA); 
$dBC = Leq($dBC); 
 
if ( isset($compare) ) 
 { 
 $i = 0; 
 foreach( $csv2->data as $key => $row ) 
  { 
  if  ($row['dBA'] == "inf" || $row['dBA'] == "-inf" || $row['dBA'] == "nan" 

|| $row['dBA'] == 0) continue; 
  if  ($row['dBC'] == "inf" || $row['dBC'] == "-inf" || $row['dBC'] == "nan" || 

$row['dBC'] == 0) continue; 
  $dBA2[$i] = $row['dBA']; 
  $dBC2[$i] = $row['dBC']; 
  $dB2[$i]  = $row['dB']; 
  $i++; 
  } 
 $dB2  = Leq($dB2); 
 $dBA2 = Leq($dBA2); 
 $dBC2 = Leq($dBC2); 
 } 
 
 
 
echo "<script type='text/javascript' src='http://www.google.com/jsapi'></script> 
    <script type='text/javascript'> 
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      google.load('visualization', '1', {'packages':['annotatedtimeline']}); 
      google.setOnLoadCallback(drawChart1); 
   var chart; 
   var data; 
      function drawChart1() { 
        data = new google.visualization.DataTable(); 
        data.addColumn('datetime', 'Date'); 
        data.addColumn('number', 'LeqA'); 
  data.addColumn('number', 'dBA');\n"; 
if ( isset($compare) ) 
 { 
 echo  
        "data.addColumn('number', 'LeqA2'); 
  data.addColumn('number', 'dBA2');\n"; 
  $dBsum2 = 0; $dBAsum2 = 0; $dBCsum2 = 0; 
 } 
else echo    
  "data.addColumn('number', 'LeqC'); 
  data.addColumn('number', 'dBC');\n"; 
   
$flag = 0; 
$i = 0; $j = 0; 
$dBsum = 0; $dBAsum = 0; $dBCsum = 0; 
$text = ""; 
foreach ($csv->data as $key => $row) 
{ 
$time = round($row['time'],1); 
if (  (10*$time) % 10 == 0)  
 { 
 if  ($row['dB'] == "inf" || $row['dB'] == "-inf" || $row['dB'] == "nan" || $row['dB'] 

== 0) ; 
 else if  ($row['dBA'] == "inf" || $row['dBA'] == "-inf" || $row['dBA'] == "nan" || 

$row['dBA'] == 0) ; 
 else if  ($row['dBC'] == "inf" || $row['dBC'] == "-inf" || $row['dBC'] == "nan" || 

$row['dBC'] == 0) ; 
 else { $dBsum += $row['dB']; $dBAsum += $row['dBA']; $dBCsum += 

$row['dBC']; $j++; } 
 if ( $dBsum == 0 ) {$j = 0; break; } 
 $text .= "data.setValue(". $i . ", 2, ". round($dBAsum / $j,3) .");\n"; 
 $text .= "data.setValue(". $i . ", 1, ". round($dBA['Leq'],3) .");\n"; 
 if (!isset($compare)) 
  { 
  $text .= "data.setValue(". $i . ", 3, ". round($dBC['Leq'],3) .");\n"; 
  $text .= "data.setValue(". $i . ", 4, ". round($dBCsum / $j,3) .");\n"; 
  } 
 $j = 0; $dBAsum = 0; $dBCsum = 0; $dBsum = 0; 
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 if ($file == "test") 
  $text .= "data.setValue(". $i . ", 0, new Date(" . date("Y, m, j, G, i, ") . $i . 

" ));\n"; 
 else 
  {  
  if ( substr($file,4,1) == "0" ) 
   $month = intval(substr($file,5,1)); 
  else 
   $month = intval(substr($file,5,1)); 
  $month--; 
   
  $year =  substr($file,0,4); 
  $text .= "data.setValue(". $i . ", 0, new Date(" . $year . ",  " . $month . ",  " 

. substr($file,6,2). ",  " . substr($file,8,2). ",  " . substr($file,10,2). ",  " . $time ." ));\n"; 
  } 
 $i++; 
 } 
else  
 { 
 if  ($row['dB'] == "inf" || $row['dB'] == "-inf" || $row['dB'] == "nan" || $row['dB'] 

