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ABSTRACT 

A digital data acquisition system has been designed 
to meet the need for a long duration noise analysis capability. 
By sampling the DC outputs from sound level meters, it has been 
possible to make twenty-four hour or longer recordings, in 
contrast to the one-hour recordings possible on seven-inch 
analog tape reels. 

The system is made up of a digital tape recorder, an 
analog-to-digital converter, an outdoor microphone unit, a 
weatherproofed microphone, two B $ K sound level meters, and 
other miscellaneous equipment. It has the capability of 
recording and analyzing data from up to eight channels in 
linear or decibel format. The operation of the system in 
terms of its setup, calibration, and the recording of digitized 
signals, as well as the computer programs used to analyze the 
signals, are described in this report. Listings of computer 
programs and of a sample problem are supplied in the appendixes. 
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EFFECTIVENESS OF PREDICTIVE COMPUTER 
PROGRAMS IN THE DESIGN OF NOISE BARRIERS 

A BEFORE AND AFTER APPROACH 

PART I. THE DATA ACQUISITION SYSTEM 

by 

J. K. Haviland 
Faculty Research Engineer 

and 

D. F. Noble 
Materials Research Analyst 

INTRODUCTION 

The purpose of this report is to describe a digital data 
acquisition system designed and built to measure noise levels 
over periods of up to twenty-four hours. The system was devel- 
oped to support a study of the effectiveness of computer programs 
in the design of noise barriers by a before and after approach 
which is being carried out under highway planning and research 
funds administered by the Federal Highway Administration, and 
which is described by the working plan in reference i. 

The community selected as the site for this study is 
an enclave in North Springfield, Virginia, bounded by 1-495, 
the Southern Railroad, and Heming Avenue. This neighborhood 
is between 2.5 and 3.0 kilometers (1-1/2 and 2 miles) west of 
the intersection of 1-495 with 1-95 at Springfield, approximately 
16 kilometers (i0 miles) south of Washington, D. C. The only 
vehicular access to the neighborhood is at the intersection of 
Heming Avenue and Long Pine Drive. Thus through traffic, which 
consisted principally of service vehicles, was held to a minimum. 
The research study calls for community noise surveys, both before 
and after the installation of barriers, to be made in such a way 
that the effectiveness of the barriers can be determined. This 
information is then to be used to evaluate the MICN01SE computer 
program for the prediction of noise, as well as other computer 
programs which may become available. 

Some of the data required for the planning process and 
for other phases of highway work are so variable that to be 
presented and weighed in any logical fashion they must be put 
into a statistical format such as LI0 Leq. etc. Whether data 



are to be collected over relatively short periods of time or 

over long periods of time depends on the purpose for which 
they are being collected. In this case, for the purpose of 
characterizing community noise, it is necessary to have large 
quantities of data collected over periods as long as 24 hours. 

The data acquisition system described.here collects 
data in digital form. Microphone signals (often referred to 
as being in AC form) are first RMS averaged and weighted(i.e., 
converted to DC form), then they are converted to digital 
form, and are finally stored on magnetic tape in a form com- 
patible with a large computer (in this case, the CYBER computer 
at the University of Virginia). In contrast, noise data often 
are collected on tape in analog form; however a great advantage 
of the digital form is that many hours of digital data can be 
collected on one tape, whereas analog recordings are severely 
limited in time duration. A disadvantage of the DC format, 
whether on analog or digital tape, is that all frequency infor- 
mation is lost. To rectify this, some provision has been made 
to obtain limited time AC recordings on analog tape. Overall, 
the advantages of working with the digital DC format are: 

It is possible to record for long periods of 
time on one tape. 

The data can be fed directly into a computer 
for analysis, thus minimizing the labor re- 
quired and the potential for human error. 

The circuits for digital systems can be designed 
by most electronics engineers using inexpensive 
integrated circuits. As low cost microprocessors 
become available, inexpensive general purpose 
equipment should become ever more available, 
making digital techniques more and more attrac- 
tive. 

This report covers a description of the measurement 
system and its operation, and also reflects initial field expe- 
rience. Sample listings from an actual example are shown in 
Appendix A, while the computer programs for tape analysis are 
listed in Appendix B. 

For quick reference, the reader is directed to the 
"OUTLINE OF PROCEDURES FOR USE OF MEASUREMENT SYSTEM". 



INSTRUMENTATION 

Requi<ements 

The following instrumentation requirements were initially 
determined. 

Simultaneous noise level measurements at 
a fixed location near the main highway 
and at a relocatable second site, so that 
the attenuation of sound between the high- 
way and the site can be determined. 

Ability to determine values of common sound 
descriptors, such as Equivalent Noise Level, 
LI0, L•0 Noise Pollution Level, Trans- 
portatmon Noise Index, etc., with averaging 
periods up to 24 hours, or for any inter- 
mediate period such as I hour. No require- 
ment was set for frequency spectra. 

3. Capacity to add channels in the future. 

Ability to record nonacoustical data such 
as wind speed and direction and temperature. 

Selection 

The instrumentation finally selected is described in 
detail in this report as it applies to the recording of two 
channels of A-weighted sound levels. Its capabilities are 
summarized below. 

The digital tape recorder, Figure i, can 
sample up to eight channels of input data 
(in combinations, of !, 2, 4, or 8 
channels) at rates between i and i0 samples 
per second on each channel. It is capable 
of storing data at 5 samples per second on 
2 channels for slightly less than 43 1/2 
hours. Support data necessary for the 
computer analysis of the tape can be in- 
serted as "headers" directly from the 
front console, Figure 2. Calibration 
signals, which also are required on the 
tape for the computer analysis, can be 
inserted through the microphones. 



Figure i. Digital tape recorder with AD converter. 

Figure 2. Front console of AD converter. 



The supporting computer programs are cap- 
able of determining root mean square (RMS) 
and cumulative percentage levels provided 
headers and calibration signals have been 
entered correctly. Also, if a decibel 
format is selected, the results can be 
expressed in terms of the standard sound 
descriptors. Provisions are made in the 
computer programs for correcting errors 
made when entering headers. 

Input may be any voltage to be monitored• 
It is normally necessary to include an 
operational amplifier circuit to provide 
the correct gain and biasing. Until the 
present time, A-weighted RMS averaged 
sound levels have been obtained from the 
DC outputs of B & K 2204 sound level meters. 
This output is a negative voltage down to 
-1.73 volts DC and is directly proportional 
to the RMS level. The useable dynamic 
range of the 2204 is 28 dB, thus care must 
be taken in setting the attenuation, as is 
described later in this report. Eventually, 
the meters could be replaced by integrated 
circuit chips which would have greater 
dynamic ranges. 

Input signals to the two model 2204 sound 
level meters have been taken, one from a 
B & K Type 4921 outdoor microphone unit, 
through twisted pair cables, and one from 
a weatherproofed microphone. However, any 
suitable available microphone systems 
could be substituted. The data might even 
be transmitted in FM form via cables or 
radio. 

The complete system can be installed in 
the noise monitoring vehicle, otherwise 
known as the van, for easy mobility. 

