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Introduction
What is Smaart

Rational Acoustics Smaart® is a eif@nnel, FFbased acoustical analysis software application that

runs on Microsoft Windows and Mac OS X. It providestmeed spectrum analysis of audsignals, dual
channel transfer function analysis of sound system response and acoustical impulse response-measur
ment and analysis capability. Smaart enables you to measure and analyze the frequency content of
audio signals, study the timing and frequemegponse of electr@acoustic systems, and perform basic
room acoustics analysis.

Smaart is designed to be accessible to a wide esesgon of audio engineers and technicians, offering
the flexibility and scalability to meet the requirements for neanhy field measurement and analysis
application while maintaining a level of intuitive usability that everyone from novice users to the busiest
seasoned professionals can apprecid@eing entirely softwardbased, Smaart is hardwared@pendent

and can proess data from nearlginy audio source that can stream data to a compuftem built-in

sound chips in laptop and tablet computets professionamulti-channel recording interfacesnd

digital mixing consoledo complex networked digital audio systems.

Scope and Purpose of this Guide

This guide is intended as a practical introduction to configuring and operating Smaart v8. Our goals are
to provide a comprehensive explanation of the progrand its features and opation along witha

brief survey obome of thecore concepts related to acoustic measurement and analysis, and to
establish a foundation for making valid, repeatable measurements and extracting some useful info
mation from the results.This is not a bookrosound system engineering or acoustical measurement in
general and we would strongly urge anyone new to the subject who is serious about learning it to go
and read one, or perhaps several. A list of some additional sources of information is provided in th
appendices.

We assume that the reader has a basic understanding of professional audio equipment and engineering
practices. A separate guide entiti&@hoosing gear for your Smaart measurement sysseavailable

from our web site that discusses the basaf computer audio-O devices and hardware related

specifically to acoustical measurement and analysis, such as measurement microphones and sound level
calibrators.

Regardless of past experience with previous versions of Smaart, or other measuremamntiysis
systems, you will need to take the time to familiarize yourself with configuring and operating Smaart
version 8. Smaatrt offelextensivdlexibility in terms of the number of inputs you can analyze and the
number of ways you can display the result can interface with multiple I/O devices simultaneously

and run multiple reatime displays in multiple windows, each with multiple workspaces set up on
tabbed pages. Upon first run, however, Smaart begins with a simple RTA graph and no preconfigured
measurement setups. It is up to the operator to take it from there, and configure a work environment
that makes sense their specific applications.
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Introduction

How to use this Guide

This guide is organized in such a way thaaitbe readfrom start to finish. We have tried to present

information about the program and its various features and options organically, and in context. As a

result, if you need to find details about a single specific button or feature, it may not be in thddirst p

that you might think to look. We have provided an extensive table of contents and an index to help

readers track things down by topic, and of course if you are reading an electronic copy you can do a full

text search. Alternatively, youcanuse Sm@adt 2y f AyS KSt LI a2adiSYz gKAOK O2yi
AYF2NXYIFGA2Y o0dzi A& 2NBIFYAT SR Y2NB Ay LI NI f€tSt gAGK
through menus, dialogs, and &treen controls to find what you are looking for.

Notation for Acceérator Keys (Hot Keys) and Mouse Clicks

Smaart runs on both Windows and Mac OS X, meaning that there are some minor differences in
keyboard and mouse commands between the two versions. ifigaty, the Control [Ctrl] key serves the
same purposes on a Windows computer as the Command [Cmd] key (also commonly called the Apple
key or flower key) on a Mac. Similarly, the [Alt] key in the Windows version of Smaart maps to the
[Option] key on Ma&eyboards. Additionally, most PC mice have at least two buttons (left and right)
GKSNBI & Ylye al 0Qa KI @S 2yfe 2ySo

Ly GKAa R20dzySyidz ¢S oAttt 6NARGS (GKS ylryYSa 2F (1Sea dz
accelerator keys) in square brackeasdistinguish them from other text. In cases where a key has one

name on a Windows keyboard and another on a Mac, both names will appear inside the brackets with a

slash in between, for example, [Ctrl/Cmd] means press the [Ctrl]] key on a Windows maictiine

[Cmd] key on a Mac.

