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Noise-induced hearing loss is a serious problem common to musical environments. 

Current dosimetry technology is primarily designed for industrial environments and not suited 

for musical settings. At present, there are no government regulations that apply to the educational 

music environment as it relates to monitoring and prevention of hearing loss. Also, no system 

exists than can serve as a proactive tool in observation and reporting of sound exposure levels 

with the goal of hearing conservation. Newly proposed system takes a software based approach 

in designing a proactive dosimetry system that can assess the risk of sound noise exposure. It 

provides real-time feedback trough a graphical user interface that is capable of database storage 

for further study.  
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CHAPTER   I 

INTRODUCTION 

Musical environments have the potential to generate loud sound levels deemed harmful to 

human hearing. This is a serious problem for students, educators, and administrators working in 

public and private schools that offer music instruction and for profession musicians and 

audiences (Dunn 2005). A musician’s livelihood greatly depends on their ability to hear 

accurately. This vital part of communication has a direct impact on their ability to perceive, 

evaluate and create music. The aforementioned capabilities are subject to degradation due to 

excessive exposure to noise and potential noise-induced hearing loss. The most common effects 

are: limitation to hear musical tones, lack of timbre perception, distortion of balance between 

instruments and experience of buzzing, humming and ringing sounds. Musicians are at elevated 

levels of risk for noise induced hearing loss from their participation in learning activities, 

rehearsals and organized music events.  

Unfortunately, standard dosimetry technologies designed for use in industrial settings 

were not designed to be used in these environments or to assess risk due to musical activities. 

Efforts put forward by many schools and universities indicate that new technologies are needed 

in order to implement hearing conservation strategies. New technologies are needed because 

dosimeters provide basic information about when and how sounds warrant concern for noise 

induced hearing loss (Chesky, Dawson and Manchester 2006) and therefore safeguarding 

students, teachers, and others working in these environments. These issues can be addressed by 

the proposed dosimetry system which is capable of recording and analyzing sound in real-time. 

Such system can be adaptable to any environment and can be integrated into a database for 
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extended data mining and studying. The newly proposed system could easily be updated to meet 

any future regulations and standards.  

The system proposed in this document should have the ability to provide proactive 

dosimetry technology as follows: 

1. Real-time data analysis and display 

2. Automated data storage and routing  

3. Adaptable statistical analysis 

4. Scalable system design 

5. Affordable for mass scale implementation 

Dosimetry technologies have remained relatively unchanged for the past 30 years. New 

systems are needed that can proactively measure, record, analyze and report data. The 

configuration should be able to connect wirelessly or over a wired network into server that can 

be treated as a long term study database. The remained of this document examines the design, 

testing and validation of a system that can provide real-time feedback, integrate into a database 

and be adaptable to various environments.  

 The process of developing the system includes: 

1. Identifying the need for new technology 

2. Examining the current state of the technology 

3. Showing the social and health impact of the old and new systems 

4. Researching the methods of design and implementation  

5. Comparing the features of the new and current technologies 

Motivation 

The idea of automated dosimetry began in the early stages of the Senior Design course in 
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the Department of Engineering Technology at the University of North Texas. Along with fellow 

students Cameron McCord, Brian Mielke, and Ashton Smith, a system was proposed that can 

improve on the current limitations of dosimetry (McCord, Brgulja, et al. 2009). The system was 

limited to offline analysis and studying. Further development was done by Cameron McCord’s 

(C. s. McCord 2010) graduate research that improved on the design by adding automation and 

various statistical analyses.  The system proved that the new technology is implementable and 

paved the way for a real-time graphical user interface device. 

  The government agency National Institute for Occupation Safety and Health (NIOSH) 

(National Institute for Occupation Safety and Health 1998) is responsible for the regulation of 

work environment with potential of noised induced hearing loss. Standards include limiting to 

human exposure to no more than the equivalent of 85 decibels (A-weighted) for 8 hours.  

Table 1.  Allowable Exposure (National Institute for Occupation Safety and Health 1998) 

Level (dBA)  85 88 90 92 94 95 97 100 105 110 115 120 
OSHA 16   8 6   4 3 2 1 1/2 1/4 1/8 
NIOSH 8 4     1 3/4 1/2 1/4         
 

Commonly referred to as the exchange rate, the NOISH standard states that allowable 

time of exposure is decreased by half with every 3 dB increase of sound levels. The 

Occupational Safety and Health Administration (OSHA) (Occupational Safety and Health 

Administration 29) standard applies a 5 dB exchange rate. Regardless, both standards require and 

use a single digit value for assessing risk and therefore do not account for the possible intense 

level that may incur instantaneous hearing loss. Unlike the 8 exchange rate, instantaneous 

hearing loss is irreversible damage.  The current monitoring methods include various dosimeter 

devices that are either deployable on person or at the location of high risk work area. No such 

standards or methods exist in the music environment. The devices deployable on person are 
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battery operated and limited to basic visual display. The dosimetry technology’s effectiveness is 

limited by various factors. Typical device is deployed on sight to record the sound levels with 

limited feedback. Any recorded data requires the device to be connected to a computer and 

analyzed after the event occurred.  

Current Methods and Technologies 

The common method of sound level recording and analysis includes placing a dosimeter 

like the Quest NoisePro (3M 2010) in the environment in question for sound recording.  

 

Figure 1. Quest NoisePro 

After removing it from the environment, the data recorded is then read by connecting the 

dosimeter device to a computer. The dosimeter is limited to displaying A, C and Z weighted 

decibel level values on a small screen.  There also exist personal dosimeters that can be placed 

on person. One such device is the Etymotic ER-200 (Etymotic Research 2011). 