== 0) continue; 
 if  ($row['dBA'] == "inf" || $row['dBA'] == "-inf" || $row['dBA'] == "nan" || 

$row['dBA'] == 0) continue; 
 if  ($row['dBC'] == "inf" || $row['dBC'] == "-inf" || $row['dBC'] == "nan" || 

$row['dBC'] == 0) continue; 
 $dBsum  += $row['dB']; 
 $dBAsum += $row['dBA']; 
 $dBCsum += $row['dBC']; 
 $j++; 
 } 
}  
if ( isset($compare) ) 
 { 
 $i2 = $i; 
 $flag = 0; 
 $i = 0; $j = 0; 
 $dBAsum = 0; 
 foreach ($csv2->data as $key => $row) 
        { 
  if ( $i >= $i2 ) break; 
        $time = round($row['time'],1); 
        if (  (10*$time) % 10 == 0)  
            { 
            if  ($row['dB'] == "inf" || $row['dB'] == "-inf" || $row['dB'] == "nan" || $row['dB'] 

== 0) ; 
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            else if  ($row['dBA'] == "inf" || $row['dBA'] == "-inf" || $row['dBA'] == "nan" || 
$row['dBA'] == 0) ; 

            else if  ($row['dBC'] == "inf" || $row['dBC'] == "-inf" || $row['dBC'] == "nan" || 
$row['dBC'] == 0) ; 

            else { $dBsum += $row['dB']; $dBAsum += $row['dBA']; $dBCsum += 
$row['dBC']; $j++; } 

            if ( $dBsum == 0 ) {$j = 0; break; } 
            $text .= "data.setValue(". $i . ", 4, ". round($dBAsum / $j,3) .");\n"; 
            $text .= "data.setValue(". $i . ", 3, ". round($dBA2['Leq'],3) .");\n"; 
            $j = 0; $dBAsum = 0; $dBCsum = 0; $dBsum = 0; 
            $i++; 
            } 
        else  
            { 
            if  ($row['dBA'] == "inf" || $row['dBA'] == "-inf" || $row['dBA'] == "nan" || 

$row['dBA'] == 0) continue; 
            $dBAsum += $row['dBA']; 
            $j++; 
            } 
        } 
    $i = $i2; 
    }  
  
 
 echo "data.addRows($i);\n"; 
 echo $text; 
  
 echo "chart = new 

google.visualization.AnnotatedTimeLine(document.getElementById('chart_div')); 
        chart.draw(data, { displayAnnotations: false, scaleType: 'maximized', allowRedraw: 

true, fill: 5}); 
  document.getElementById('chartDiv1').width = '100%'; 
      } 
    </script>"; 
 
$csv = new parseCSV(); 
$csv->auto(getcwd().'/'.$file.'.fft.csv'); 
echo "<script type=\"text/javascript\"> 
      google.load(\"visualization\", \"1\", {packages:[\"linechart\"]}); 
      google.setOnLoadCallback(drawChart2); 
   var chart3; var data3; 
      function drawChart2() { 
        data3 = new google.visualization.DataTable(); 
        data3.addColumn('string', 'Frequency'); 
        data3.addColumn('number', 'Amplitude (dB)');\n"; 
 $ii = 0; 
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 $text = ""; 
 foreach ($csv->data as $key => $row) 
  { 
  $data1['energy'][$ii] = $row['Energy (dB)']; 
  $data1['freq'][$ii] = $row['Frequency']; 
  $ii++; 
  } 
    if ( isset($compare) ) 
  {  
  echo "data3.addColumn('number', 'Amplitude2 (dB)');\n"; 
  $csv2 = new parseCSV(); 
  $csv2->auto(getcwd().'/'.$compare.'.fft.csv'); 
  $ii = 0; 
  foreach ($csv2->data as $key => $row) 
   { 
   $data2['energy'][$ii] = $row['Energy (dB)']; 
   $data2['freq'][$ii] = $row['Frequency']; 
   $ii++; 
   } 
  } 
 $j = 0; 
 $sum = 0; $sum1 = 0; 
 for ( $i = 0; $i < count($data1['freq']); $i++ ) 
  { 
  if ( $j == 50 ) 
   { 
   $j = -1; 
    { 
    if ( isset($compare) ) echo 'data3.addRow([\'' . 

round($data1['freq'][$i],-2) . '\', ' . $sum / 50 . ', ' . $sum1 / 50 . ']);' . "\n"; 
    else echo 'data3.addRow([\'' . round($data1['freq'][$i],-2) . 