OUTLINE OF PROCEDURES FOR USE OF MEASURMENT SYSTEM 

This report has been written as a complete documentation 
of the measurement system and its operation. Some of the infor- 
mation supplied may seem overly detailed for the requirements of 
the average reader, and the procedures described may seem to be 



unduly complicated. Perhaps a better understanding is gained 
when one realizes that a large proportion of this report is 
aimed at two problems: 

How to operate within the dynamic range 
limitations of the 2204 sound level 
meter; and 

how to correct errors and omissions made 
during operation. 

The procedures for the use of the. measurement system 
are outlined in summary form below. Wherever appropriate, 
reference is made to the corresponding subsection heading of 
this report. 

Design of Experiment. Decide on the precise objectives of 
the experiment and on what measurements are required. 
Remember that up to eight simultaneous measurements can be 
made, and that one magnetic tape can hold data for the 
following lengths of time. 

Eight channels at 5 samples 
per second each 5 1/4 hours 

Two channels at 5 samples 
per second each 43 i/2 hours 

One channel at i sample per 
second 435 hours 

de 

It is relatively easy to change a tape, but new headers 
and calibration signals must be inserted, thus requiring 
a downtime of about 1/2 hour_ for a tape change. 

Planning• Lay out the area in which measurements are to 
be made. Visit the area. Obtain permission from land- 
owners involved. Arrange with power company for a power 
supply to the van. 

Data Transmission• Decide on methods of data transmission• 
If necessary, make arrangements with utility company (prob- 
ably the phone company) for using poles, tying cables to 
utility wires, etc. Use of the cherry picker and climbing 
equipment may be essential. 

Setting Up Equipment (see Subsections Setting up the 
System and General Precautions). Make allowances for storm 
or water damage, vandalism, and interference from power 
lines. Minimize interference from own radio and from CB 
radios by grounding equipment carefully. Place connections 
in the twisted-pair transmission cables where one will be 
able to get at them. Run checks on interference with a 



dummy load at the end of transmission cable. Make sure 
that a good clock is available so that accurate times 
can be noted when any unusual events occur. 

Calibration (see Subsection Calibration). Calibration 
must be done with great care if dynamic range is at a 
premium. The problems of allowing for dynamic range 
may be stated as follows. 

Given a representative high level value 
(say LI0) a desired range above this to 
maximum output (say 6 dB), and a stan- 
dard calibration tone (say 90 dB), a pro- 
cedure must be set down for adjusting the 
gain controls to achieve the desired lower 
and upper limits that delineate the range. 

An advantage of the 6 dB range quoted above is that 
the most significant digit of the light emitting 
diode (LED) display will just blink on at Lln 

. 
i.e., 

for i0 percent of the time. Thus a reasonao[y accurate 
check of the upper limit of the dynamic range can be 
made. The calibration itself is straightforward. A 
calibration signal must be placed on the tape for every 
channel of recording, and its equivalent value must be 
noted as the "Calibration Level". The calibration 
level may differ from the calibration tone if changes 
are in multiples of I0 dB. 

Loading Tapes. Care must be taken when loading tapes that 
they are threaded properly, and that the buffers have been 
dumped before a run. After a run, two end-of-file marks 
(Double EOF) must be recorded before the tape is removed. 

Running Tapes (see Subsection Recording Digital Data). Any 
number of runs can be placed consecutively on a tape, but 
the precaution of checking that enough tape is left to hold 
the run should be taken before starting a run. Maintain a 
log on the Field Data Sheet, Figure 3. Before any data run 

can be analyzed by computer, there must be a #2 header 
giving the starting time, and each channel of data must have 
both a calibration signal and a #I header giving the cali- 
bration level. As long as these precede the data, they can 
be in any order and can even precede previous runs. Thus 
calibrations do not have to be repeated for each run (but, 
if the instrumentation has been rearranged, the gain may 
have been changed and may need recalibration). The computer 
assumes that if a given channel has been designated, then 
all channels with higher number designations were also 
calibrated; thus calibrations can be made simultaneously 
on all channels. The analysis program assumes that the 





most recent header or calibration signal applies. For 
example, the following sequence could be used for two runs 
in which channel 2 was recalibrated after the first run- 
#1 headers on channels i and 2, calibration signal on 
channels i and 2, #2 header, data run #i, recalibration 
on channel 2, #2 header, data run #2. 

Typical Errors in Running Tapes. Since most of the errors 

are made during the handling of the tapes, the following 
list of typical errors,together with corrective actions, 
is supplied. Note the importance of keeping up the Field 
Data Sheet. 

Error Corrective Action 

Known error in a header. Note on Field Data Sheet 
for correction during 
analysis. 

Omission of a header. Note on Field Data Sheet 
for insertion during 
analysis. 

Omission of a cali- 
bration signal. 

Cannot be analyzed. 
must be repeated. 

Run 

Logical error in order 
of headers and/or cali- 
bration signals. 

Decide whether it can be 
cleared up during analysis. 
If so, note on Field Data 
Sheet. If not, repeat run. 

Tape incorrectly 
threaded, loss of 
power, etc. 

Assume that no usable data 
have been recorded and start 
over again with fresh tape. 

Double end-of-file 
before end of data. 

Note on Field Data Sheet for 
correction during analysis. 

Suspected "glitch". Place single end-of-file mark 
on tape and record on Field 
Data Sheet. The EOF will 
mark the point at which the 
"glitch" occurred for later 
remedial action. 

Indications of radio or 
other interference. 

Note on Field Data Sheet. 
Check leads, grounds, etc. 

Tape Analysis (see section Use of the Computer Programs). 
Normally, the tape is first run through program SUMM (Option 
i DISK FILE) which provides a summary listing of data, 
and creates a permanent copy on a disk file. If errors in 



headers, etc., are found on the summary listing, or have 
been noted on the Field Data Sheet, program CORR is em- 
ployed to create a corrected copy on a disk file. If 
final summaries of the corrected files are required, they 
can be obtained through program SUMM (Option 2 CORRECT). 
Finally, program AN01SE analyzes the disk file for selected 
periods, and prints a listing of the results. 

DESCRIPTION OF DIGITAL DATA ACQUISITION SYSTEM 

General Layout 

A general layout for the digital data system is shown in 
Figure 4 and a key to this figure is given in Table i. The 
system is housed in the noise monitoring vehicle (van), which 
can also be equipped for air pollution analysis. The van has 
self-contained air conditioning and a 120-volt AC power system. 

Equipment located within the van includes the master 
control unit incorporating the analog/digital (A/D) converter, 
the digital tape recorder, two B & K Type 2204 sound level 
meters, associated amplifiers, and power supplies. A NAGRA 
tape recorder is available if analog recordings should be required; 
and, by plugging headphones fnto the jack on the NAGRA, the out- 
put from the two sound level meters can be monitored by ear. 

Two microphone units are available. One is a self- 
contained portable outdoor unit that can be connected to the 
van through several thousand feet of shielded twisted-pair 
transmission cable. The other is a standard weatherproofed micro- 
phone connected by standard B & K microphone cable and is powered 
from the van. Thus, while the first microphone can be used to 
conduct surveys within a community, the second can be located 
close to a busy highway, and can be used to monitor the primary 
noise source for the area and thereby to estimate traffic loads. 

