Spectrum Measurements with SmaartLive:
Concepts and Applications

Paul D. Henderson

A key component of the SmaartLive application is its Soectrum mode, which provides a highly flexible
FFT-based real-time analyzer capable of advanced audio signa measurements. The spectrum mode is
useful in many applications, including noise and sound exposure measurements, the location of feedback
frequencies in sound reinforcement, and cinema system optimization, as well as general signal monitoring
tasks. This document serves as an introduction to effectively applying the Spectrum mode measurement
capabilities. A general knowledge of the topics covered in “Getting Started with SmaartLive’ and “The
Fundamentals of FFT-Based Audio Measurementsin SmaartLive” will be helpful when reading thistext.

I. Basic Spectrum Analysis

The real-time analyzer, or RTA, is a familiar tool to audio professionals, allowing the user to view the
spectral content of audio signals throughout a system. Traditionally, RTAs were constructed as dedicated
hardware devices, capable of displaying signal power versus frequency in fractional-octave bands. In
early devices, banks of analog filters separated the spectrum into constant-percentage bandwidth sub-
bands, and alevel detector circuit was used to drive the unit’sdisplay. The result was alimited-resolution
frequency domain view of the spectrum of the incoming signal (Figure 1), akin to the limited-time view
provided by an oscilloscope.
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Figure 1: Traditional real-time analysis: fixed & limited resolution.

SmaartLive provides an advanced alternative to traditional RTAS, taking advantage of the computational
efficiency afforded by the Fast Fourier Transform (FFT) and digital signal processing. SmaartLive has
the capability to provide a much higher spectral resolution than filter-based approaches, and can
simultaneously acquire a temporal signature of spectral changes over time. SmaartLive can display the
fine structure of the linear-frequency FFT spectrum of the input signal or may be configured to show a
fractional -octave (banded) view with similar response to a hardware RTA.

This section will introduce the various measurement techniques used throughout the Spectrum mode,
specifically targeting those measurement tasks that do not require an absolute-level calibration. Several
applications are reviewed, including monitoring and troubleshooting of audio equipment and the location
of electroacoustical feedback frequencies.
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Monitoring Audio Signals

For this application, we will investigate the use of the Spectrum mode to view the frequency content of
generic audio signals, such as those received by a microphone or output by a mixing console. Figure 2
shows a simple measurement configuration for this task, where SmaartLive monitors the output of both a
microphone preamplifier and a mixing console. While a simple configuration, the connection diagram in
Figure 2 is a powerful tool for use in sound reinforcement, as SmaartLive may be instantly switched
between the Spectrum and Transfer Function modes for quick access to information for both equalization
purposes (the transfer function) and the live signal spectrum.

Measurement
Microphone

Microphone Line
Preamplifier InputL

Computer with

SmaartLive™

Mixing Console
Figure 2: Monitoring microphone and mixing console signals.

Basic RTA Use

If we launch SmaartLive with its default parameters . T
and start the Spectrum mode, we will see a graph

representing the signal power-versus-frequency in =
1/12"-octave frequency bands for both input o
channels (see Figure 3). You will note that thetime .| .. | = " =l
response of the RTA display is quite fast; thisis due T
to the short time constant (186 ms) and the fact that
there is no frame averaging applied to the display
(averages = 1). A fast time response is useful only
for very specific applications, primarily when ajoint
time-frequency analysis of a signal is desired, such
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as with a spectrograph (as we will see later). This W s ik o sk ok ok o4 ek ik
short time constant also provides minimal low- Figure 3: Defaultlive RTA ectrr;o’l oy (12" cctave)
- . Igu . UIT 11V¢ ul I - \VE).
frequency resolution, where thefrequgncy I"eSO| Uthn Green curve: n’icf(r))phone, blusg cti’ve: mixer output.
in this case is
\/Technical N 5.4 Hz. Asyou can seein Figure 3, the Iow-frequepcy bands seem
to have a smooth appearance, due to the low density of FFT data
The exponential averaging modesin bins at these low frequenCi €s.
SmaartLive conform to the A_N Sl_ S1.4-1983
sterdard, where the Sxponental time To improve the spectral view, we can increase the FFT size and use
frame averaging to adjust the time response of the display.
Fast:  t=125ms Changing the FFT size to 16k-bins and the averaging to slow