 
Figure 2. Etymotic ER-200 
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 This particular device visually displays the dose level while logging the decibel levels 

for further analysis.  The current technologies and their use in regard to hearing conservation are 

limited in the following: 

1. Real-time data analysis 

2. Automated data logging 

3. Statistical data analysis 

4. Adaptability to new computational algorithms 

5. Mass scale affordable implementation 

Hardware driven design approach contributes to these limitations although it does provide 

reliable and stable device capable of handling rigorous environments.  
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CHAPTER   II 

PROCEDURE 

Hardware Design 

The new system builds on the existing hardware platform used by McCord in his 

research. That platform consists of the Gumstix Overo Fire (Gumstix, Inc. 2010) commuter-on-

module (COM) embedded system.  

 
Figure 3. Gumstix Overo Fire Computer-on-Module 
 
 
The device consisted of OMAP3530 ARM cortex-A8 CPU and C64+ digital signal processor 

(DSP). The device is network enabled for 802.11 b/g wireless communication as well as 

Bluetooth (Bluetooth Special Interest Group 2005) wireless communications. The computer-on-

module allows for wired Ethernet networking by adding daughter cards.

 

Figure 4. Gumstix Tobi Expansion Board 
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This system uses the Tobi (Gumstix, Inc. 2010) daughter card that provides an HDMI 

(HDMI Licensing 2003) port for interfacing a standard High Definition monitor or a television 

set. The board also is capable of interfacing a USB (USB Implementers Forum, Inc. 2010) hub 

for various plug-ins such as a mouse and a keyboard.  The system utilizes the C64+(400 MHz) 

digital signal processor of the Texas Instruments OMAP3530 system on chip for the 

mathematical and statistical computations. The task of recording and driving the graphical user 

interface is handled by the ARM Cortex-A8 CPU (600 MHz). The entire file system was loaded 

on a memory card and booted from there instead of onboard memory. In addition to the 

mentioned components, a microphone pre amplifier was designed to interface the microphone 

with the Gumstix expansion board via the line-in jack. The line-in jack does not feature internal 

amplifier like a typical microphone input does.  The preamplifier was built using common 

electronics components and a high quality audio operational amplifier.  

 

Figure 5. Microphone Pre Amplifier Schematic 
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 The purpose of the amplifier is to bring the microphone voltage up to the normal line-in 

operating level.  

Software Design 

 The software development included different host and target platforms. The necessary 

drivers and processes were developed on the Ubuntu (Canonical 2011) Linux platform (host) and 

deployed on the Gumstix Angstrom (Angstrom 2011) Linux (target). The difference between the 

host and target lies in the fact that host is a powerful personal computer. While providing the 

computing power the personal computer is too large and consumes large amount of energy. The 

solution to this problem is smaller embedded systems that often referred to as targets. The 

software system was placed and booted from a memory card instead of local memory. The 

Ubuntu and Angstrom refer to a type of distribution of Linux operating system. The target 

platform development was divided in three stages: 

1. Kernel  

2. Drivers 

3. Processes/algorithms  

The latest Linux kernel was compiled for the Gumstix Overo configuration. In addition to 

the kernel it was necessary to compile U-boot (DENX U-boot 2010) which is an embedded 

system bootlaoder. The task of a bootlaoder is to load the process into random access memory 

(RAM) which in our case resides on a flash memory card.  For the DSP development it was 

necessary to compile the DSPlink (Texas Instruments DSPlink Porting Tool 2011) driver, power 

management driver and memory management driver.  All of the cross-compiling process was 

done against the CoudeSourecery (CodeSourcery 2004) toolchain.  Once the kernel and the 

drivers were built the memory mapping was optimized for DSP deployment. The shared memory 
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had to be appropriately assigned to the Linux and DSP component as well remaining kernel and 

driver resources. The Gumstix Overo houses 256 MB of random access memory (RAM) which 

was customized for this particular system. 

The algorithms were written in C and C++ language on the host platform and cross-

compiled for the ARM architecture. 

Table 2. System Memory Map 

Address Memory Usage 
0x80000000 - 0x877FFFFF 120 MB Linux 
0x87800000 - 0x87FFFFFF 8 MB CMEM 
0x88000000 - 0x8F9FFFFF 122 MB DDRALGHEAP 
0x8FA00000 - 0x8FDFFFFF 4 MB DDR2 (BIOS, Codecs, Applications) 
0x8FE00000 - 0x8FEFFFFF 1 MB DSPLINK (MEM) 
0x8FF00000 - 0x8FF0007F 128 B DSPLINK (RESET) 
0x8FF00080 - 0x8FFFFFFF < 1 MB unused 
 

The Texas Instruments C6Run Project software tool was used for developing the 

algorithm intended for the deployment on the C64+ DSP chip. The C6Run (Texas Instruments 

C6Run Project 2010) project includes the necessary porting tool named DSPlink (Texas 

Instruments DSPlink Porting Tool 2011) for communication between the ARM and the DSP.  

The recording of sound was managed by the Advanced Linux Sound Architecture (ALSA) 

(ALSA Project 2008)  via the preamplified microphone and the sound card. Also, the Linux 

JACK (Davis 2006) audio plug-in was combined with ALSA to achieve low latency and 

eliminate overruns while capturing sound. The graphical user interface was developed in the 

Nokia’s QT (Nokia 2008) cross-platform application software kit.   

Implementation  

The Advanced Linux Sound Architecture (ALSA) and JACK plug-in initiate the process 

by recording audio and converting it to WAV format. The recording parameters are optimized 
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for low latency recording and analysis. The observation window of 125 milliseconds set and 

8192 corresponding samples of real-valued data points are read. The sampling frequency is set at 

48,000 Hz.  