Digital Ta.pe Recorder 

The digital tape recorder is a Digi-Data Corporation 
1337-556 Incremental Tape Unit, with a 'ping-pong' buffer. Each 
half of the buffer has a block capacity of 400 six-bit binary 
words. It records on 12.7 mm (i/2-inch) seven track tape, (6-bit 
plus parity) using reels that will hold 365.8 m (1,200 feet) of 
1.5 mi! tape. Each block is stored at a density of 21.9 bits per 
mm (556 per inch), and there is a 19.0 mm (3/4-inch) gap between 

I0 
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Table i 

List of Equipment and Key to Figure 4 

A. Homemade box, contains 

B & K 4149 12.7 m (i/2 in.) microphone 
UA 0381 windscreen 
UA 0393 rain cover (with electrostatic calibration actuator) 
UA 0308 dehumidifier 
UA 0196 extension (gooseneck) 
ZC 0007 input stage 

B. 12 V supply and switch for calibration of waterproofed 
microphone 

C. 500 Hz calibrator source 

D. UA 0029 30 m (i00 ft.) cable 

E. B & K 4192 outdoor microphone unit 

F. Box with 12 V battery 

G. Belden 8760 cable 18 AWG foil sheathed, twisted-pair 
with waterproof connectors 

H. B & K 2204 sound level meters (2) 

I. 4.5 V power supply for meters 

J. NAGRA tape recorder 

K. 12 V power supply for A/D converter 

L. Digital tape recorder and A/D converter 

M. 5:1 amplifiers (2) 

N. 200 ohm active balance load 

P. 8 m [20 ft.) pole 

V. Van (noise monitoring vehicle) 

12 
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blocks, so that one block takes up 37.3 mm (1.5 inches), and a 
total of 9,800 blocks can be stored on a single tape. There is 
no upper limit on recording time, since the tape is not moving 
while data are not being accumulated. Allowing for the fact 
that 160 full 12-bit words of data are stored in each block, a 
full tape can store data taken from two channels at five per 
second for slightly under 43 1/2 hours (see subheading "Elapsed 
Time Formulae" for more details). 

Analo$-to-Digital Converter 

The master control unit incorporating the eight-channel 
converter is packaged with the tape recorder. However, the 
master unit is removable, and it has an independent power supply 
so that it can be replaced by other units. A schematic of the 
master unit, which was designed and built by a student research 
assistant (Lunglhofer),is given in Figure 5. (2• The conversion 
cycle is shown in Figure 6. During a 9.216 m-sec sampling 
interval, digital pulses in the timer are accumulated in the 12- 
bit counter, whose contents are in turn converted to an analog 
voltage in the digital-to-analog converter (DAC), and are compared 
with the eight input channel voltages in the voltage comparators. 
When any input voltage is equal to the DAC voltage (zero to i0 
volts), the contents of the 12-bit counter are loaded into the 
corresponding memory location. During the remainder of the i00 
m sec. cycle, data in the memory are available for storage in 
the buffer. Thus, up to ten samples per second can be taken from 
each of eight channels. 

Switches and lights on the face of the master control 
panel are shown in Figure 7. Their functions are as follows, 
according to the numbers shown on the figure. 

i. On-off switch with indicator light. 

Sixteen decimal bit (0-9) header selector 
switches. These are used to supply headers 
manually for recording on the tape. They 
do not affect the running of the tape. 

Decimal rate selector switch. 'Legal' 
settings are i, 2, 5, 0 for i, 2, 5, !0 
samples per second when channel mede 
switch (#6) setting is 9. For other mode 
switch settings, the rate is always i0 
samples per second. 

Decimal channel selector switch. 'Legal' 
settings are i, 2, 4, 8, corresponding to 
the number of channels which are read onto 
the tape. Other channel switch settings 
lead to irregular block lengths which can- 

not be analyzed by the computer program. 
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0 

0 

0 

0 

1S 



0 

0 

0 

0 

0 

0 

0 °/ 

I© 

16 



0n-off switch for indicator lights (#8). 

Decimal 'mode' switch (0-9)• Note that, 
not only is this recorded on the tape, bur 
that it also affects the operations of the 
recorder. 

Settin• 0 The contents of the 16-decimal 
bit selector switches (the header) are 
loaded into sixteen 6-bit binary words in 
the buffer. The contents of the mode 
switch are loaded as the 17th word. This 
is repeated 20 times, until the buffer 
contains 340 6-bit words. 

Settin@ i 9 The contents of i to 8 of 
the 12-bit words in the memory are loaded 
as 16 6-bit words in the buffer, according 
to the setting of the decimal bit 'channel' 
selector switch (#4). When this is less 
than 8, i.e., i, 2, or 4, then each channel 
is repeated 8, 4, or 2 times, respectively. 
The contents of the mode switch are loaded 
as the 17th word. The 17-word groups are 
loaded 20 times, until the buffer contains 
a block of 340 words. Note that with the 
channel selector switch (#4) set to 2 there 
would be a total of 80 consecutive readings 
from each of channels I and 2 in a block. 

Decimal bit 'display' switch• Settings 
1-8 of this switch select the channels to 
be displayed on the 12-bit LED display 
(#8). 

Twelve-bit LED display. This displays the 
contents of the channel indicated by the 
display switch. For a mode switch (#6) 
setting of 0, it gives the settings of the 
corresponding pair of header selector 
switches (i.e., i and 2, 3 and 4, 5 and 
6, etc.), while for a mode switch setting 
of 1-9, it gives the contents of the 
corresponding channel in memory. The LED 
display is turned on or bff by the toggle 
switch (#5). 

Coaxial inputs for the eight channels. 

17 



i0. 

ii. 

Stop button and !•ght. When the button is 
pressed, the red indicator light comes on 
and stays on until the buffer has completed 
loading and has dumped onto the tape. 

Start button and light. When the button is 
pressed, the green indicator light comes on 
and stays on until the tape recorder stops 
recording. For mode switch (#6) settings 
of 0 to 8, intended for calibration recordings, 
only one buffer load is dumped onto tape, 
but for a mode switch setting of 9, the 
tape recorder continues to read until the 
stop button (#i0) has been pressed. 

Outdoor Microphone Unit 

A standard B & K Type 4921 outdoor microphone unit 
supplies the signal for one of the recorded channels. This unit 
consists of a Type 4149, 12.7 mm (1/2 in.), quartzqcoated condenser 
microphone, with rain cover, calibration actuator, windscreen, 
dehumidifier, and preamplifier. The unit is attached to a box 
containing a 12-volt battery which supplies all of the power 
requirements. It is mounted so that the microphone is 1.5 m 
(5 ft.) above ground. 

Additional features include a heater; a signal generator 
supplying 215 volts at 500 Hz to the electrostatic actuator in 
the rain cover, which results in a 90 dB calibration signal at 
1,000 Hz; the option of linear or A-weighting; and an amplifier 
with gain adjustabl• up to 60 dB and with an optional 50- or 
200-ohm transformer output. 