Summary of notational conventions for keyboard and mouse operations

Key names for keyboard commands appeasgnare brackets ( [Key Name] )
[Ctrl/Cmd] means press the [Ctrl] key on a Windows mivae or the [Cmd] key on a Mac.
[Alt/Option] means press the [Alt] key on Wiow's or the [Option] key on Mac.
Leftclick on a Windows maching & regular mouse click on Mac.

A rightclick for Windows users means [Ctrl]] + mouse click on Mac.

As regards the mouse (or other pointing devjabg left button on a Windows mouse corresponds to a

Y2NXIf Y2dzaS Of A O -@fya Gl x3¥r a&aal20 AdEa YNGR ad da o tBIFAIO] | YR
Windows users leftlick. A righiclick operation on Windows can be accomplished on a Mac by lgpldin

down the [Ctrl] key (not to be confused with the [Cmd] key) while you click. On a touchscreen device,

Gt OFAOLE YIe Slidd 68 G2 F ljdaO] GF LI 2§t AdSE AYOND WS [6yA
a longer press and hold.
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A perennial source of ambiguity in literature and documentation regarding DSP hardware and software
KFra 0SSy GKS dzasS 2F (GKS F0oNBGALFGA2Y ai%InthiF 2 NJ |
guide, we will striveto adhered KS { L O2y @Sy G A2y 27T dzachlynltiple& S f 2
2T mMnnnd® 2SS gAff dz&aS |y dzZLJLISNI OF &S avYé o6KSy S
should always be able to read 48k as 48000 and 8K as meaning 8192 (8 x 1024).

Propety speaking, 2 probablyshouldd S | 60 6 NEGA I 4GSR aYAE O0aK2NIL F2N
FNBY GYé F2NIYSEDAY 2N YIENXdZ K29SOSNI GKSNB Aay
08 6SAIKG 2NJ GSYLISNI G dzNBely cdmyheh usatyeh ¢ Kl a &SaG G2 O

Full Scale (dB FS) versus Full Scale

There exist two competing references for decibels in digital audio sigdaétonvention references dB

FS to the largest positive and negative amplitvdiies obtainable from a given integer sample word

sizeg e.g., + 32768 for 16 bitsnormalized to a range of + 1.0, such that 0 dB FS denotes the maximum
L2aaArofS RAIAGEE FYLXE AGdZRS @FfdzSd 2SS gAatt NBEFSN

The second conveion, preferred by the Audio Engineering Society (AES), references 0 dB F&kShe
value of a fullscale peako-peak sinewave (i.e., 0.7071 normalized Full Scale, rather than 1.0). We will
Orftf GKAa a! 9f{ cCdzZ f { Ol teSatedlwdyyrefdreniced tolibinali@edzFull { O
Scale, meaning that the RMS magnitude of adcdile digital sinewave i8.01 dB FS.

Recommended Computer Hardware

While Smaart v8 will operate on a wide range of comphtdware configurations, we recommend the
following minimum computer configuration for new installations:

Windows®

Operating System: Windows 7 or newer (32 & 64 bit)

CPU: 2 GHz Du@bre Intel i5 Processor or faster

RAM: 2 GB or greater

Graphics: Intel HBOOO or better, or 256 MB dedicated video RAM
Display: Min. 1024 768 pixel display

1 Sound: Audio Hardware with OS compatible ASIO, Wav/WDM drivers

= =4 =4 =4 4

Macintosh

1 Operating System: Mac OS X 10.7 (32 + 64 bit) or newer

CPU: 2 GHz Du@bre Intel i5 or faster

RAM 2 GB or greater

Graphics: Intel HBOOO or better, or 256 MB dedicated video RAM.

Sound Hardware: Audio Hardware with compatible Core Audio device drivers

= =4 =4 =
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Loading and Licensing the Software

To install Smaart v8n a Windows computer, download and run the Windows installer program and
follow the prompts in the install wizard. On a Macintosh computer, open the installation disk image and
drag the Smaart application bundle into your applications folder.