The minimum FFT (John G. Proakis 2007) input is given by: 

1) 𝑁𝑚𝑖𝑛 =  𝛥𝑓 ∗ 𝑓𝑠 

2) 𝛥𝑓 = 𝑜𝑏𝑠𝑒𝑟𝑣𝑎𝑡𝑖𝑜𝑛 𝑤𝑖𝑛𝑑𝑜𝑤 

3) 𝑓𝑠  = 𝑠𝑎𝑚𝑝𝑖𝑛𝑔 𝑓𝑟𝑒𝑞𝑢𝑒𝑛𝑐𝑦  

Applying the complex-conjugate symmetry property of a real-valued sequence (John G. Proakis 

2007), only 4096 or half of the samples are required in order to compute the FFT. To avoid 

xruns, matching buffer size of 4096 is used to capture sound data from the soundcard. The xruns 

referred to memory overruns when data is either written too fast or too slow to a given buffer. 

Each session is saved for further considerations if needed. The data is read by the first algorithm 

which computes the FFT coefficients, applies the appropriate filter weighting, and estimates the 

sound energy level for the time frame of approximately 170 milliseconds. The window time 

difference is due the constraint of the FFT algorithm input length.  

 

 

 

 

 

 
Figure 6. Data Flow 
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future regulations and/or conditions call for such task. Also, the software can be customized for a 

specific user or setting. This can include a band practice class or a factory floor. The computed 

data is saved and uploaded to a server for further study. Requested data is then passed on the 

second process running on the Gumstix.    

At this point the requested data is displayed on the graphical user interface while 

complete set is saved and uploaded to the server for further analysis. The process of estimating 

sound levels within a window of 125 milliseconds or more is referred to as “fast mode” and is a 

common setting in industrial dosimeters.  

 The second process running on the Gumstix was developed using Nokia’s QWT (Nokia 

2008). The QWT application is an extension of the QT graphical user interface (GUI) library. 

This extension is designed for technical and scientific applications capable of windowing and 2-

D plotting. The graphical user interface provides real-time feedback of various data sets 

interpreted for the appropriate audience. The system is capable of displaying multiple windows 

that are optimized for resizing and zooming. The user will be able to interact with the display via 

a mouse and/or keyboard if needed.  

Real-Time Performance  

 The validation of real-time performance was done by using the Gumstix internal clock 

for measuring various processes and sub-processes. The process of computing one decibel level 

within the observation window measured at 45 milliseconds. The sound card output buffer speed 

was measured at 291 milliseconds and graphical user interface display rate at 125 milliseconds. 

The time from the audio data is captured, calculated and displayed is under a half a second. 

Combined with real-time scheduling the JACK audio interface provides low-latency real-time 

capability to the system.  
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CHAPTER III 

RESULTS  

Preliminary Validation 

The preliminary validation was performed at a sound isolation booth in the Speech, 

Audio, and DSP Laboratory in the Department of Electrical Engineering at the UNT Discovery 

Park. The testing acoustical environment was prepared for a controlled testing by placing 

Gumstix microphone 2 cm apart from the Spark 706RC Noise Dosimeter (PCB Group 2011) and 

pointed a single speaker 20 centimeters away driven by an amplifier. The cables and sound booth 

were initially tested for their attenuating properties. Various frequencies at 1 Volt RMS were 

applied using the function generator of the Rhode & Schwarz UPV Audio Analyzer (Rohde & 

Schwarz 2010). The custom built microphone pre-amplifier was also tested across the general 

hearing spectrum (200 – 20,000 Hz).  

Table 3. Hearing Frequencies Spectrum Test 

Frequency (Hz) Voltage (mV RMS)  +/-.1 Gain (dB) 

DC 996.30 -0.01273 

10 998.45 -0.00375 

50 998.92 -0.00398 
 

Table 4. Cable Attenuation Measurements 

100 999.01 -0.00422 

500 998.23 -0.00436 

1000 998.21 -0.00432 

5000 999.03 -0.00433 

10000 998.73 -0.00461 

20000 999.56 -0.0037 
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Figure 7. Cable Attenuation Spectrum 
 

 

 
Figure 8. Microphone Pre-amplifier Frequency Properties   
                  

Both cable and microphone pre-amplifier spectrum properties show the desired “flat” spectrum. 

Calibration 

The Gumstix system was calibrated by playing a spectrum of single frequency tones as 

well as various music excerpts at a certain volume level and gain. The resulting difference was 
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subtracted until the device was calibrated. Once the device was calibrated it was tested for the 

same tones and music excerpts. In a similar manner the device was calibrated and tested to 

various music excerpts played at several different volumes.  The music ranged from classical to 

rock and hip hop. The testing was performed by playing each peace and simultaneously 

recording with the Larson Davis dosimeter and Gumstix system.  

Table 5. Single  Frequency Test 

Frequency Larson Davis (dBA) GS (dBA) 

50 Hz 75.4 75.3 

100 Hz 75.1 75.1 

200 Hz 74.9 74.8 

500 Hz 75.6 75.4 

1000 Hz 75.1 75.0 

2000 Hz 75.3 75.3 
 

Correlation Coefficient of Larson Davis vs. Gumstix = 1.0   

 

Table 6. Music Excerpt Test Volume 1 

Excerpt Larson Davis Leq (dBA) Gumstix Leq (dBA) 

1 76.3 76.3 

2 73.0 73.0 

2 77.8 77.8 

3 74.3 74.3 

4 72.0 72.0 

5 75.1 75.1 

6 76.3 76.3 
 
Correlation Coefficient of Larson Davis vs. Gumstix = 1.0   
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Table 7. Music Excerpt Test Volume 2 

Excerpt Larson Davis Leq (dBA) Gumstix Leq (dBA) 