The amplified output is fed into up to 1,500 m-(5,000 ft.) 
of 18-AWG foil-shielded twisted-pair cable having a resistance of 
89 ohms/m (27 ohms/ft.). The cable is terminated by a 
balanced 200-ohm load and by an operational amplifier whose out- 
put is fed directly into a Type 2204 sound level meter. Lengths 
of twisted-pair cable are joined by waterproof connectors arranged 
to permit the unit to be hooked up at prearranged locations. The 
twisted-pair cable can be strung along utility lines without 
danger of picking up interference. Due to capacitance effects 
of this type of cable, there is a small attenuation at frequencies 
above 5 kHz. 

Weatherproofed Microphone 

The weatherproofed microphone is a homemade unit con- sisting of a Type 4149 microphone, as in the outdoor unit, with 
dehumidifier, rain cover, and windscreen. This attaches to a 
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gooseneck and thence through the input stage to one or more 
30 m (l•0-ft.)extension cables which feed directly into a 
Type 2204 sound level meter. 

The microphone is installed in a box shaped to 
simulate a B & K sound level meter. A separate box contains 
a 215-volt, 500-Hz signal generator supplying the electro- 
static actuator in the rain cover. Twelve volt power for 
the signal generator is supplied through cables from the van. 

The microphone and box are attached to the top and 
bottom, respectively, of a 6 m (20-ft.) pole, and are intended 
for installation near the highway. Once the proper relation- 
ship has been established between traffic levels and noise 
level readings, this unit can be used to collect baseline data 
for the evaluation of noise levels obtained at different 
locations with the outdoor microphone unit. 

Miscellaneou s Equipment 

Other equipment located in the van consists of battery- 
replacing power supplies for the two Type 2204 sound level 
meters, a pair of amplifiers to invert the negative DC output 
of the meters and to amplify it five-to-one, a 12-voit power 
supply for the calibration signal generator in the weather- 
proofed microphone, and a two-channel NAGRA tape recorder 
with headphone both to make AC recordings and to monitor the 
two microphones aurally. There is a self-contained 115/230- 
volt AC power supply in the van, but because of the noise 
created by the gasoline engine, provisions were made for an 
external hookup to a power supply as an alternative. One of 
a pair of 43-MHz band radios is located in the van and the 
other in a car for communication with the outdoor microphone 
site. 

OPERATION OF DIGITAL DATA ACQUISITION SYSTEM 

The digital data acquisition system has a broad capa- bility for the storage of up to eight channels of data. The 
following description is narrowed to an application to two 
channels of noise data and to processing on the ANOISE computer 
program. Further, it is assumed that the weatherproofed micro- 
phone will be installed near the highway, and that the outdoor 
microphone unit will be used at various locations throughout the 
community. 
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Setting Up The System 

The basic setup follows the diagram in Figure !, and 
is reasonably straightforward. However, the following comments 
are made as a result of experience gained with the system. 

Because the generator system in the van is 
noisy, it is advisable to arrange for an 
external power supply. This can be made 
available through the local power company 
in a built-up neighborhood. 

Provided that permission has been obtained 
from the telephone company, the twisted- 
pair cable can be attached to the telephone 
line with plastic ties, using a cherry 
picker vehicle. Waterproof connectors 
should be installed at all points where 
the outdoor microphone is to be placed; 
for convenience, these would normally coin- 
cide with telephone poles. To avoid 
vandalism, it is probably better to climb 
the telephone poles to connect the micro- 
phone rather than to leave connectors hanging 
from the poles. 

Since the weatherproofed microphone should 
eventually be located directly above the 
barrier to minimize interference reflected 
from the barrier surfaces, it should be 
placed in the same location before the 
barrier is installed by mounting it on a 
pole. 

Note that calibrations and recordings are 
made with both sound level meters set to 
SLOW/A, and with the outdoor microphone set 
to LINEAR at a gain of up to 50 dB. 

Calibration 

Calibration would be a simple operation if it were not 
for the limited dynamic range of the B & K Type 2204 sound 
level meter, whose characteristics are shown mn Figure 8 in 
the form of output versus input expressed in decibels. Since 
the AC input to the meter is first passed through the cali- 
bration adjustment and then through the input and output 
attenuators, the overall gain is arbitary. In Figure 8 the 
overall gain is set at zero and both input and output are related 
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to the meter scale. The actual output is a DC voltage, pro- 
portional to RMS pressure, with ranges from -.032 to -1.73 
volts. These voltage values are given on the right-hand side 
of Figure 8. 

The input/output relationship depends on the crest 
factor of the input, the crest factor being the ratio of peak 
to •S value, expressed in decibels. Thus, if the input was 

a square wave, the crest factor would be zero dB; and when the 
amplifiers overloaded, the output versus input relationship 
should ideally follow the solid line shown in Figure 8. 

Data shown in the broken line were obtained with a 
sinusoida! input having a crest factor of 3. However, because 
a feedback type of RMS detector is used in the B & K 2204 meter, 
only 1.5 dB are lost from the full dynamic range potential of 
the instrument at the upper end. 

The crest factor from traffic noise will be higher than 
this. Lacking more precise information, a target LI0 of 12.5 
dB was selected. As will be seen from Figure 8, the margin 
range of the A-D converter is just under 6 dB, while the use- 
able range for a new dB crest factor would be from 4.4 dB above 
target LI0 to 30.2 dB below. To set the system up, the operator 
selects the target LI0 then adjusts the meter calibration for 
a 12.5 dB output (-1.04 volts output, which is off the scale 
of the meter). 

The adjustment is made during the calibration procedure. 
Steps (a) to (e) are required only if the rain cover and actuator 
have been removed from the microphone and replaced without re- calibrating the system. 

Remove rain cover and actuator from 
microphone and install regular grid. 

b. Set meter to "SLOW/A". 

Calibrate meter with calibrator 
or piston phone. 

d. Replace rain cover and actuator. Be 
careful to screw the cover down 
tightly. 

Energize the actuator and determine 
the calibration tone. If the tone 
is lower than the standard value 
(90 dB), first check the leads, then 
tighten the rain cover until the 90 dB 
value is obtained. 
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Subtract target LI0 from calibration 
tone and add 12.5 dB. 

 

ho 

Express result of (f) as I0N + LSET 
(setting value). 

Energize the actuator and turn adjust- 
merit screw until meter dial reads the 
setting value (LSET). The attenuator 
setting may need to be changed to bring 
LSET within the range of the adjustment 
screw. 

i. Make calibration recording. 

Subtract I0N from the calibration tone 
to obtain the calibration level (LCAL). 

Subtract I0N from the attenuator setting 
and change the setting accordingly for 
recording. An input equal to target LI0 
will now drive the output to 12.5 dB, so 
that the needle will hit the upper stops 
on the dial. 

Record data. Note that the most left- 
hand light of the !2-bit LED display 
will just come on at target LI0. 

Example #i. Target LI0 = 75 dB. 

Calibration tone = 90 dB. 

f. 90 75 + 12.5 = 27.5 dB. 

g. N : 2; LSET (setting value) = 7.5 dB. 

h. Meter reads 87.5 dB after adjustment. 

i. Calibration tone is recorded at 87.5 dB. 

j. Calibration level (LCAL) 
= 90 20 : 70 dB. 