Registeringyour installation

Following installation, the first time you run Smaart, you will be presented with an activation screen
requesting an 1&ligit license code. To activate Smaart on a patar that is connected to the internet,
enter your license code in the fields provided and clickNlegtbutton. Smaart will prompt for your
my.rationalacoustics.com login credentials. Enter the user name and password that you use to log in to
the site and then clickNext Smaart will automatically fill in three fields for you containing details of the
installation that you are registering. TiN\ame Computer NamgandEmail Addressan be whatever

you want them to be. These are used only to identify ithgtallation on your license management page
at my.rationalacoustics.com. When you click fhativatebutton, Smaart will connect to the web site,
register the installation, and then activate itself automaticgllssuming that you have at least one
avaibble installation slot on your license.

If you are activating a Smaart installation on a computaoiconnected to the internet, you can

perform an offline activation at my.rationalacoustics.com. This requires logging into the web site and
entering yolNJ O 2 Y LJdz(i S NXigit Makdire l[D@ehé&rated by during Smaart installation) to

create a uniquéActivation Codéor the installation (se®©ff-line Activationon pagel89for details). For

more information about Smaart installation, registration and license management general, please refer
to Appendix F: Licensing and Installatmmpagel 88.
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Chapter 1. Fundaental Concepts and
Terminology

Depending upon the application, operating Smaart effectively requires a working understanding of a

wide range of system measurement concepts and professional audio engineering practices. While it is
outside the scope of thidocument to cover them all, this chapter highlights a few critical concepts that
gAtff 0SS 2F AAIYATFAOLIY(d lFaaradlryOS Ay dzyRSNRERGI YR
wish to deepen their knowledge of these, and other topics relategdoustical measurement and

sound system engineering can refer to the reading lig&ppendix A: Applicable Standards and Further
Readingon pagel71for some suggestions on where ¢o to learn more.

Time and Frequency Domain Analysis

A basic understanding of the relative strengths and differences between éintefrequencydomain

analysis is critical to leveraging the measurement powergmes]i in Smaart. The ability to examine a
measurement from multiple perspectives is extremely useful in the process of analyzing a signal or
d2aGSY NBaLlRyaSo 91 OK 27F { Ydine Ndil thaulsédsgpborideNdEludasLIS NI
both time- andfrequencydomain measurement and analysis capability.

L Time Domain VS. Frequency Dome
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Figurel: Dualchannel vs. singlehannel measurements in the time domain and frequency domain.
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Chapter 1: Fundamental Concepts and Tearatogy
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axis of a graph. Audio waveforms, for example, are #lamain signals, where the voltage or digital
amplitude of the signal varies over time. Time is the independent variable in this case, so it normally

goes on the (horizontak axis of a waveform graph, with amplitude on the (vertigad)xis. On a
frequencydomain graph, we normally put frequency on thaxis and magnitude on thgaxis. The

exception in both cases is the spectrograph, which has two independent variables osiemiat

whichever direction makes the most sense in a given context.

In recording applications, a time domain graph of an audio signal provides a view of the wageform
critical view for sound editors. In sound system engineering and room acoudiit®-domain view of
system response (the impulse response) shows the propagation delay through the system and later
arriving reflections and reverberation that could potentially be problematic.

Frequency domain analysis of a signal provides a view gfdétgrsim, which is obviously an extremely
useful set of information when analyzing tonal content or looking for feedback. A frequency domain
view of system response (the transfer function or frequency response) provides an excellent look at the
tonal resporse of a system as well as its time/phase response by frequency.

Figurel provides a very good example of the power of utilizing both time and frequency domain views
for examining system response. The frequency response measurafapitts a response with a series

of linearly spaced dips and peaks in its magnitude response (lower right). This ripple is a symptom of a
problem however, and not the actual problem. The cause of the ripple is clearly identifiable in the time
domain viewof the system response as an obvious second arrival in the impulse response, caused by a
prominent reflection. Reflections are copies of the direct sound that arrive later in time, after bouncing
off of some surface. Mixing two copies of the same signthl avtime offset between them results in the
comb filter that we can see in the frequency domain view.