Slow: t = 1000 ms
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provides both additional low-frequency resolution and a more stabilized time response.
The slow characteristic is based on a running exponential integration, and is useful for
continuous signal monitoring during a live performance, noise level measurements, etc.
The fast characteristic provides a much more immediate time response, and is useful for
viewing transient signal information, such as specific musical notes. Note that the
spectrum mode also alows for FIFO-style frame averaging, but, in most cases, this
averaging technique is seldom required or recommended for Spectrum mode
measurements. Note that both banded (1/24™, 1/12" 1/6" 1/3 and 1/1-octave) and
narrowband (linear- and log-spaced) views are available. For amore detailed treatment of
the FFT, averaging, and banding parameters, please see the article “ The Fundamentals of
FFT-Based Audio Measurements in SmaartLive’.

You will note that, by default, the Spectrum display shows two

separate traces, one for each input channel. SmaartLive contains a set

of simple controls for managing the display of the two input channels,

located directly underneath the input signal level meters. You may

define either of the two input channels as the active channel by

clicking the active indicators below the level meter. The current active

trace will be brought to the front of the spectrum display, and the SPL

Meter, SPL History Graph and Spectrograph displays will reflect the )
input signal from this channel only. The color of each of these S€tactive
displays will change to reflect the currently active channel. When trace
using these advanced functions, it is important to note that the
appropriate input channel is selected as active in order to obtain valid Show/hide
data. In addition, clicking the show/hide channel buttons will enable or

disable the display of the associated spectrum in the RTA window. traces

By default, traces in the RTA view contain peak hold bars, which hold the maximum value of the
measurement parameter at each band or bin for a specified period of time. The configuration parameters
for the peak hold mode may be found in the Input Options dialog box, which may be
launched with the menu command Options? |nput, or by pressing the key combination
Alt+l. The hold time can be customized or an infinite hold mode may be activated,
which holds the detected peak levels for an indefinite period of time until the next buffer
reseed (performed by pressing the V key on the keyboard). In addition, the peak hold
bars may be removed from the display for a more continuous, orderly appearance.

By hovering the mouse pointer over the RTA spectrum, the level and
center frequency of the selected band is shown in the readout above
the trace display. In addition to this function, SmaartLive can display the musical note
associated with the band center frequency using Note ID mode. Note ID mode may be toggled
using the View? Note ID menu item. In addition, a reference piano keyboard may be
activated using the Graph Options dialog box, accessible under menu item Options? Graph.

D#6/EbB|

»

You may use SmaartLive's reference trace functions to save a snapshot of the measured
spectrum to a storage register for later recall and on-screen comparison. SmaartLive contains five
referenceregisters (A, B, C, D & E), each capable of storing up to four individual traces. Asan example,
clicking the button for register Al (the first register button in the A group) will activate
m this memory location. Click the E& button below the plot area to sample and display the
current trace as an overlay on the plot. Note that the curve that will be captured is the
current active trace, as defined above. The reference register stores the raw, post-
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averaging FFT data, so the curve may be later viewed using any desired fractional-octave banding or
narrowband display scheme.

Viewing a Long-Term Spectrum Average

The averaging buffer may be set to Inf, which will 0 T
provide an equal-time-weighted average of the entire
signal spectrum since the last buffer reseed. This =
method can provide you with a view of the long-
term spectrum of the signal, a measure of the
“spectral signature” of the input signal.  For
example, the 1/3-octave spectrum in Figure 4 is a
long-term average of a musical performance. This
technique is aso useful for capturing a stable
measure of the continuous noise level in a room,
which will be discussed later. Note that pressing the
V key on the keyboard will reseed the averaging ns e @ om0 sw o W w o
buffer, restarting the infinite averaging procedure at e

any desired time.

Decibels (d8)

Figure 4: 1/3 octave long-term spectrum of a musical
performance.

Performing Harmonic Distortion Estimates

An interesting and sometimes-overlooked feature of SmaartLive's Spectrum mode is its capability to
perform arough Total Harmonic Distortion or THD measurement at a single frequency. THD isametric
used to quantify the nonlinear distortion of a system or device. A system with nonlinear distortion will
output multiple frequencies for a single-frequency (sinusoidal) input, where those output frequencies will
be multiples (or harmonics) of the input signal. This is typically due to a nonlinear “transfer
characteristic” between the system input and output, which can be caused by tape saturation, digital
clipping, transistor saturation, or nonlinear effects in loudspeakers. SmaartLive’'s THD capability is
useful for quantifying the distortion measure of analog recording devices and power amplifiers, aswell as
for determining a (rough) distortion metric for loudspeakers.