'\', ' . $sum / 50 . ']);' . "\n"; 
    } 
   $sum = 0; 
   $sum1 = 0; 
   } 
  $sum += $data1['energy'][$i]; 
  if ( isset($compare) ) 
   $sum1 += $data2['energy'][$i]; 
  $j++; 
  } 
echo $text; 
echo "        chart3 = new 

google.visualization.LineChart(document.getElementById('fft_div')); 
        chart3.draw(data3, {height: 200, legend: 'none', titleX: 'Frequency (Hz)', titleY: 

'Amplitude (dB)'}); 
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      } 
    </script>\n"; 
  
?> 
</head> 
<body> 
<div id="wrapper"> 
  <div id="heading" /> 
  <div id="headnote"> 
    <h1>Sound Meter</h1> 
  </div> 
  <div style="clear:both;"></div> 
  <div id="columns"> 
    <div id="column-4" class="column fulltop"></div> 
    <div id="column-1" class="column menu"></div> 
    <div id="column-2" class="column blocks"></div> 
    <div id="column-3" class="column sidebar"></div> 
    <div style="clear:both;"></div> 
    <div id="column-5" class="column fullbottom"></div> 
    <div class="portal-column" id="portal-column-block-list" style="display: none;"> 
      <div class="block" id="block-1" > 
        <h1 class="draghandle">Sound Data</h1> 
        <!--<div id="gauge" style="margin-left:auto;margin-right:auto;text-

align:center;"></div>--> 
        <p> <span style="font-weight:bold">Unweighted</span><br /> 
          <?php 
  echo 'Leq: '.$dB['Leq']."<br />\n\t", 
   'Variance: '.$dB['variance']."<br />\n\t", 
   'Standard Deviation: '.$dB['stdDev']."<br />\n\t", 
   'Skewness: '.$dB['skewness']."<br />\n\t", 
   'Kurtosis: '.$dB['kurtosis']."<br />\n\t"; 
  ?> 
          <br /> 
          <span style="font-weight:bold">A-Weighted</span><br /> 
          <?php 
  echo 'Leq: '.$dBA['Leq']."<br />\n\t", 
   'Variance: '.$dB['variance']."<br />\n\t", 
   'Standard Deviation: '.$dBA['stdDev']."<br />\n\t", 
   'Skewness: '.$dBA['skewness']."<br />\n\t", 
   'Kurtosis: '.$dBA['kurtosis']."<br />\n\t"; 
  ?> 
          <br /> 
          <span style="font-weight:bold">C-Weighted</span><br /> 
          <?php 
  echo 'Leq: '.$dBC['Leq']."<br />\n\t", 
   'Variance: '.$dB['variance']."<br />\n\t", 
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   'Standard Deviation: '.$dBC['stdDev']."<br />\n\t", 
   'Skewness: '.$dBC['skewness']."<br />\n\t", 
   'Kurtosis: '.$dBC['kurtosis']."<br />\n\t"; 
  ?> 
          <br /> 
          Download <a href="<?=$file?>.wav">Sound</a> (wav)<br /> 
          Download <a href="<?=$file?>.fft.csv">Spectrum</a> (csv)<br /> 
          Download <a href="<?=$file?>.csv">Data File</a> (csv) </p> 
      </div> 
      <div class="block" id="block-2"> 
        <h1 class="draghandle">Player</h1> 
        <p> 
        <div id="file1"><a href="http://www.macromedia.com/go/getflashplayer">Get the 

Flash Player</a> to see this player.</div> 
        <script type='text/javascript'> 
  var so = new 

SWFObject('http://orpheontech.com/soundmeter/player.swf','ply','100%','24','9','#ffffff'); 
  so.addParam('allowfullscreen','true'); 
  so.addParam('allowscriptaccess','always'); 
  so.addParam('wmode','opaque'); 
  so.addVariable('file','<?=$file?>.mp3'); 
  //so.addVariable('duration','33'); 
  so.write('file1'); 
</script> 
        <?php 
if ( isset($compare) ) 
 { 
 echo "  File</p>      <p> 
<div id=\"file2\"><a href=\"http://www.macromedia.com/go/getflashplayer\">Get the 