Fourier Transforms (DFT/FFT and IFT)

Fourier transforms, named for 19th century Fermathematician and physicist JeBaptiste Joseph

Fourier, are based on the idea that complex signals (such as speech or music) can be constructed from,
or broken down into sinewaves of varying amplitude and phase relationships. Fourier transforms are
used extensively in audio analysis to find the spectral content of time domain signals. Inverse Fourier
transforms (IFTs) reconstruct tintmain signals from spectral data.

There are several different types of Fourier transforms, but the type that we cormeselves with in

Smaart is the discrete Fourier transform (DFT), which works on time domain signals of finite length. The
term fast Fourier transform (FFT) refers to methods for calculating a DFT more efficiently, most
commonly requiring the chunk ofggial being analyzed to be a power of twd)(@mples in length, e.g.,

%

nndpc 6nYOI ympH P EXD dmMddyfn CEMAY B NBOBSLCECaS odzi y2i

Most DFTs in Smaart are powartwo FFTs (also called radix 2 FFTs or just FFTsisé\&bitrary
length DFTs for some things, notably for impulse response analysis, but since FFTs generally execute
much faster, they are very much preferred for réiale operations in particulaior anyapplication
where the accompanying restrictions dmetpreciselength of the time record are not a problem.
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Chapter 1: Fundamental Concepts and Terminology
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Figure2: Fourier analysisThe discrete Fourier transform (DFT or FFT) analyzes a complabotimag
signal to find the magnitude and phase of the component sinewavésrtake up the complex wav
form. The magnitude of each component sinewave can be plotted on a freqdemain graph to

form a picture of the spectral content of the complex sigrthe phase data is really only of interest if
we have a reference signal tompare it to, or want to synthesize a replica of the original tttomain
signal using an inverse Fourier transform (IFT).

Time Resolution versus Frequency Resolution

A key tradeoff when working with écrete Fourier transforms (DFT or FFT) is the inverse relationship
between time resolution and frequency resolutiqras one gets better the other gets worse. Both are a
Fdzy OllAz2zy 2F (GKS aUAYS Oz2yailyidé ol f actimddohsta R § K
is simply the time that it takes to record enough samples for a DFT of a given size, at a given sampling
rate. Longer time windows provide tighter, more detailed frequency resolution (often more than we

want at high frequencies) but at trexpense of less detailed time resolution.

Time resolution might be the least of your worries if you are doing atiermg average of a signal or a
steadystate measurement of a sound system using a statistically random signal such as pink noise. It
couldhowever, be an important factor when analyzing a dynamic signal such as speech or music, where
you may need to see features of the signal that are very closely spaced in time as separate events. For
example, if two drum beats occur within the time constan& single FFT, the resulting spectrum in the
frequency domain includes the energy from both as a single figure at each frequency. If you needed to
see each beat as a separate event, you would need to shorten the time window, which would result in
more widely spaced frequency bins.
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You can calculate the time constant for an FFT (in seconds) by dividing the sampling rate used to record
the time-domain signal by the FFT size in samples. For example, the default FFT size for spectrum
measurements in Smaas L6K (16384) samples. A 16K FFT recorded at 48000 samples/second has a
time constant of 0.341 secon@$6384/48000)or 341 milliseconds.

., QO0YQq Q P
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Low frequencies have longer cycle times than high frequencies of cauisk | Gt Qa ¢ KIF G YI 1Sa GKS
frequencies; so it makes sense that you have to look at a signal over a longer period of time to resolve

them. In fact, the lowest frequency thatan FFT (orany KSNJ { Ay R 2 F 5 Cdwhetel y Of SI NI
Tis the FFT time constant in seconds. Using the example of a 16K FFT at 48k sample rate, frequency

resolution in thatcase works out to 2.93 Hz (LB41).