For this measurement, you will need to use I 201.4 Hz, -12.0 dB (THD: 0.12%)
SmaartLive’'s internal generator to output a
single-frequency tone into the device-under-test
a a reference frequency, and a low-distortion
audio interface. The measured THD will
represent the total distortion of the entire
measurement system, so it is imperative that the
measurement system have significantly lower
distortion than the device under test. Figure 5
shows an example configuration, where a THD
measurement of a loudspeaker is being |
performed. By placing the RTA in 1/24"-octave

RTA [PAUSED]
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resolution mode and activating the menu item . e ————— L
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under View? Cursor? Show THD, e

SmaartLive will cdculate the total harmonic

8 . . Figure 5: Sample THD measurement of a small loudspeaker at
distortion from the amplitude of the fundamental 200Hz THD=0.12%.

and subsequent harmonics at the current cursor
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position. Set the generator to Sine Wave to output a single frequency of choice, and place the cursor at
that frequency. It may be necessary to increase the FFT size to maximize the low-frequency resolution of
the measurement. Figure 5 shows a sample measurement of a small loudspeaker at 200Hz. For the
measurement of aloudspeaker, the room should be very quiet, and a low-distortion microphone should be
employed. Note that you may also use the Show Harmonics feature of SmaartLive by pressing Ctrl+H,
which will activate a grid marking the harmonics relative to the locked cursor position. See the
SmaartLive User Guide for more information.

II. Viewing Spectral Changes in Time: the Spectrograph

Many audio signals that are encountered in the field are highly dynamic: musical signals, speech, and
even environmental noise contain significant changes in spectral content as a function of time. While the
classical RTA spectrum display is useful for viewing the time-averaged spectral content of a signal, a
display technique is required to enable the analysis of the incoming spectrum over time. SmaartLive's
Foectrograph mode fulfills this requirement, providing a three-dimensional view of the incoming signal:
energy versus frequency versus time (Figure 6). The spectrograph can be thought of as a record of
multiple RTA spectrums taken over time, with color representing amplitude. Using this functionality, the
spectral content of the input signal is recorded asit changesin time, allowing the user to view and analyze
time-varying trendsin the input signal. The Spectrograph display islaunched while in Spectrum mode by
pressing the E28 button. Note that the Spectrograph display is derived from the current active trace.

I Spectro Range
—

Frequency (Hz)

80to 30 dB

Time

Figure 6: An example spectrograph of a musical performance.

As a troubleshooting tool, the Spectrograph mode is useful for finding spectral “defects’ in a system or
acoustical environment. Certain audio signals or acoustical events contain specific traits that can be
easily detected due to their distinct time/frequency signature, specifically, highly tonal sounds such as AC
line noise in an electrical signa chain or the presence of electroacoustical feedback.
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range, and time averaging options are critical to achieving e T

readable displays with this mode. The Spectrograph Options
dialog may be  launched using menu item
Options? Spectrograph or by clicking the Spectro Range scale
indicator. This dialog alows you to configure the color scale
and amplitude range as well as the frequency and time axis
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behavior. When configuring the spectrograph, the following issues are important to note:

Spectrum banding: The banding scale of the spectrograph display tracks the selected banding of
the RTA. For most applications, a 1/24™-octave or log-narrowband scale provides the best
broadband frequency resolution. Low fractional-octave resolutions typically result in a rough
appearance.

Time response: By default, the time response of the spectrograph display tracks the averaging
depth selected for the RTA. However, excessive averaging (or averaging at al) can obscure
time-based details in the spectrograph, such as in Figure 7b. For most applications, check the
Instantaneous Spectrograph box in the Spectrograph Options dialog. With this option, each
spectrograph frame will represent a minimum-width time slice of the input signal, improving the
time response of the display (Figure 7a). In addition, the number of FFT frames contained within
the spectrograph may be set in the Frames to show in Spectrograph field. Higher numbersyield a
slower time response, with more time history contained within the window. Conversaly, lower
numbers produce faster movement along the time axis. The absolute-time length of the time axis
isafunction of thisvalue and the speed of your computing hardware.