Attenuator setting for recording 
(ATT) = 8 20 = 60 dB. 

Example #2. (Typical for incorrectly adjusted electrostatic 
actuator.) 

Target LI0 = 70 dB. 

Calibration tone : 87 dB. 
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f. 87 70 + 12.5 dB = 29.5 dB. 

g. N = 2, LSET = 9.5 dB. 

h. Meter reads 89.5 (CALSET) after adjustment. 

i. Calibration recorded at 89.5 dB. 

j. LCAL = 87- 20 = 67 dB. 

k. ATT = 80 20 = 60 dB. 

Example #3. (Typical of outdoor microphone with 40 dB gain.) 

Target LI0 = 60. 

Calibration tone = 90. 

f. 90 60 + 12.5 = 42.5. 

g. N = 4, LSET = 2.5 dB. 

h. Meter reads 122.5 (CALSET) after adjustment. 

i. Calibration recorded at 122.5 dB. 

j. LCAL = 90 40 = 50 dB. 

k. ATT = 120 40 = 80 dB. 

General Precautions 

Assuming that the system has been set up according to 
the general layout shown in Figure 4, and that each channel 
has been, or will be, calibrated according to the instructions 
in the preceding section, the following precautions should be 
taken before and during recording. 

Check for interference picked up by the 
twisted-pair cable by replacing the micro- 
phone with a 200 ohm resistance and 
reading the sound level on the meter. The 
equivalent background level due to inter- 
ference is then given by 

Equivalent interference level 

= meter reading + calibration 

tone calibration recording 

level. 
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Example: Continuing example #3 of preceding paragraph, 
assume a meter reading of 56 dB during the 
interference check. Then the equivalent inter- 
ference level = 56 + 90 122.5 = 23.5 dB, 
which is below the background level of the 
12.Tmm (1/2 in.) microphones used• 

Check for interference from radios used for site 
to van communication. If this interference is 
unacceptable, maintain radio silence during runs. 

If radio silence is maintained, arrange for an 
alternative communication link with the outdoor 
microphone site so that the calibrator can be 
turned on and off as required. (If an extra two- 
conductor cable is strung, the calibrator can be 
operated from the van.) 

Before starting the recording, watch the 12-bit 
LED display for signs of overloading. The most 
left-hand light should flash about i0 percent 
of the time if the LI0 level has been predicted 
accurately and the equipment has been set up 
properly. 

If an analog recording is to be made on the 
NAGRA, check that a tape is loaded, that it is 
set up for a run, that the proper calibration 
recordings have been made, and that the appro- 
priate gains have been set to make the recordings. 
The dynamic range of the NAGRA is sufficiently 
large that the precise adjustments needed for the 
sound level meters are not needed for the NAGRA 
recorder. 

Make sure that an accurate clock will be avail- 
able throughout the recording. 

Make sure that enough digital tape is available 
to complete the run to be started. A full tape 
contains 9,800 blocks, which will provide about 
42 hours of recording on two channels at a rate 
of five per second, allowing for headers and 
calibration data. If a new tape has to be 
loaded (a) place a double EOF on the old tape 
before rewinding; (b) thread the new tape care- 
fully, according to the diagram in the recorder; 
and (c) before advancing the new tape to the 
initial write position, press the start button 
to unload the buffer. 
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Determine the correct channel and rate settings, 
and encode them into the master controller (items 
#3 and #4in Figure 7). 

Rec.ordin$ Digital Data 

The following steps should be followed for recording 
digital data. The procedure is repeated for each recording 
until a new tape is required. Note that both 2204 meters remain 
on the SLOW/A setting, and that the 4921 outdoor microphone is 
set on LINEAR. 

Enter #I headers for each channel used, 
according to Table 2, and press the start 
button (Figure 7, #ii) once. Before 
attempting to enter additional information, 
wait for the tape to move and for the green 
light to go out, which indicates that the 
header information has been transferred to 
the tape and that the system is ready to 
accept additional information. 

Assuming that the proper calibration 
adjustments have been made, record cali- 
bration signals by the following procedure: 

(a) Set the mode switch (Figure 7, #6) 
to i for channel #i. 

(b) Energize the calibration actuators. 

(c) Press the start button. If traffic 
noise is being picked up over the 
calibration signal, as indicated by 
flashing of the left-hand lights in 
the LED display, hold the button 
down for at least one minute to 
minimize the statistical effect of 
intruding noise. 

(d) Note that a calibration recording has 
been picked up on all channels used, 
as indicated by the channel switch 
(Figure 7, item 4). If an incorrect 
calibration has been supplied on a 
higher channel than was indicated by 
the mode switch in (a) above, reset 
the mode switch to the higher value 
and repeat the procedure, this time 
using the appropriate calibration 
signal. If necessary, repeat this 
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Table 2 

No. i Header 

Header Selection Switch No. 

(Figure 7, item #2, decimal bit 
display switch) 

#i 

#2 

#3-5 

#6-8 

#9 

#10-14 

#15 

#16 

Mode switch 
(Ffgure 7, #6) 

Setting 

I 

Channel # (1-8) 

Site # 

Location # of outdoor 
microphone 

i* 

Calibration level 
(to 2 decimal places) 

Sample rate (!, 2, 5, 0 = i0) 

Channels (i, 2, 4, 8) 

0 

*Use I for decibel format, the computer programs will also accept 
0 for linear format. 
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for an even higher channel, until the 
correct calibration signals have been 
supplied on all channels. Note the 
ascending order of channel numbers, 
which must be followed to conform to 
the log-•of the ANOISE computer pro- 
gram. The mode switch does not set 
channels, it only provides data to----the 
ANOISE computer program by which it can 
be determined, through programmed logic, 
which calibration signal is to be used. 

(e) Remember to make calibration recordings 
on the NAGRA recorder, if required. 

When all calibrations have been made, enter 

a #2 header according to Table 3, and press 
the start button once. 

Turn the mode switch to "9", set the atten- 
uators on the sound level meters to the 
recording position (ATT) and check the LED 
display. If all is ready, press the start 
button when the time indicated in the #2 
header is reached. 

To stop recording, press the stop button, 
then wait for the tape to move once more for 
the red light to go out before changing 
settings or opening the door of the recorder. 
An E0F may be placed on the tape at this time 
as a marker, but is not essential. 

If further recordings are to be made, leave 
the tape recorder switched on; if the tape 
is to be removed, place a double EOF on the 
tape, and then rewind. 

Note the hierarchy of input data required by 
the AN01SE program to analyze the tape. The 
basic rules are as follows: 

The most recent input applicable to a 
given channel is used. 

Data (that is, Mode 9) cannot be 
analyzed unless both a type i header 
and a calibrationsignal have been 
supplied for each channel, and a type 
2 header has also been supplied. 
These can be in an__y order. 
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Table 3 

No. 2 Header 

Header Selection Switch No. 

(Figure 7, #2) 

#i 

#2-3 

#4-5 

#6-9 

#10-13 

#14-16 

Mode Switch 

(Fig. 7, #6) 

Setting 

2 

Month 

Day 

Time at start 

of recording in 

24-hour code 

Project No. 