Flash Player</a> to see this player.</div> 
<script type='text/javascript'> 
  var so = new 

SWFObject('http://orpheontech.com/soundmeter/player.swf','ply','100%','24','9','#ffffff'); 
  so.addParam('allowfullscreen','true'); 
  so.addParam('allowscriptaccess','always'); 
  so.addParam('wmode','opaque'); 
  so.addVariable('file','$compare.mp3'); 
  //so.addVariable('duration','33'); 
  so.write('file2'); 
</script>Compared File"; 
 } 
?> 
        </p> 
      </div> 
      <div class="block" id="block-3"> 
        <h1 class="draghandle">Time Series</h1> 
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        <p> 
        <div id='chart_div' style='width: 95%; height: 240px;margin-left:auto;margin-

right:auto;'></div> 
        </p> 
      </div> 
      <div class="block" id="block-4"> 
        <h1 class="draghandle">Files</h1> 
        <p> 
          <iframe src="lister.php" scrolling="auto" height="150" name="comparer" 

id="compare" width="225"></iframe> 
        </p> 
      </div> 
      <div class="block" id="block-5"> 
        <h1 class="draghandle">Spectrum</h1> 
        <div id="fft_div"></div> 
        <p><a href="image.fft.php?file=<?=$file?>&cmp=<?=$compare?>">Spectrum 

Image</a></p> 
      </div> 
      <div class="block" id="block-6"> 
        <h1 class="draghandle">Compare Files</h1> 
        <p> 
          <iframe src="lister.php?file=<?=$file?>" scrolling="auto" height="150" 

name="comparer" id="compare" width="225"></iframe> 
        </p> 
      </div> 
    </div> 
  </div> 
  <div style="clear:both;"></div> 
  <div style="clear:both;"></div> 
  <hr style="margin-top: 40px;" /> 
  <div id="foot"></div> 
  <div style="clear:both;"></div> 
  <div id="licence"> 
    <!--<a href="#" 

onclick="document.getElementById('chart_div').style.height='50px'">Redraw</a>--> 
  </div> 
  <div id="copyright"> &copy;2010 Cameron McCord </div> 
</div> 
</body> 
</html> 
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Spectrum Chart Image Creation 

Language/Program: HTML, Javascript 
Summary: Using the Google Visualization API, a downloadable image of the requested plot is 
generated. 
 

<html> 
<head> 
<title>Spectrum Image</title> 
<script type='text/javascript' src='http://www.google.com/jsapi'></script> 
<?php 
if(!isset($_REQUEST['file'])) $file = "test"; else $file = $_REQUEST['file'];  
if(isset($_REQUEST['cmp'])) $compare = $_REQUEST['cmp']; 
 
include_once 

"/home/orpheon/orpheontech.com/soundmeter/soundmeters/parsecsv.lib.php"; 
 
$csv = new parseCSV(); 
$csv->auto(getcwd().'/'.$file.'.fft.csv'); 
echo "<script type=\"text/javascript\"> 
      google.load(\"visualization\", \"1\", {packages:[\"imagelinechart\"]}); 
      google.setOnLoadCallback(drawChart2); 
   var chart3; var data3; 
      function drawChart2() { 
        data3 = new google.visualization.DataTable(); 
        data3.addColumn('string', 'Frequency'); 
        data3.addColumn('number', 

'",date("r",mktime(substr($file,8,2),substr($file,10,2),substr($file,12,2),substr($file,4,2),substr($f
ile,6,2),substr($file,0,4))),"');\n"; 

 $ii = 0; 
 $text = ""; 
 foreach ($csv->data as $key => $row) 
  { 
  $data1['energy'][$ii] = $row['Energy (dB)']; 
  $data1['freq'][$ii] = $row['Frequency']; 
  $ii++; 
  } 
    if ( isset($compare) ) 
  {  
  echo "data3.addColumn('number', 