Amplitude range: It is imperative that an appropriate amplitude range be selected in order to
reveal the desired amplitude details from the input signal. The current range is configured using
the Min dB and Max dB boxes in the options dialog. Selecting too large an amplitude range may
obscure amplitude details by plotting a minimal change in color as the input spectrum changes
(Figure 7c), and too narrow a range or values too high or low may lead to undershoot and
overshoot errors (Figure 7d). The selection of an appropriate scale will enable the detection of
spectral details with high definition in amplitude, asin Figure 7a.

See the SmaartLive User’s Guide for information regarding additional configuration options for the
spectrograph display.

-‘a——" E I Spectro Range = j Spectro Range
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Time Time
(a): Instantaneous spectrograph, acceptable magnitude (b): Sow-weighted time response,
range calibration & good time resolution time-domain details lost
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amplitude details lost peaks lost in clipping (white regions)

Figure 7: The effect of selecting various spectrograph parameters;
1/24-octave banded spectrograph of an identical input signal.

Spectrum-Mode Measurements with SmaartLive: Concepts and Applications Page 6



Locating Feedback Frequencies in Sound Reinforcement

Here, we will discuss the use of SmaartLive in determining el ectroacoustic feedback frequenciesin sound
reinforcement and/or stage monitoring systems. The location of feedback frequencies during live sound
performance is a task especially well-suited for the Spectrograph mode, which provides an advantage to
detecting the unique time/frequency signature of feedback ring tones.

Microphone  Stage Monitor

Acoustical Environment

Power

M Equalizer Preamplifier

Mixing Console

Computer with
SmaartLive™

Figure 8: Finding feedback frequenciesin a stage monitoring system.

Figure 8 shows a simplified stage monitoring system with SmaartLive configured to monitor the console
output signal before the equalizer. On a practical note, this connection can be made on the console's
wedge output with access to the solo bus, so that any monitor output send can be retrieved immediately.

A typical optimization process for a stage monitor system would entail an accurate equalization process
using SmaartLive's Transfer Function mode, followed by in-show dynamic equalizer changes based on
feedback modes that may be found as the acoustical environment varies. Note that afeedback modein an
electroacoustical system needs two components to begin “ringing” (or regenerating): a system-borne
instability at any frequency and ambient sound energy at that frequency to initiate the regeneration.
Therefore, it is imperative to note that using any method to locate feedback frequencies (commonly
known as “ringing out” a system) without active signals in the system (such as a live performance) will
result in inaccurate adjustments. If this process is performed without ambient sound such as in a pre-
show configuration, some broadband energy should be introduced to the system (such as low-level pink
noise). Electroacoustical feedback is created by narrowband loop-path instability, and is primarily a
single-frequency effect, although multiple feedback modes may be excited simultaneously.
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Figure 9: Feedback signatures in spectrograph and spectrum displays.

This time-domain element of the spectrograph can be exploited in the task of finding feedback
frequencies, since the ringing of electroacoustical feedback has atime-domain signature, i.e., it is constant
in frequency and has both a duration and envelope in time. Narrowband constant-frequency signals such
as a feedback ring tone or tonal noise source show up as horizontal lines in the spectrograph, making it
somewhat easier to find these effects in the presence of a more complex signal, such as a live musica
performance. Figure 9 illustrates this effect, as well as the simultaneous use of the spectrograph and RTA
displays. An additional advantage of this technique is that the operator can immediately reduce the gain
to eliminate the feedback loop on the console, and the running spectrograph will contain a history of the
ring frequency for subsequent equalization changes. Note that, when controlling compatible external
signal processors, their control parameters may be changed without leaving Spectrum mode. A Control
frequency response display will appear, allowing you to view calculated EQ traces for compatible devices
just asin the Transfer Function mode.

Il. Performing Calibrated Measurements

For the measurement procedures introduced in Section |, SmaartLive was in its uncalibrated state: the
values displayed were relative to the maximum full-scale range of the analog-to-digital converter.
However, some measurement procedures require absolute calibration, where the displayed values are
calibrated relative to real-world physical quantities. While SmaartLive can be calibrated to any decibel-
based scale (dBu, dBm, etc.), the most commonly-used absolute scaleis dB-SPL.
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Calibrating the System for SPL Measurement

i Measurement Microphone Line
calibrator Microphone Preamplifier InputL

&N >r—e - R | comerin
R SmaartLive™

N
Y

Figure 10: The SPL calibration process.