Job No. 

0 
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The start time is taken from the most 
recent type 2 header. 

So far as the system is concerned, 
there is no need for recalibration 
before each run. However, if the 
outdoor microphone is moved toga 
new position, changes of attenuation 
in the cable may necessitate recali- 
bration. In such cases, recalibrations 
can be made on channel #2, using mode 
switch #2 settings, without repeating 
the type I headers. 

USE OF THE COMPUTER PROGRAMS 

There are three computer programs; namely, SUMM, CORR, 
and ANOISE. The SUMM program comes in two options: option i 
(DISKFILE) loads the system tapes onto disk files and provides 
a summary listing; option 2 (CORRECT) provides a summary listing 
of data on a disk file. The CORR program provides for the 
correction of headers, while •OISE performs the analysis of 
the digital data. Input stacks for all four variants of these 
programs are shown in Figure 9. These describe the handling of 
the digital data acquisition system tapes and the creation of 
disk files. For retention periods over about two weeks, it is 
advisable to transfer the data from disk files to permanent 
tapes. Procedures for doing this are not described here, but 
are described in the NOS/BE7 Manual. (3) 

Program SUMM, Option i (DISKFiLE) 

Option i of the SUMM program performs the following 
functions. 

Reads a digital data acquisition system tape 
and transcribes it onto a disk file. Up to N 
records, separated by double EOF's, are 
handled, where N is supplied by the user (N 
has a default value of unity). 

2. Provides a summary listing. 

Replaces all oversize (excess data) blocks 
or blocks with parity errors by null blocks, 
and assigns to them a mode number of i0. 

Replaces single EOF's with null blocks, and 
assigns to them a mode number of ii. 
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The summary listing contains the following information 
(See Appendix A for a sample). 

All header lines once, both in numeral and 
interpreted form (headers are repeated 20 
times in each block on the tapes). 

An indication that data of a given mode (i 
through Ii) are starting. 

Where•em• a mode number changes, a summary 
of blocks together with the elapsed time• 

An indication when an EOF is encountered, 
and that it has been replaced by a dummy 
block on the disk file. 

An indication when an oversize block or a 
parity error is encountered• The block in 
questibn is printed out. 

An indication when a double EOF is encountered. 
Since a total of N records are summarized, there 
will be N double EOF's in a summary listing; 
however, these will be replaced by single 
dummy blocks on the disk file. 

A final summary of the number of blocks 
in each mode• Note that data are always 
given in blocks. 

The block number is listed for each line of 
the above summary for identification. 

Prosram SUMM, Option 2 (CORRECT) 

Option 2 of the SUMM program provides a summary listing 
of a disk file or of a permanent tape. It is intended for use on 

a corrected record, after the program CORRECT has been used. 

The summary listing for the CORRECT option follows .the 
same format as for the disk file option; however, it must be re- 
called that the CORRECT option does not include creation of a 

new disk file. Therefore, no new dummy blocks are created. 

Pro sram CORRECT 

The CORRECT program transcribes a disk file and inserts 
user supplied corrections, which may be in one of two forms (see 
Figure 9). 
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"HEADER" This inserts a given header in a 

block specified by the user. 

"DELETE" This deletes a block specified by 
the user, replacing it with a dummy block• 

Prosram ANOISE 

The AN01SE program performs an analysis of the data on a 
disk file or permanent tape. It can be either in decibel or in 
linear format, according to bit nine (#9) of the #i header supplied 
with the data. The user specifies the following (see Figure 9). 

Month, Day, Hour, and Minutes at which the 
data record starts. These must coincide with 
a type 2 header (Table 3), and is required 
for identification. 

Hours and Minutes at which analysis is to 
start. 

Hours and Minutes at which analysis is to 
end. 

Analysis period in Hours, Minutes. (When 
there are several periods, they must be in 
chronological order, without overlap. There 
is no provision in the program for tape 
rewind.) 

The followi•g output data are supplied by the program. 

A listing of various calibration parameters 
for each channel. 

Uncorrected (i.e. precalibration) statistical 
levels for the calibration recordings. 

Calibrated statistical levels, plus Leq and 
Leps, for e•ch channel averaged over each 
analysis period. Also, LSIG, NPL, and TNI 
for each channel for which decibel format 
was selected on the #I header. 

Definitions of the various terms appearing in the output 
are given in the next section, ANALYTICAL RESULTS. A sample of 
the output, with a key to its interpretation, is given in 
Appendix A. 
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ANALYTICAL RESULTS 

The ANOISE computer program can present results in 
either linear form ('0' on #9 switch)(Figure 7, number 2) or 
decibel form ('i' on #9 switch). In either case, standard 
acoustical symbols are used in the headings (Leq LS0 etc.). 

Elapsed Time Formulae 

Data are stored on the tape in 340-word blocks, with 
each block containing twenty 17-word records. Two 6-bit words 
are required for each !2-bit data point, so that a record con- 
tains 8 data points and a mode switch setting. If all eight 
channels are being recorded (Figure 7, item 4=8), each channel 
is read once per record. However, the range of switch settings 
i, 2, 4, 8 corresponds to 8, 4, 2, ! readings per record from 
each channel, respectively. Channels are read !0 times per 
second in the header and calibration modes (mode switch settings 
0-8), but the rate is controlled at I, 2, 5, or !0 (Figure 7 
rate switch item 3 : I, 2, 5, 0, respectively) with the mode 
switch set to 9. Thus, given the mode switch, channel switch, 
and rate switch settings, the elapsed time can be found by 
counting records or blocks as follows. 

Elapsed Time (Mode 
= 0-8) : 0.8 x Record Count 

Channels 
Secs 

= 16 x Block Count Secs 
Channels 

Elapsed Time (Mode 
: 

9) = 8 x Record Count Secs 
Rate x Channels 

160 x Block Count Secs 
Rate x Channels 

Raw Data Definitions 

Symbols in parentheses are as in the ANOISE program out- 
put; note that standard acoustical symbols are used for linear 
output. 

Let xij = 
ith reading on jth channel; 

i i N; 

j = i Channel Switch setting; and 

N : 8 x Record Count/Channels. 
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Then 
i N 

xRMSj [. •. 2 
i:1 xij : RMS value 

4 i 2 4 ej(=LEPS) NX4RMS j i I x ij i 

: Coefficient of RMS variance for readings 
on channel j. 

Ej (= UNCORRECTED L VALUE) 
= The value for x on channel 

j which is exceeded E% of the time. 

Then 

Linear Data Definitions. 

XCALj (= CALIBRATION LEVEL) = 
Calibration level for 

channel j (from switch positions !0 14 on 

type i header). 

(Xej) 
c 

(: LE REFERENCE) = Value of XEj obtained from 

last calibration signal, based on a value which 

was exceeded e% of the time, where e either 

had the value of 50 or was selected according 

to the nature of the calibration signal. 