1 83.8 83.8 

2 82.1 82.1 

2 85.2 85.2 

3 83.0 83.0 

4 81.9 81.9 

5 83.3 83.3 

6 83.5 83.5 

Correlation Coefficient of Larson Davis vs. Gumstix = 1.0   
 
Table 8. Music Excerpt Test Volume 3 

Excerpt Larson Davis Leq (dBA) Gumstix Leq (dBA) 

1 90.3 90.1 

2 89.8 89.6 

2 91.4 91.0 

3 90.7 90.3 

4 88.8 88.6 

5 90.6 90.3 

6 91.5 91.2 

Correlation Coefficient of Larson Davis vs. Gumstix = 0.997448 
 
 

 

Excerpt Larson Davis Leq (dBA) Gumstix Leq (dBA) 

1 96.5 96.0 

2 95.1 94.8 

2 97.3 96.9 

3 95.7 95.3 

4 94.9 94.6 

5 97.1 96.5 

6 96.6 96.0 

Correlation Coefficient of Larson Davis vs. Gumstix = 0.995075 

Table 9.Music Excerpt Test Volume 4 
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Correlation Coefficient of Larson Davis vs. Gumstix = 0.992229 
 
 

 
 

Excerpt Larson Davis Leq (dBA) Gumstix Leq (dBA) 

1 117.7 117.0 

2 117.7 116.7 

2 116.8 116.0 

3 114.6 113.8 

4 116.9 116.2 

5 118.0 117.0 

6 117.7 116.6 
 

Correlation Coefficient of Larson Davis vs. Gumstix = 0.991383 

Field Testing 

 Field testing was performed at the College of Music in a real live music setting. The 

system and the Larson Davis dosimter were deployed for at a class session. The typical class 

time is 50 minutes. Each device was started simultaneously for recording and observation.  The 

parameters considered included Leq, dose and spectral data. The Larson Davis dosimeter is not 

capable of providing the spectral data. The data on both systems was saved and retrieved for 

validation analysis.   

Table 10. Music Excerpt Test Volume 5 

Excerpt Larson Davis Leq (dBA) Gumstix Leq (dBA) 

1 104.6 104.2 

2 106.8 106.2 

2 103.3 102.7 

3 105.1 104.7 

4 105.9 105.2 

5 106.8 106.6 

6 104.6 104.0 

Table 11.Music Excerpt Test Volume 6 
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Graphical User Interface 

 The graphical user interface interprets the calculated data visually for a given 

environment and/or user. The interface is adoptable to change if it is require in the future. This 

particular implementation shows various displays in the figures that follow. The display system 

is capable of zooming, panning and resizing of figures.  The library provides the common visual 

options such as dials, digital numeric displays, two dimensional graphing tools, histograms, 

buttons, etc.  

 
 
 
 
Figure 9. Window 1 – 2D 
Graph with Select Buttons 

 

 

 

 

Table 12. Field Test Parameters 

 Data Type Observation 
Window 

Number of 
Data Points 

Larson Davis Leq 1 second 2880 

Gumstix Leq .127 seconds 16874 

Table 13. Field Test Results 

 Leq (dBA) Dose (%) 

Larson Davis 94.6 19.702 

Gumstix 94.6 19.702 
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Figure 10. Window 2 – Dosage Dial 
 

 

 
Figure 11. Window 3 – Spectrum Display 
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Figure 12. Window 4 – Multiple Window 
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CHAPTER IV 

DISCUSSION 

The final design of the system was implemented, tested and validated in laboratory as 

well as in the field environment. The testing benchmark was an industry standardized Larson 

Davis Spark 706C dosimeter. The laboratory and field tests show high correlation between the 

new system and the Larson Davis device when tested for accurate measurement of sound energy 

level. With the new system validated and calibrated it was possible to perform several statistical 

derivations that depend on the energy level. A broad range of energy levels were selected and 

tested for.  

 

 

  

 

 

 

 

The difference in the higher energy levels is attributed to electrical components used in 

hardware and it does not indicate performance inaccuracy in either device. The Larson Davis 

dosimter does not measure levels below 70.2 dBA so the range selected and reflected in the 

volumes was from approximately from 75 – 117 dBA. This corresponds to a sound level slightly 

higher from speaking (75 dBA) to extremely noise polluted setting (117dBA). Similar 

differences were recorder in previous implementation of the Gumstix hardware in the McCord 

(C. s. McCord 2010) research.  The use of both DSP and ARM cores allowed for maximization 

Table 14. Laboratory Validation Correlation Coefficients 

Volume Level Correlation Coefficient 

1 1 

2 1 

3 0.997448 

4 0.995075 

5 0.992229 

6 0.991383 
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of CPU resources.  The resulted were displayed in real-time using a customized graphical user 

interface. The system is capable of further customization of statistical variables as well as how 

those variables are displayed.  Applying these features for further studies can be possible by 

integrating the system into a database aimed at long term study 
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CHAPTER V 

CONCLUSIONS  

A proactive driven dosimetry system was designed utilizing software based approach 

combined with a robust embedded system platform. The system is capable of accurately 

analyzing sound data comparable to a standard industry dosimeter.  The new system vastly 

expands the capabilities of such device. Those include various standard measurement methods, 

real-time graphical display, database integration, automated transmitting of data over the internet 

or local network and easy of upgradeability.  

This type of approach to sound exposure analysis and reporting will allow for future 

studies and modifications to current methods and standards with the ultimate goal of hearing 

preservation.  Future design may include more individualized methods of measurement by 

introducing a personal profile.  It would be necessary to develop a large wireless network 

capable of handling classroom size sensors.  Along with personal hardware sensors it would be 

possible to develop individual weighting filters based on the subject’s hearing response.  