In Spectrum mode, the entire system can be calibrated in a single step, _
including the built-in sound level meter. Several techniques are outlined in \/TECh”'Ca' Note
the User Guide for performing the calibration, but we will cover only the

most accurate and widely-accepted procedure, which utilizes a sound level gfgsgél_ z fopi?h?g"s
calibrator as an absolute level reference (see Figure 10). The calibrator 104dB-SPL = 3.2PaRMS
= 10PaRMS

should be correctly sized for your measurement microphone in order to ~ 114dB-SPL
ensure an airtight seal with the capsule. Most calibrators output a 1 kHz

reference tone at one of the following reference levels: 94, 104, or 114 dB-SPL. Choose an appropriate
reference level and adjust your microphone preamplifier gain to achieve sufficient headroom with this
reference pressure. Place SmaartLive into 1/3"%-octave RTA mode. The 1/3
octave maode is employed to make certain that all of the energy from the windowed

amplitude Calibration x|

[ Curent Value From Locked Cursar )

Curertvabisis: [T a8 sinusoid is taken into account. If calibration is performed in a narrowband or high-
& Settvsvahcto [o | resolution mode, the time window effects may distribute a significant portion of the
omcaeien0iceta 175 ) | ginusoid energy into surrounding bands.  Select the input channel from the
[ poeatdn microphone as the active channel. Next, double-click on the 1 kHz band (or other

band if your calibrator uses a different center frequency), and the Amplitude

s Calibration dialog will open. Select “ Set thisvalueto...” and enter the level of your

calibrator. The system is now calibrated to Sound Pressure Level for the current

channel only, unless a microphone and preamplifier with identical sensitivity and gain are connected to

the opposite channel. Note that any change in the preamplifier or sound card gain will necessitate

recalibration. If the clip indicators in SmaartLive illuminate during use, reduce the preamplifier gain and
recalibrate for additional headroom.

Measuring Sound Pressure Level

71.9 dB Now that the system is calibrated to SPL, we can perform e x|
accurate sound level measurements in any environment. 'iﬁ:,mﬂa, El o |
_ mm Y ou will note that the digital readout above the input level SFL Calbraon (16375 = 113 48 SPL

Calirate Using Pesk| | Default Calbration | Full Scale Caliration|

L
iy

meters now displays dB-SPL with a Fast integration time.
By clicking on the readout, you will be taken to the SPL [,Pf‘*ks:jfpwmmm oaresraf e |
Readout Options dialog, which enables you to configure rrmz

the SPL meter component with various weighting curves v T

and integration speeds, as well as configuration options e R =

mm [ for peak hold, SPL alarms, and logging capabilities. The [~ ™=  Ei e
=2 5] peak hold and alarm functions are quite useful for live | i .. R
sound and noise level monitoring tasks, helping to maintain compliance Fi ==l
with noise ordinances and safety regulations. The following sections st £ 50|
will discuss the available weighting curves and integration speeds and

their appropriate uses.
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Weighting Curves

For measuring sound pressure levels, SmaartLive includes three available weighting curves. A weighting
curveis afilter response that is placed in-line with the SPL meter detector before the displayed value is
calculated; the filter allows the response of the detector to vary as a function of frequency. SmaartLive
contains Flat, A and C weighting filters, whose frequency response curves are shown below in Figure 11.

The Flat weighting curve is exactly as the name implies: it has a perfectly linear response over frequency,
meaning that the SPL meter will respond equally to equal acoustic pressure at any frequency inside its
range. The Flat characteristic is useful for determining the total sound pressure at a point in space, as
well as for sound power estimation tasks (beyond the scope of this document).

The A and C weighting curves are drawn from the
ANSI S1.4-1983 standard. The C weighting curve
contains a dight high-frequency and low-
frequency rolloff, meaning that the SPL meter
detector is less sensitive to energy in those regions
of the spectrum. The A weighting curve contains a
much more dramatic low-frequency rolloff,
indicating a primary sensitivity in the region above
1 kHz. Often, the background work that leads us
to these specific curves is overlooked: the A and C
curves are approximate inverses of the equal-
loudness contours of human hearing at the 40
phon and 100 phon contour levels, respectively.