Leqj 

LEj 

(= LEQ) = XRMSj x XCALj/(Xej) 
c 

Calibrated 

rms level on channel j (the units are the 

same as for the calibration level); and 

(= L99 to LI) : xEj x XCALj/(Xej) 
c 

: Cali- 

brated level on channel j which is exceeded 

E% of the time. 
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(Lej) 

Decibel Format Data Definitions 

LCALj (= CALIBRATION LEVEL) : 
Calibration level 

for channel j expressed in decibels. 

c 
(• LE REFERENCE) 20 lOgl0 (Xej) 

c 
= Uncorrected 

level, based on e%, obtained from last cali- 

bration. 

Leq j (= LEQ) = 20 lOgl0 (XRMS) j + LCALj (Lej) 
c 

= 

"Equivalent Level". 

LEj (= LI to L99) = 20 log!0 XEj + LCALj (Lej) 
c 

: 

Calibrated level on channel j which is exceeded 

E% of the time. 

(: LEPS) = 20 lOgl0 (i + aj) e 8.686 aj 
: Standard deviation expressed in decibels, 

based on readings on channel j. 

(= LSIG) : (LI0 j L50j)/I.28 
: Standard deviation expressed in decibels, 

based on assuming that L E is derived from 

a normal distribution. 

(= NPL) : Leq j + 2.56 LSIGj 
= Noise Pollution Level, a noise descriptor 

developed by Robinson (reference 4). 

(=TNI) 
= 4 (L10 j L90 j)_ + L90 j 30 

= Transportation Noise Index. 

LEPSj 

LSIGj 

NPLj 

TNIj 
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CONCLUSIONS 

As a result of limited experience in the field with the 
measurement system, the following conclusions have been reached. 

The digital sampling feature of the system makes it 
possible to collect data for well over 24 hours, in 
contrast to the 30-minute to 2-hour recording times 
of analog equipment. 

In digital form, the data rapes can be analyzed 
quickly on the computer, in contrast with the many 
hours which must be spent in the laboratory with 
analog data. 

The loss of frequency information with digital re- 
cording could be disadvantageous, and certainly 
means that analog recording must also be available 
if spectral data are required. 

Although some troubles were experienced with the 
equipment during its first introduction in the field, 
particularly from radio interference, it is believed 
that these have been cleared up by minor redesign, 
including the elimination of ground loops. 

Although the cost of making the first set of measure- 
ments was much higher than previously experienced, 
this was evidently due to the fact that the measure- 
ments were much more ambitious than previously 
attempted. For example, direct labor costs relate 
to time in the field, so that the 160 hours of 
recordings made were inevitably costly in comparison 
with the series of 15-minute measurements made 
earlier. Also, the desire to obtain measurements 
from throughout a neighborhood, and in some cases as 
much as 2,000 m (6,000 ft.) away, led to the use of 
a cherry picker for attachin• the cables, which is 
expensive when compared with laying up to 120 m (400 ft.) 
of •able_across. fields. 
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RECOMMENDATIONS 

The following recommendations are made. 

The digital measurement system should be used when- 
ever possible. Exceptions would be occasions where 
spectral components are required, where very short 
recordings are satisfactory, or where recordings 
must be made with little or no notice. In most of 
these cases, considerable work will be necessary in 
the laboratory on the analog tapes made. •hen appro- 
priate, the digital measurement system can still be 
used in laboratory analyses. 

A second outdoor microphone system is desirable and 
should be obtained whenever practical. 

Consideration should be given to updating the system 
as follows: 

(±) Replace the B & K 2204 meters with RMS- 
detecting integrated circuits. 

(ii) Replace the twisted-pair cable systems 
with an FM system. 

(iii) Replace the single all weather micro- 
phone with a pole capable of holding 
several microphones at different heights. 
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APPENDIX A 

SAMPLE ANALYSIS 

The purpose of this Appendix is to illustrate the re- 
cording and analysis of data with an actual example, using the 
original system tape No. VHRC01, which contains almost every 
type of error conceivable. First it is placed on permanent file 
as No. EXNOY01 and summarized. Then a corrected file, EXNOY01A, 
is created and summarized. Finally, the data on the corrected 
file are analyzed. The reader should refer to Figure 9 for 
details of the input stacks and for card formats. 

Field Data Sheet 

The sample field data sheet is shown in Figure A-I. 
Initially, a 24-hour run was started at 1500 hours on May 19; 
however, this was stopped at 1843 hours, and a fresh 24-hour 
run was started at 2220. During this run, the attenuator 
setting on #2 channel was changed at about 0520 hours on the 
morning of May 20. This is definitely not a recommended pro- 
cedure, but would have been better if an E0F had been recorded. 
The proper procedure would be to insert a new header. 

The 17 co•mns on the data sheet are for recording the 
16 header selection switch settings (Figure 7, item 2) and 
for the mode switch setting (item 6). Note that for this 
example each header is recorded on the sheet with both runs 
having two #i headers, one each for the two channels, and one 
#2 header, which gives the starting time. In between these, 
there is a calibration recording on mode I (the mode switch, 
item 6 of Figure 7, is set to i) for each run, meaning that the 
calibration tones are to be on and used for both channels. Also, 
note that both runs were made on mode 9. 

The four partial columns on the extreme right record 
the calibration tone; first, the target LI0 value assumed in 
setting up the runs, then the actual calibration recordings as 
read on the 2204 dials, and finally the 2204 attenuator switch 
settings. Levels for the #2 channel are high because of the 
amplifier settings in the outdoor microphone unit. 

Table A-I is supplied to help the reader check the cali- 
bration procedure used. Reference should be made to the section 
in the main text under the heading Calibration for details of 
the analysis. 
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Table A-I 

Summary of Calibration and Dynamic Range Calculations 

Run of May 19; 1500 Run of May 19; 2220 

Quantity Channel #i Channel #2 Channel #! Channel #2 

Target LI0 83 63 84 63 

Cal. Tone 94 90 94 90 

Step f 23.5 43.5* 22.5 39.5 

Step g 20 40* 20 30 

LSET = 3.5 3.5* 2.5 9.5 

Steps h,i; CALSET : 83.5 123.5" 82.5 129.5 

Step j; LCAL = 74 50 74 50**/60 

Step k; ATT 60 80 60 80**/90 

* These figures were computed in error as though the calibration 
tone had been 94 dB. Thus 4 dB were lost in the upper dynamic 
range. Otherwise, calibration is correct. 

** The original attenuator setting of 50 dB was too low, so that 
i0 dB were lost in the upper dynamic range. It was changed 
during the run. 

Channel #i had to be calibrated with a 94 dB hand-held 
calibrator because of a malfunction in the electrostatic cali- 
bration circuit. During calibration, the attenuator dials were 

at 80 dB, but were switched back to 60 dB during data recording 
so that the calibration level was equivalent to 74 dB, as shown 
in the #i header. This is the only information required by the 
program; information on LI0 and on the calibration recordings 
is relevant only for determining the dynamic range. 

An accidental, double end-of-file (Double EOF) is noted 
after the first run. Later, a correction must be applied the 
double EOF, otherwise the computer will take it as the end of 
the tape. A single EOF could have been placed here, but is not 
required. 
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First Summary Listing 

The input stack for SUMM (Option I, DISK FILE) is shown 
in Figure A-2, while a complete listing of program SUMM is given 
in Appendix B. Note that the tape VHRC01 is supplied, and that 

a disk file EXNOY01 is created with a 30-day retention period. 