Y000, D Q P

OYQaQ "YQUOEZ ¢ i 0 WE O
If you are familiar with the reciprocal relationship between cycle time and frequency in sine waves
(f= 1& andt = 1£), you may have spottetthe fact that it echoes the relationship between time constant
and frequency resolution in an FHA fact, the frequency resolution of an FFT is equal to the frequency
of a sinewave that cycles exactly once within the FFT time window. All other freqoieiscyre at
integer multiples (harmonics) of that fundamental frequency, and so knowing the time constant also
tells you how far apart the frequency bins are.

Oi QoYL O

1K FFT, 46.9 Hz

FFT Fre_quenCy 2K FFT, 23.4
Resolution 4K FET, 11.7 1Y
_ 8K FFT, 5.9 Hz
m
= 16K FFT, 2.93 Hz
3
2
'S
(@)
©
=
(Sampling rate 48k)
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Frequency (Hz)

Figure3: FFT Frequency Resolution shown on a logarithmic frequesleyEBach doubling of FFT size (in samples)
doubles the FFT frequency resolution and extends its frequency range an octave lower.

Ly LINY OQGAOFE GSN¥az 3IABSYy | aFYLEXAY3 NI GS 2F nnom|
measurements providesewy good lowfrequency resolution down to the lower reaches of subwoofer
frequency ranges, and much greater time resolution than you need for analysis of signals such as pink
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Chapter 1: Fundamental Concepts and Terminology

noise. As regards more dynamic signals such as speech or music, if we recatdeeTstentb-end for

a full minute at 48k sample rate, that works out to just about 176 discrete frames per minute (60 / 0.341
F 176). That tends to meet or exceed the average tempo for most musical genres, meaning that it
provides enough time resolutioio see the spectral content of individual notes in most cases.

In terms of speech analysis, typical speaking rates for native English speakers range from ai@Gt 140
words per minute or about 26800 syllables per minute, so a 16K FFT gets you wordwbasyllables.
Dropping the FFT size to 8k would double the time resolution to about a minimum of about 352 frames
per second; enough to keep up with insanely fast music or distinguish individual syllables at typical
rates of speaking but does so at th expense of some loss of detail at low frequencies.

A couple of other tradeffs associated with the length of a DFT or FFT are the computational costs,
which increase exponentially with size, and the issue of excess frequency resolution at high fregjuenci
when linearly spaced DFT data is plotted on a logarithmic frequency scale. In RTA measurements, the
use of fractional octave banding effectively nullifies the excessfhégjuency resolution issue and even
lower end computers these days can performlriiae analysis using FFT sizes of 16K or even 32K with
relative ease.

In transfer function measurements, where computational costs are a bigger problem in general,

{ YT I NI @rae-wiidzév (MTW) feature, attempts to sidestep both problems by using iesef

small FFTs at progressively lower sampling rates to deliver approximately 1 Hz resolution at low
frequencies without incurring excessively high resolution in the upper octaves. Smoothing the transfer
function also helps to clean up excess resolutibhigh frequencies and works for both MTW and
measurements that use just a single FFT size.

Single and DuaChannel Measurement Techniques

In realtime mode, Smaart performs two basic types of donragasurements: singlehannel (signal
analysis) and dualhannel (response analysis). Single channel spectrum measurements are signal
analysis measurements because all they can tell you is the frequency content and amplitude of a signal.
Realtime spectrumanalyzer (RTA) and Spectrograph displays are based ondiagieel FFT analysis.