10

SN

Magpnitude (dB)

— Flat Weighting |4
—— A Weighting

The science behind the equal-loudness contours — C Weighting
will not be presented here, but, suffice it to say 0 o e o
that the A weighting curve approximates the Frequency (Hz)

response of human hearing at low levels, and the C Figure 11: SPL weighting curves.

weighting curve does the same at high levels.

Most noise level measurement standards have taken the A weighting function as customary, as, even at
high levels, it more correctly approximates both the annoyance level of the noise and the potentia for
hearing damage. It should be stated that the suffix dBA is commonly attached to sound pressure readings
in the A weighting scale, and similarly dBC for the C weighting scale. Flat-weighted measurements are
typically suffixed with dB-SPL.

Integration Speeds

SmaartLive contains three integration speeds for the SPL display: Inst, Sow, and Fast. The Inst setting
effectively corresponds to the Impulse setting on a typical high-end sound level meter, as it displays the
latest SPL data from the sound card with no averaging integration. This setting can be combined with the
Peak Hold function to capture the peak sound level in an environment, specifically where there are
impulsive and transient noise sources. The Fast and Jow settings are ANSI-standard exponential
integration curves. The Fast setting is useful for finding standardized peak sound levels, again, best with
the Peak Hold function or in conjunction with the SPL logging plot (to be discussed later). The Sow
setting is perhaps the most useful for typical measurements, as it provides a longer integration time for
more accurately representing the average sound level in the environment. The Sow response is also
widely accepted in standards for studies in sound exposure and noise pollution (such as during a live
performance).

Spectrum-Mode Measurements with SmaartLive: Concepts and Applications Page 10



SPL Time History and Logging Sound Exposure Data

While SmaartLive is capable of monitoring SPL in real time, many measurement tasks require a more
thorough investigation using the time history of sound levels in the environment, specifically when there
are dynamic changes in the sound pressure. Many sound fields that humans encounter are highly
dynamic, such as musical performance, industrial noise, etc. SmaartLive contains several tools to assist
the user in this area, which include a run-time SPL History graph and logging functions capable of
documenting overall sound pressure levels, spectrum histories, and SPL statistical metrics (Lgg, Lx, €tc.).
This section will briefly overview afew applications for these capabilities.

Using SPL History

SmaartLive’'s SPL History function (Figure 12) is useful for real-time monitoring tasks, particularly
during live musical performance. It issimply arunning history of the SPL meter display on a per-frame
basis (not including peak hold), and is directly affected by the weighting and integration speeds selected
for the SPL meter. The SPL History display also shows the alarm threshold levels that have been preset
for the SPL meter. You may configure the effective speed of the display by setting the number of shown
framesin the options dialog by accessing the menu item Options? SPL History.

This display is highly useful for monitoring sound levels in live performance, specifically with regards to
maintaining both safe listening levels and compliance to noise ordinances and venue regulations. The
detection of peaksis also very valuable, since the display will hold the peak envelope for a period of time,
making it unnecessary to continuously watch the SPL meter readout.

| 88.3dB (Min 68.2 dB, Max 95.3 dB}

Decibels (dB)
~
&

Time

Figure 12: SPL history display.

Logging Sound Exposure Statistics

In addition to the SPL History functions, SmaartLive contains more advanced sound level statistics
functions enabling the user to determine industry-standard sound exposure statistics. SmaartLive alows
the user to both log SPL datato afile and to perform automated calculation of sound level statistics (Lgo,
Ly, Lmin, @nd Lyax). Here, we will cover the use of the automated statistical functions; documentation
for the ssmple logging capabilitiesis provided in the User Guide.