Note that the second input data card reads "DISK FILE 2". 
The numeral 2 indicates that there are two double EOF's, and 
that the first is to be ignored. 

The first Summary listing is shown in Figure A-3. This 
contains several errors, which have been indicated by hand. Also, 
to take care of the change in attenuator setting, additional #i 
and #2 headers will have to be inserted in blocks #3038 and 3039. 
These block numbers were computed as follows: 

Running time up to attenuator change 

2220 to 0520 7 hours 

Block count for 7 hours at rate setting of 5 per sec. and 
channel setting of 2 is given by 

160 x Block Count 
Rate x Channels 

: 160 x Block Count 
5x•' 

: 7 x 3600 secs. 

.'. Block Count 1575 

Block number starting block + block count 

: 1464 + !575 : 3039 

Correction of Disk File 

The input stack for CORRECT is shown in Figure A-4, and 
a complete listing of program CORRECT is given in Appendix B. The 
stack contains HEADER cards for the insertion of new headers and 
DELETE cards for the deletion of some unwanted headers. The out- 
put listing from this program shown in Figure A-5 repeats these 
cards. 

Note that the block numbers shown correspond to the block 
numbers in Figure A-3, and that the cards correct the errors in- 
dicated on this figure. The corrected file has been catalogued 
as EXNOY01A. 
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Second Summary Listin• 

The input stack for SUMM (Option 2, CORRECT) is shown 
in Figure A-6, and the summary listing itself is shown in Fig- 
ure A-7. 

Comparing Figure A-3 and A-7, it will be seen that the 
necessary corrections have been made to the file and that it 
now contains three data sets, with the last of the two in Fig- 
ure A-3 having been split by the insertion of a #i header for 
channel 2 in block 3038 and a #2 header in block 3039. It was 

not necessary to supply a #i header for channel ! because it 
remained the same as before. Also, new calibration signals 
were not required because the previous ones remained valid. 
This illustrates the logical makeup of the AN01SE program which 
uses data from the most recent header or calibration signal. 

First Analysis 

The input stack for the AN01SE run is shown in Figure 
A-8, and the output listing itself is shown in Figure A-9. Note 
that the output consists of headings derived from the headers on 
the file, together with three tables, each having a separate row 
for every channel. The output is largely self-explanatory, and 
the reader is referred to the section of the main text under the 
heading ANALYTICAL RESULTS for derivations. However, the follow- 
ing comments are offered. 

First Table: This supplies some general information on the 
calibration. Note that 

(i) L E REFERENCE lists e (as LS0 etc.) 
and (Lej) 

c 

(ii) CORRECTION FACTOR is the CALIBRATION 
LEVEL minus LE REFERENCE (LCALj (LeJ)c). 
This is to be added to the raw data 
to obtain LEQ and LE. 

Second Table: This supplies the raw (uncalibrated) percentage 
levels on each channel during the calibration. 
Since a uniform calibration tone is used, the 
values should be practically constant between 
L99 and LI, as indeed they are on channel #2. 
However, on channel #i they vary considerably. 
A large part of this variation was attributed 
to the fact that the hand-held calibrator gave 
only a one-minute tone during a ten-minute re- 
cording, so that anything below LI0 was in- 
correct (an obvious procedural error). Varia- 
tions above LI0 were noted on channel #i during 
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Third Table: 

other recordings, and were attributed to the 
passage of noisy vehicles during calibration. 

This supplies various descriptors averaged 
over the periods selected by the user. Note 
that a time period cannot start earlier than 
the starting time on the #2 header, 1500 hours 
in this example. However, it will always end 
at the actual time at which the data recording 
ended, if this is less than the time requested; 
for example, the last period shown ends at 
2043 hours rather than 2100 hours. The per- 
centage usable data supplied in the subheading 
reflects the number of dummy blocks encountered 
during the analysis of the disk file. 

Second Analysis 

Because of the bad calibration on channel #i, data must 
be recovered by a second analysis. The input stack for this 
is shown in Figure A-10, but no output is shown. 

The essential probem is to determine an effective 
value since the calibrator was not on 50 percent of the time. 
This can be done as follows 

(i) The maximum uncalibrated reading possible 
from the 12-bit system is 

20 
log10(212 -i) 72.25 dB. 

This reading is obtained when the signal 
to the A-D converter is i0 V. 

(ii) According to Figure 8, the maximum 2204 out- 
put is 1.73 V, corresponding to 16.9 dB. 

(iii) The gain between the 2204 and the A-D con- 
verter is 5. 

Thus, given the meter setting value during calibration (LSET), 
the uncorrected value should be 

L 
e 

= 20 LOgl0 12 -i) -20 lOgl0 i0 

+ 20 log i05 + 20 lOgl0 1.73 16.9 

+ LSET : 54.1 + LSET. 
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Example i. Channel #i. Accordingto Table A-I, the value for 
LSET was 3.5 dB (i.e. the meter reading was 83.5 
dB. Therefore, 

L 
e 

54.1 + 3.5 
-- 57.6 

This is close to the LI0 value of 57.9 dB listed 
in the second table of Figure 9; therefore LI0 was 
entered in the input stack shown in Figure A-10. 

Example 2. Channel #2. With LSET equal to 3.5 dB again, L 
e is again 57.6, which is sufficiently close to 

the value 57.4 obtained for LS0 to L30. There- 
fore, L can remain at LS0 on channel #2. Since 
this isethe default value, it need not be entered 
into the cards shown in Figure A-10. 

A-28 



APPENDIX B 

LISTINGS OF COMPUTER PROGRAMS 

Listings of the computer programs SUMM, CORR, and 
ANOISE are supplied in Figures B-I, B-2, and B•3, respec- 
ively. These programs are operational on the CDC CYBER 
computer, but would possibly require some changes before 
running on an IBM computer. Since the sample output was 
prepared for Appendix A, there has been some minor editing 
of the output formats. 
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APPENDIX C 

USE OF LINEAR FORMAT 

It has already been noted that a i must be inserted 
on display switch #9 when entering the #i header, if a decibel 
format is to be used. All of the preceding examples have 
assumed that acoustical data are being processed and that a 
decibel format is required. 

Figure C-I and C-2 show the results of processing 
identical datafirst by the decibel format, then by the linear 
format. Note that the words 'DECIBELS' and 'LINEAR', respec- 
tively, appear in the first tables of the output listings. 

Definitions of both linear and decibel formats are 
given in the main text under the heading ANALYTICAL RESULTS. 
The linear format was included so that variables such as wind 
speed or temperature could be recorded, and so that the system 
could have nonacoustical uses. Since the output is in fixed 
decimal form, care must be exercised to keep data within the 
range XXX.XX. Although the examples show both channels mn 
either decibel or linear format, the selection can be made by 
individual channels. Thus there could be two channels with 
acoustical data in decibel format, a third with temperature 
data in linear format, and a fourth with wind speed data also 
in linear format. 
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