Integration into a database for extended data mining would allow for development of new 

standards by which the sound energy is estimated and quantified.  It would be also possible to 

analyze data specific to the sound setting and sound source to even further customize the process.  

Pre and post screening of all subjects combined with the new methods proposed would give a 

unique insight to the noise induced hearing loss.  
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APPENDIX 

SOFTWARE SOURCE CODE 
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Language: C 

Description: Computation, management  and analysis of data 

#include <stdio.h> 
#include <stdlib.h> 
#include <string.h>  
#include <math.h> 
#include <time.h> 
#include <signal.h> 
#include "cfft.h" 
#include "common.h" 
 
#if defined(_TMS320C6X) 
#elif defined(__GNUC__) 
  #include <sys/time.h> 
#endif 
 
//Set paramters for clock reading and time measuremnt ,essential of real-time multiprocess 
synchornization  
typedef unsigned long long timestamp_t; 
static timestamp_t get_timestamp () 
{ 
#if defined(_TMS320C6X) 
  // There is no gettimeofday in DSP RTS or DSP/BIOS 
  return (timestamp_t) clock(); 
#elif defined(__GNUC__) 
  struct timeval now; 
  gettimeofday (&now, NULL); 
  return  now.tv_usec + (timestamp_t)now.tv_sec * 1000000; 
#endif 
} 
/*Delay improvisation that avoids the common sleep function and avoids consuming cpu 
resources,accessing DSP clock may interrupt the program execution*/ 
void somd(){ 
#if defined(_TMS320C6X) 
#elif defined(__GNUC__) 
struct timeval tv; 
tv.tv_sec = 0; 
tv.tv_usec = 75000;  /* 0.1 seconds delay*synchronizes!!!!*/ 
select (0, NULL, NULL, NULL, &tv); 
#endif 
} 
 
 
int n, n2 = 8192; 
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int i,m,k; 
double absval; 
double *t = NULL; 
 
double *realout = NULL; 
double *sqrt1 = NULL; 
double *sqrt2 = NULL; 
float *freqs = NULL; 
float freq; 
double *A = NULL; 
double *Cw = NULL; 
double *fftArr = NULL; 
double dB, dBA, dBC; 
 
double *in = NULL; 
complex *out = NULL; 
complex *new = NULL; 
 
 
double c1, c2, c3, c4, c5, c6, num, den, num1; 
long double unweighted, Mean, UTA, uMeanA, UTC, uMeanC; 
long int calibConstant = 0; 
FILE *file3 = NULL; 
FILE *file2 = NULL; 
FILE *infile = NULL; 
 char erg3[35]; 
 char erg2[35]; 
 
void leave(int sig); 
 
char id[2] = ""; 
 
int main(int argc, char *argv[]) { 
 
 
 float secs; 
   timestamp_t t0, t1; 
 int p, pp;  
 int v, val, val2; 
 //char inc[n]; 
 FILE *infile = NULL; 
 double sample_rate = 48000; 
 double one = 1;   
 short  channels = 1; 
 short bits = 16; 
 int correction = 10; 
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 float sample_period; 
   
 
 //Exit if improper number of arguments supplied 
 if (argc != 4) 
  { 
        fprintf(stderr, "usage: %s WAV CC CSV\n", argv[0]); 
        exit(0); 
  } 
  
(void) signal(SIGINT,leave);  
 
calibConstant = (int)strtol(argv[2], NULL, 10); // Current calibration constan   
infile = fopen(argv[1], "r");  //File to read 
file2 = fopen("/home/root/mainwav.csv", "w+"); //Open named pipe to write into MAIN file 
to pass the data 
file3 = fopen(strcat(argv[3],".csv"), "w+");// SAVES THE WHOLE SESSION 
 
n = 8192;//Predetemined FFT length based on the observation window and sampling frequency, 
.125 ms x 48000 Hz, rounded up to power of 2 
 
sample_period = one / sample_rate; 
 
printf(" Correction is: %i\n",correction); 
printf(" sample period is: %f\n",sample_period);  
printf(" n is: %d\n",n); 
 
 //Allocate FFT paramters(complex) 
 in = malloc ( sizeof ( double ) * n2 ); 
  
 realout = realloc(realout, ( n2/2 * sizeof(double))); 
  new = (complex *) malloc(sizeof(complex) * n); 
 
 out = (complex *) malloc(sizeof(complex) * n); 
 v = n / 2; 
 freqs = realloc(freqs, ( v * sizeof(float))); 
 for(i=0;i < v;i++) 
  { 
  freqs[i] = i * freq; 
 
  } 
  
  
  
    c1 = 12200.0 * 12200; 
    c2 = 20.6 * 20.6; 
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    c3 = 107.7 * 107.7; 
    c4 = 737.9 * 737.9; 
    c5 = 2;  
    c6 = 0.17;  
 
 A = realloc(A, ( n/2 * sizeof(double))); 
 Cw = realloc(Cw, ( n/2 * sizeof(long double))); 
  
 //Filter derivations based on the A and C standard for human ear 
 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)));//comlex-conjugate symmetry allowes 
for taking one half of samples 
 
  
 printf("Here\n"); 
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 //fputs("dBA, dBC\n",file2); 
 while (1)// Enter infinte loop to perform calculatios, proper exit is handled by signal 
handler 
  
  { 
   
  //t0 = get_timestamp(); 
  //Read Values from File 
  for (v=0;v<n;v++)  
   { 
  
    
   val = fgetc(infile); 
    
   if (feof(infile)) //if end of file, will occur only once upon system shutdown  
    { 
     