Often in environmental noise studies or sound exposure analysis for live performance, a single-number
SPL value does not sufficiently describe the variations in sound level. However, a complete time history
of pressure levels is surplus information, so a compact, statistical description of the characteristics of the
sound field level is required. Equivalent Sound Level, or Lgq, is the sound level that, if the sound field
were continuous and single-level, would contain the same energy dose over the sampling time as the
measured dynamic field. Percentile Noise Levels or Ly, indicate the level that the sound field exceeds for
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Timed Average / LEQ Setup x|

X-percent of the time; for example, an Ly value of 82 dBA indicates = i
that the sound level is above 82 dBA for 90% of the measurement | © tewtbominnees [ = oo = for =
period. SmaartLive automatically calculates the three most common |~ el =l T 4 g i
percentile statistics, Lo, Lsy, and Lgy. Each of these values is based e

on the total duration of observation, which is configurable in the

Sample Period field under the LEQ Setup dialog box. Thisdiaogis e & iaie - et
launched through by clicking on the SPL meter display and then  sawiepeidrmnse: Do iz
clicking on the Timed Average / LEQ Setup button. In =i S S S
The automated LEQ Log option creates text files of the format shown ~ sfvesfeven =]

in Figure 13. In addition, Lgg analyses may be derived from = fetemsfsesen |
Spectrum Log files using the Create LEQ report from log file option, —

which also alowsfor custom percentile categories.

Create LEQ report from log file Start | Cancel |

 LEQ
; A Wi ght
; Date Ti me LAEQ LAM n LAMax LA10 LA50 LA90

06/ 15/ 2004 21: 36: 27 66. 3 62.0 81.2 67.9 63.6 62.5

Cumul ati ve Val ues
06/ 15/ 2004 21: 36: 29 66. 2 62.0 81.2 67.8 63.6 62.5

Figure 13: Sample Leg analysis output file.

Various national standards exist for sound exposure, specifically those for occupational safety, including
those by OSHA and NIOSH. The OSHA-standard thresholds are typically considered somewhat high-
risk, but are reprinted here in Table 1. NIOSH specifically recommends that the Time-Weighted Average
for occupational noise (in effect, Leg with an observation period of 8 hours) be less than 85 dBA.

Duration per day Sound level
Hours dBA, slow response
8 90
6 92
4 95
3 97
2 100
1% 102
1 105
Yo 110
Ya 115

Table 1: OSHA standard (1910.95) for occupational noise exposure.

Measuring a Calibrated Sound Spectrum

RTA [PALISED]

The calibration process not only scales the SPL
meter component to read absolute SPL values, but
also causes the RTA Spectrum display to be
calibrated to absolute SPL. This is particularly
useful for fractional-octave band measurements,
which indicate the total sound power in each band
for advanced analysis tasks (see Figure 14).

-

Decibels (dB)

m

Note that, for narrowband signals such as a sine

wave, the chosen fractional-octave bands must be

wide enough to contain all significant energy from I e T

s B3 125 250 s00 1K 2K 4K 2K 16K
Frequency (Hz) [PAUSED]

Figure 14: Octave-band spectrum calibrated to absolute SPL.
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the sinusoid, including the leakage energy from the time window operation. This is the same reason that
a 1/3"-octave band scale is recommended for SPL calibration with a pure tone calibrator. You can see
this effect by measuring a sine wave in narrowband Log mode; the peak value of the narrowband plot
will be less than the total power of the input sinusoid. For broadband signals, such as pink noise, you will
note that the individual level of each fractional-octave band decreases as the width of each band becomes
smaller. This is due to the fact that less total energy is contained in each band as the bands become
narrower.

Room Noise Measurement

The calibrated spectrum is useful for &0
determining room noise levels in consulting
practice and for documenting the background -
noise characteristics of a room.  Spectrum
measurement  techniques are useful for
diagnosing noise level issues in rooms due to
HVAC, exterior noise, motor-induced and
transformer-induced noise, noise from lighting
ballasts and fixtures, etc. Figure 15 shows an
example measurement of the noise radiation
from a st of aid fans Thess types of [T -
measurements help determine the cause of U e ak ook osb ek ok ak sk ik
interferences in acoustical environments and rreseney

provide documentation to enable adequate
acoustical corrections to be made.

=
S

Drecibels (dB)

w
=]

Figure 15: Measurement of axial fan noise radiation; the
spectrum peak is the blade-passage frequency.