'",date("r",mktime(substr($compare,8,2),substr($compare,10,2),substr($compare,12,2),substr($c
ompare,4,2),substr($compare,6,2),substr($compare,0,4))),"');\n"; 

  $csv2 = new parseCSV(); 
  $csv2->auto(getcwd().'/'.$compare.'.fft.csv'); 
  $ii = 0; 
  foreach ($csv2->data as $key => $row) 
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   { 
   $data2['energy'][$ii] = $row['Energy (dB)']; 
   $data2['freq'][$ii] = $row['Frequency']; 
   $ii++; 
   } 
  } 
 $j = 0; 
 $sum = 0; $sum1 = 0; 
 $flag = 1; 
 for ( $i = 0; $i < count($data1['freq']); $i++ ) 
  { 
  if ( $j == 50 ) 
   { 
   $j = -1; 
   //if (isset($freqer)) 
    { 
    if ( $flag == 0 ) 
     { 
     if ( isset($compare) ) echo 'data3.addRow([\'' . 

round($data1['freq'][$i],-2) . '\', ' . $sum / 50 . ', ' . $sum1 / 50 . ']);' . "\n"; 
     else echo 'data3.addRow([\'' . 

round($data1['freq'][$i],-2) . '\', ' . $sum / 50 . ']);' . "\n"; 
     } 
    else 
     { 
     if ( isset($compare) ) echo 'data3.addRow([\'\', ' . 

$sum / 50 . ', ' . $sum1 / 50 . ']);' . "\n"; 
     else echo 'data3.addRow([\'\', ' . $sum / 50 . ']);' . 

"\n"; 
     } 
    $flag = $flag ^ TRUE; 
    //unset($freqer); 
    } 
   //else echo 'data3.addRow([\'\', ' . $sum / 50 . ']);' . "\n"; 
   $sum = 0; 
   $sum1 = 0; 
   } 
  //if ( round($data1['freq'][$i],-2) / 1000 == 0 ) $freqer = 

round($data1['freq'][$i],-3);  
  $sum += $data1['energy'][$i]; 
  if ( isset($compare) ) 
   $sum1 += $data2['energy'][$i]; 
  $j++; 
  } 
//echo ' data3.addRows(',$i,'); ',"\n"; 
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echo "        chart3 = new 
google.visualization.ImageLineChart(document.getElementById('fft_div'));\n"; 

if ( isset($compare) ) echo "chart3.draw(data3, {width: 1000, height: 300, legend: 
'bottom', title: 'Spectrum Frequency (Hz) vs. Amplitude (dB)'})\n"; 

else echo "chart3.draw(data3, {width: 1000, height: 300, legend: 'none', title: 'Spectrum 
Frequency (Hz) vs. Amplitude (dB)'});\n"; 

      
 echo "}   </script>\n"; 
 
 
?> 
</head> 
<body> 
<div id="fft_div"></div> 
</body> 
</html> 
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APPENDIX B. 

TESTING SOFTWARE 
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Test Tone Creation 

Language/Program: Matlab 
Summary:Exact frequency tones are saved as Wave files. 
% Single Tones 
 sampleRate = 44100; 
secs = 35; 
t=[0:1/sampleRate:secs]; 
dir = 'C:\FilePath\'; 
freq = [50 100 200 500 1000 2000]; 
  
% Wav File Writing will produce error - cannot write 1,  
% so write .999 = 1/32768 for signed 16-bit 
for i=1:length(freq) 
    y = sin(2*pi*freq(i)*t); 
    wavwrite(y,sampleRate,[dir num2str(freq(i)) 'Hz.wav']) 
end 
  
% White (in range) noise 
y = randn(sampleRate*secs,1); 
wavwrite(y,sampleRate,[dir 'whitenoise.wav']) 
  
% Frequency Sweep 
secs = 10; 
t=linspace(0,10,sampleRate*secs); 
fmin = 20; fmax = 10000; 
f = fmin:(fmax-fmin)/(secs*sampleRate-1):fmax; 
y = cos(2*pi*f.*t); 
y = [y y y y(1:length(y)/2)]; 
wavwrite(y,sampleRate,[dir num2str(fmin) '-' num2str(fmax) ... 
    'sweep' num2str(secs) 's.wav']) 

 
 

 

Sample Spectrum Chart Image 
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