    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)//interleaved PCM data, can be avoided by 
changing recording parameter, single channel,mono 
     { 
     val = fgetc(infile); 
     in[v] = (val + in[v]) / 2; 
     } 
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    } 
   } 
  for(v=v;v<n2;v++)  
   { 
   in[v] = 0; 
   } 
 //t1 = get_timestamp(); 
 somd(); 
   for (p=0;p<v;p++) 
{ 
   
   
    new[p].r = in[p]; // place the real values read from the soundcard into the real part of the 
complex FFT input  
    new[p].i = 0; 
  } 
 
  // Perform one FFT, length = 8192  
  fft_init (n); 
  memcpy (out, new, (n) * sizeof (complex)); 
      fft_exec (n, out); 
 
  for (pp=0;pp<v;pp++)  
 
    { 
  realout[pp] = sqrt(new[pp].r*new[pp].r+new[pp].i*new[pp].i); //Derive the 
magnitude of comlex FFT ouput 
    } 
   
  unweighted = 0; 
  UTA = 0; 
  UTC = 0; 
  for (v=0;v<n2/2;v++)  
   { 
   num = pow(realout[v],2); 
   fftArr[v] += num; 
   unweighted += num; 
    
   den = 20*log10(abs(realout[v])); 
   num = 2*(den + A[v]); 
   num = .05*num; 
   num = pow(10,num); 
   UTA += (long double)num; 
    
   num1 = 2*(den + Cw[v]); 
   num1 = .05*num1; 
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   num1 = pow(10,num1); 
          energyTotalC += (long double)num1; 
    
   } 
  unweighted = unweighted/((float)(v-1)); 
  UTA = UTA/((float)(v-1)); 
  UTC = energyTotalC/((float)(v-1)); 
  num = 1/(sample_period * (float)n); 
   
   
   
  Mean  = unweighted  * ( (float)num ); 
  uMeanA = UTA * ( (float)num ); 
  uMeanC = UTC * ( (float)num ); 
   
  num = 10*log10(Mean) + calibConstant; 
  dB = num; 
   
  num = 10*log10(uMeanA) + calibConstant; 
  dBA = num; 
   
  num = 10*log10(uMeanC) + calibConstant; 
   
  dBC = num; 
   
   
  printf(" dBA is:%f\n",dBA); 
   
  sprintf(erg2, "%f, %f\n", dBA,dBC); //output data to file and/or pipe  
  //sprintf(erg3, "%f, %f\n", dBA,dBC); //output data to file and/or pipe  
  fputs(erg2, file2); 
  //fputs(erg3, file3); 
  rewind(file2); 
   // delay for appr. 75 ms for the soundcard to catch up, also allowes for real-time 
observation  
   
  //secs = (t1 - t0) / 1000000.0L; // Measures time it takes for the loop to complete 
once and derive one SPL value 
  //printf ("TIME ELAPSED:%f\n", secs); 
  signal(SIGINT, leave); // If program is interrupted close file and exit 
  } 
 
  
 return 1; 
} 
// Catch CTRL+C signal and terminate properly by closing the file/named pipe 
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void leave(int sig) { 
        //fprintf(file2,"\nInterrupted..\n"); 
        fclose(file2); 
 fclose(file3); 
        exit(sig); 
} 
 
 
 
FFT 
 
#include <math.h> 
#include <stdio.h> 
#include <stdlib.h> 
#include <string.h> 
 
#include "cfft.h" 
#include "common.h" 
 
complex *tableW; 
int *bndx; 
int *ndx; 
 
void fft_init (int N) 
{ 
  int i, j; 
 
  tableW = malloc ((N / 2) * sizeof (complex)); 
  bndx = malloc (N * sizeof (int)); 
  ndx = malloc ((N / 2) * sizeof (int)); 
 
  ndx[0] = 0; 
  for (i = 1; i < N / 2; i = i * 2) 
  { 
    for (j = 0; j < i; j++) 
    { 
      ndx[j] *= 2; 
      ndx[j + i] = ndx[j] + 1; 
    } 
  } 
 
  bndx[0] = 0; 
  for (i = 1; i < N; i = i * 2) 
  { 
    for (j = 0; j < i; j++) 
    { 
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      bndx[j] *= 2; 
      bndx[j + i] = bndx[j] + 1; 
    } 
  } 
 
  for (i = 0; i < N / 2; i++) 
  { 
    tableW[i].r = cos (ndx[i] * 2.0F * M_PI / (float) N); 
    tableW[i].i = -sin (ndx[i] * 2.0F * M_PI / (float) N); 
  } 
} 
 
void fft_end () 
{ 
  free (ndx); 
  free (bndx); 
  free (tableW); 
} 
 
void fft_exec (int N, complex * in) 
{ 
  unsigned int n = N; 
  unsigned int a, b, i, j, k, r, s; 
  complex w, p; 
 
  for (i = 1; i < N; i = i * 2) 
  { 
    n = n >> 1; 
    for (k = 0; k < i; k++) 
    { 
      w = tableW[k]; 
 
      r = 2 * n * k; 
      s = n * (1 + 2 * k); 
 
      for (j = 0; j < n; j++) 
      { 
        a = j + r; 
        b = j + s; 
        cmult (p, w, in[b]);      //6 flop 
        csub (in[b], in[a], p);   //2 flop 
        cadd (in[a], in[a], p);   //2 flop 
      } 
    } 
  } 
} 
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Language: C++ 
Description: Real-time Display 
 
 
#include <qapplication.h> 
 
#include <qlayout.h> 
 
#include <qlabel.h> 
 
#include <qpainter.h> 
 
#include <qwt_plot_layout.h> 
 
#include <qwt_plot_curve.h> 
 
#include <qwt_scale_draw.h> 
 
#include <qwt_scale_widget.h> 
 
#include <qwt_legend.h> 
 
#include <qwt_legend_item.h> 
 
#include "dosepiemarker.h" 
 