Noise Criterion Analysis

In addition to basic spectrum measurements, w

SmaartLive contains the capability to perform -
standard Noise Criterion, or NC measurements - %Q\

of continuous, broadband noise sources in N e |
rooms. Noise criterion measurement utilize a 1N | AR —
family of NC Curves which definethresholdsfor & | NN — T
specifying the broadband noise level of a room i \\§§\\“‘—-
(see Figure 16). Each curveis designated with a \§\\\-—-‘._______ .
single number, such as NC-30 or NC-50. NC %\“-—-—______ o \
rating of the environment is derived from the G \\\ -
maximum octave-band sound pressure level that \::'-——- z:

meets an NC curve (or an interpolated curve in- L S A A
between primary curves). Freauency (#2) PALSED)

Figure 16: NC noise measurement; roomis rated NC-57.
The shape of the NC curves was originaly
developed relative to the level of annoyance of HVAC noise levels in rooms, but has since been accepted
as a standard for quantifying many broadband noise sources. Y ou will note that the NC curves are much
higher in SPL at low frequencies; this is due to the equal-loudness contours of human hearing, given that
the human ear is less sensitive to low frequencies. An important point to note is that NC ratings are not
intended to be used when tonal noise is present; this means that the NC rating of a room is only
significant when the source of the noise is mostly broadband, such as noise from air diffusers, etc.

Spectrum-Mode Measurements with SmaartLive: Concepts and Applications Page 13



Cinema System Certification

An application that commonly requires an RTA for measurement is the certification of cinema and home
theater systems to industry standards. While it is recommended that high-resolution equalization and
loudspeaker setup tasks be performed with SmaartLive’s Transfer Function and Impulse Response modes,
most cinema standards groups require an RTA-based (usually 1/3-octave) measurement for certification.
This section will not cover the specific standards, but will review specific capabilities in SmaartLive for
performing these measurements.

Timed Average / LEQ Setup

Timed Spectral Averaging e
& Count Down fheminsect [0 = [ =] [m~ =]
SmaartLive contains a Timed Spectral Averaging mode that allows | © sea & o 7o 7 F o -
for long-term acquisition of average spectra present in the o
environment. This mode is accessed by clicking on the SPL meter ["TG
display and then clicking on the Timed Average / LEQ Setup button. [ToedMessionent———— -
As with Lgo measurements, you may select any observation period | oo oty
for the measurement. The result of this acquisition process is placed o0 [ [ ] e f e H
into a user-defined reference register. Because of the potential for a ... rooeeres
very long integration time, Timed Spectral Averaging is valuable for | reeemresser i =] mrawdgnfe =]
obtaining highly stable measurement results with random noise | comes: fantien rmie soas

sources, such as the use of pink noise during an equalization process

or for quant|fy| ng broadband room noise. Cieete LEQ repert from lag il Start Cancel

Verifying Filter Calibration

Typica large-format cinema systems utilize the ANSI/SMTPE 202M X-curve for equalization of the
main loudspeaker system. The X-curve, shown in Figure 17, provides a uniform 3 dB/octave high
frequency rolloff beyond 2 kHz, and a (somewhat less important) low-frequency 3 dB/octave rolloff
below 63 Hz. When a cinema system in a large room is equalized to this specification, less high
frequency energy will reach the listeners, which has been found to be more audibly-pleasing than a flat
response when the listeners are seated at a distance from the loudspeaker system.

When certifying these systems for cinema use, the Inverse X-curve may be activated -
. . . . . . . Weight =
under the Weight spinner for the RTA. Now, with pink noise excitation, a loudspeaker I =
system correctly conforming to the X-curve will display aflat 1/3"-octave spectrum in the RTA display.

5

o

Magnitude (dB)

&

-10 . :
10° 10° 10"
Frequency (Hz)

Figure 17: ANSI/SMTPE 202M X-curve.
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Spatial Averaging

In many cinema standards, spatial averaging of measured spectra is required in order to verify that the
correct performance is obtained across the entire audience area.  SmaartLive simplifies this task using
Reference Trace Averaging, which allows severa measurements to be performed at different seating
positions and then power-averaged to produce an overall performance curve. In order to average up to
four reference traces, capture each measurement into a separate reference bank (i.e., A1, B1, C1, and D1).
The E bank is used to hold the average; activate the E register, press the Jaw’ putton, and the press the €
button. The averaged curve will appear on screen with the original reference curves (Figure 18).

100

Deibels (08)

o A SV AN

A S

S ] 125 250 500 1 H 4K 8K 18K
Freuency (Hz)

Figure 18: Spatial averaging of 1/3“-octave RTA measurements using the averaging buffers.
Gray curves:. individual measurements, Red curve: spatial average.
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