#include "slmplot.h" 
 
 
 
 
 
 
 
class TimeScaleDraw: public QwtScaleDraw 
 
{ 
 
public: 
 
    TimeScaleDraw(const QTime &base): 
 
        baseTime(base) 
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    { 
 
    } 
 
    virtual QwtText label(double v) const 
 
    { 
 
        QTime upTime = baseTime.addSecs((int)v); 
 
        return upTime.toString(); 
 
    } 
 
private: 
 
    QTime baseTime; 
 
}; 
 
 
 
class Background: public QwtPlotItem 
 
{ 
 
public: 
 
    Background() 
 
    { 
 
        setZ(0.0); 
 
    } 
 
 
 
    virtual int rtti() const 
 
    { 
 
        return QwtPlotItem::Rtti_PlotUserItem; 
 
    } 
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    virtual void draw(QPainter *painter, 
 
        const QwtScaleMap &, const QwtScaleMap &yMap, 
 
        const QRectF &rect) const 
 
    { 
 
        QColor c(Qt::white); 
 
        QRectF r = rect; 
 
 
 
        for ( int i = 100; i > 0; i -= 10 ) 
 
        { 
 
            r.setBottom(yMap.transform(i - 10)); 
 
            r.setTop(yMap.transform(i)); 
 
            painter->fillRect(r, c); 
 
 
 
            c = c.dark(110); 
 
        } 
 
    } 
 
}; 
 
 
 
class SlmCurve: public QwtPlotCurve 
 
{ 
 
public: 
 
    SlmCurve(const QString &title): 
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        QwtPlotCurve(title) 
 
    { 
 
        setRenderHint(QwtPlotItem::RenderAntialiased); 
 
    } 
 
 
 
    void setColor(const QColor &color) 
 
    { 
 
        QColor c = color; 
 
        c.setAlpha(150); 
 
 
 
        setPen(c); 
 
        setBrush(c); 
 
    } 
 
}; 
 
 
 
SlmPlot::SlmPlot(QWidget *parent): 
 
    QwtPlot(parent), 
 
    dataCount(0) 
 
{ 
 
    setAutoReplot(false); 
 
 
 
    plotLayout()->setAlignCanvasToScales(true); 
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    QwtLegend *legend = new QwtLegend; 
 
    legend->setItemMode(QwtLegend::CheckableItem); 
 
    insertLegend(legend, QwtPlot::RightLegend); 
 
 
 
    setAxisTitle(QwtPlot::xBottom, " System Uptime [h:m:s]"); 
 
    setAxisScaleDraw(QwtPlot::xBottom,  
 
        new TimeScaleDraw(slmStat.upTime())); 
 
    setAxisScale(QwtPlot::xBottom, 0, HISTORY); 
 
    setAxisLabelRotation(QwtPlot::xBottom, -50.0); 
 
    setAxisLabelAlignment(QwtPlot::xBottom, Qt::AlignLeft | Qt::AlignBottom); 
 
 
 
 
 
 
 
    QwtScaleWidget *scaleWidget = axisWidget(QwtPlot::xBottom); 
 
    const int fmh = QFontMetrics(scaleWidget->font()).height(); 
 
    scaleWidget->setMinBorderDist(0, fmh / 2); 
 
 
 
    setAxisTitle(QwtPlot::yLeft, "Sound Level [Decibels]"); 
 
    setAxisScale(QwtPlot::yLeft, 0, 130); 
 
 
 
    Background *bg = new Background(); 
 
    bg->attach(this); 
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    DosePieMarker *pie = new DosePieMarker(); 
 
    pie->attach(this); 
 
     
 
    SlmCurve *curve; 
 
 
 
    curve = new SlmCurve("dBA"); 
 
    curve->setColor(Qt::red); 
 
    curve->attach(this); 
 
    data[dBA].curve = curve; 
 
 
 
    curve = new SlmCurve("dBC"); 
 
    curve->setColor(Qt::blue); 
 
    curve->setZ(curve->z() - 1); 
 
    curve->attach(this); 
 
    data[dBC].curve = curve; 
 
 
 
    
 
 
 
 
 
 
 
 
 
    showCurve(data[dBA].curve, true); 
 
    showCurve(data[dBC].curve, false); 
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    for ( int i = 0; i < HISTORY; i++ ) 
 
        timeData[HISTORY - 1 - i] = i; 
 
 
 
    (void)startTimer(50); // 200  ms 
 
 
 
    connect(this, SIGNAL(legendChecked(QwtPlotItem *, bool)), 
 
        SLOT(showCurve(QwtPlotItem *, bool))); 
 
} 
 
 
 
void SlmPlot::timerEvent(QTimerEvent *) 
 
{ 
 
    for ( int i = dataCount; i > 0; i-- ) 
 
    { 
 
        for ( int c = 0; c < NSLmData; c++ ) 
 
        { 
 
            if ( i < HISTORY ) 
 
                data[c].data[i] = data[c].data[i-1]; 
 
        } 
 
    } 
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    slmStat.statistic(data[dBC].data[0], data[dBA].data[0]); 
 
 
 
   
 
     
 
 
 
    if ( dataCount < HISTORY ) 
 
        dataCount++; 
 
 
 
    for ( int j = 0; j < HISTORY; j++ ) 
 
        timeData[j]++; 
 
 
 
    setAxisScale(QwtPlot::xBottom,  
 
        timeData[HISTORY - 1], timeData[0]); 
 
 
 
    for ( int c = 0; c < NSLmData; c++ ) 
 
    { 
 
        data[c].curve->setRawSamples( 
 
            timeData, data[c].data, dataCount); 
 
    } 
 
 
 
    replot(); 
 
} 
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void SlmPlot::showCurve(QwtPlotItem *item, bool on) 
 
{ 
 
    item->setVisible(on); 
 
    QWidget *w = legend()->find(item); 
 
    if ( w && w->inherits("QwtLegendItem") ) 
 
        ((QwtLegendItem *)w)->setChecked(on); 
 
     
 
    replot(); 
 
} 
 
 
 
int main(int argc, char **argv) 
 
{ 
 
    QApplication a(argc, argv);  
 
     
 
    QWidget vBox; 
 
    QWidget spec; 
 
    vBox.setWindowTitle("SPL"); 
 
    spec.setWindowTitle("Spectrum"); 
 
 
 
    SlmPlot *plot = new SlmPlot(&vBox); 
 
    plot->setTitle("History"); 
 
    plot->setMargin(5); 
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    QString info("Press the legend to en/disable a curve"); 
 
 
 
    QLabel *label = new QLabel(info, &vBox); 
 
 
 
    QVBoxLayout *layout = new QVBoxLayout(&vBox); 
 
    QVBoxLayout *layout2 = new QVBoxLayout(&spec); 
 
    layout->addWidget(plot); 
 
    layout->addWidget(label); 
 
 
 
    vBox.resize(400,200); 
 
    vBox.show(); 
 
    spec.resize(400,200); 
 
    spec.show(); 
 
 
 
    return a.exec();   
 
} 
 
 
 
 
#include <fstream> 
 
#include <iostream> 
 
#include <qstringlist.h> 
 
#include <qfile.h> 
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#include <qtextstream.h> 
 
#include <QDebug> 
 
#include <time.h>  
 
#include "slmstat.h" 
 
using namespace std; 
 
 
 
SlmStat::SlmStat() 
 
{ 
 
    lookUp(procValues); 
 
} 
 
 
 
QTime SlmStat::upTime() const 
 
{ 
 
    QTime t; 
 
    for ( int i = 0; i < NValues; i++ ) 
 
        t = t.addSecs(int(procValues[i] / 10)); 
 
 
 
    return t; 
 
} 
 
 
 
void SlmStat::statistic(double &dbc, double &dba) 
 
{ 
 
    double values[NValues]; 
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    lookUp(values); 
 
    
 
    double dbcDelta = values[dBC]; 
 
    double dbaDelta = values[dBA]; 
 
   
 
  
 
 
 
    dbc = dbcDelta; 
 
    dba = dbaDelta; 
 
     
 
    for ( int j = 0; j < NValues; j++ ) 
 
        procValues[j] = values[j]; 
 
} 
 
 
 
void SlmStat::lookUp(double values[NValues]) const 
 
{ 
 
    QFile file("/home/root/mainwav.csv"); 
 
    if ( !file.open(QIODevice::ReadOnly) ) 
 
    { 
 
        cout << "Error opening file.!!!" << endl; 
 
    } 
 
    else 
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     { 
 
        QTextStream textStream(&file); 
 
           do { 
 
            QString line = textStream.readLine(); 
 
             
 
             
 
                const QStringList valueList = 
 
                    line.split(", ",  QString::SkipEmptyParts); 
 
   
 
   
 
                if ( valueList.count() >= 2 ) 
 
                { 
 
                        
 
   for ( int i = 0; i < NValues; i++ ) 
 
                        values[i] = valueList[i].toDouble(); 
 
    
 
    
 
                } 
 
              
 
            
 
   
 
        } while(!textStream.atEnd()); 
 
    } 
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} 
 
#include <qpainter.h> 
 
#include <qwt_scale_map.h> 
 
#include <qwt_plot_curve.h> 
 
#include "slmplot.h" 
 
#include "dosepiemarker.h" 
 
 
 
DosePieMarker::DosePieMarker() 
 
{ 
 
    setZ(1000); 
 
    setRenderHint(QwtPlotItem::RenderAntialiased, true); 
 
} 
 
 
 
int DosePieMarker::rtti() const 
 
{ 
 
    return QwtPlotItem::Rtti_PlotUserItem; 
 
} 
 
 
 
void DosePieMarker::draw(QPainter *p,  
 
    const QwtScaleMap &, const QwtScaleMap &, 
 
    const QRectF &rect) const 
 
{ 
 
    const DosePlot *DosePlot = (DosePlot *)plot(); 
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    const QwtScaleMap yMap = dosePlot->canvasMap(QwtPlot::yLeft); 
 
 
 
    const int margin = 5; 
 
     
 
    QRect pieRect; 
 
    pieRect.setX(rect.x() + margin); 
 
    pieRect.setY(rect.y() + margin); 
 
    pieRect.setHeight( qRound(yMap.transform(80.0)) ); 
 
    pieRect.setWidth( pieRect.height() ); 
 
     
 
    const int dataType[] = { CpuPlot::dBA }; 
 
 
 
    int angle = (int)(5760 * 0.75); 
 
    for ( unsigned int i = 0;  
 
        i < sizeof(dataType) / sizeof(dataType[0]); i++ ) 
 
    { 
 
        const QwtPlotCurve *curve = dosePlot->doseCurve(dataType[i]); 
 
        if ( curve->dataSize() > 0 ) 
 
        { 
 
            const int value = (int)(5760 * curve->sample(0).y() / 100.0); 
 
 
 
            p->save(); 
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            p->setBrush(QBrush(curve->pen().color(), Qt::SolidPattern)); 
 
            if ( value != 0 ) 
 
                p->drawPie(pieRect, -angle, -value); 
 
            p->restore(); 
 
 
 
            angle += value; 
 
        } 
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