Another example would be sound level measurements, i.e., sound pressure level (SPL) or equivalent
sound levell(eg. When calibrated to an absolute reference such as $Rjleshannel measurements

give you absolute values that are directly comparable to other absolute values and tell you exactly how
loud a sound is at a given frequency, or across a given frequency range. They can help to answer
jdzSaidiAz2ya &adzOK (1A S SNBHeY daGK Ay GKIG aixdaylrfsée a
G2 KOG A& GKS {t[ i GKA& £20FGA2Y Ay GKS O8ydsSK

Dualchannel measurements compare two signals to find the similarities and differences between them.
Transfer function and impulsesponse measurements in Smaart are dttednnel measurements that
compare the output of a device or system to the input signal that produced it. We can therefore say that
we are measuring the response of the system to a given stimulus, and because bathk arg known,

the spectrum of the input signal becomes almost immaterial. We are also able to precisely measure time
relationships between the two signals, enabling us to examine phase relationships and find delay times.
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SingleChannelMeasurements: Signal Analysis
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Figure4: Singlechannel vs duathannel measurementSingle channel spectral measurements analyze the energy

content of time domain signals. If the signal being analyzed is the output of a sound aystgou happen to

know the spectrum of the inputsign@l,2 dz OF'y AYF¥FSNI Iy S&adAYl A2y 2F {4KS &aeaidsSy
channel measurement directly analyzes the input and output signals to provide a more complete picture of system

response that includes magnitude and phase response and throughlayt d

Dualchannel methods provide a relative measurement (input vs. output), and can help to answer
jdzSatdAz2ya tA1S a2KFGO Aa GKS ONRA&2OSNI FTNBIljdzSyoe Ay
GKSNB i m (112Z¢ 2N a2KS§¥ea24aSSYSNEROXNBY|I YeliKBEAYSHA&AX
Both singleand duaichannel measurement can be powerful tools when you understand their individual

strengths and weaknesseavhat they are measuring, and just as importantly, what they are not.

Confusing or cordting the two however, can lead to poor decisions based on incomplete or incorrect
information.

Linear and Logarithmic Scaling

One issue that you run into repeatedly in acoustical analysis is that human perceptigarihmic

AY YIGdzNBE yR O2@SNB | NBfFiGA@Ste& KdaAS NI'y3aS 2F Gt
general, the difference between the threshold of hearing and the threshold ofqthia quietest

sounds we can heandthe loudest soundsve can stand; is somewhere around 120 decibels (dB)

Thatworks out to six orders of decimal magnitude (the difference between one and one million, e.g.).

In terms of frequency, the audible spectrum for humans is typically defined as 20 Hz to 20&hte a r

2F F2dzNJ f 23 NRAGKYAO GRSOFRSa¢d ! RYAGUSREE@Y Ylye 2NJ I
entire range but it might be safe to say that most people can hear across a range of at least three

decades, e.g., from 80 Hz to 8 kHz, which isaspifletty wide range of numbers.
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The thing is, we do not hear differences between all those numbers equally in either case. To our senses,
the difference between one and two is not the same as the difference between two and three, as it

would be if we pereived the world linearly. To us, the difference between one and two sounds (or
f2214a4x 2N FSStao Y2NB fA1S GKS RAFTFSNBYyOS 6SisS
(you get the idea).

Charting audio and acoustic data on logarithmic atagé (magnitude) or frequency scales does two

useful things for us then; it helps to make the wide ranges of values that our hearing encompasses more
manageable and it results in a presentation of the data that is often more meaningful in terms of human
PSNOSLIiA2y® b2yS 2F (KA&a Aa (2 alreée GKFG t€AYySIEN
do in Smaatrt, logarithmic scales and units (decades, octaves and decibels), tend to do a better job of
showing us what we want to see in a way thatkes intuitive sense.

Linear and Logarithmic Frequency Scales

When we talk about Linear and Logarithmic frequency scales (not to be confused with fractional octave
banding) we are really just talking about hénequencies are plotted on charts and graphs. On a linear
FNEIljdzSyoe aodrfSsy tSGQa are SOHSNEB wmnann | SNIT o6@2d
space on the chart as every other. On an octave scale, each octave is the same width as every other
even though the linear frequency range for each band doubles as you ascend in frequency (125 Hz, 250
1T pan 1T m 11T v 11T n (1T X0d hy | f£23FNRG
10,000) is the same width as every other. Logarithscales work the same way for any base, but the

bases we use for log scales in Smaart are two and ten (octaves and decades).
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Figureb: Linear vs Logarithmic frequency scalifgio views of the same comb filter on a linear and
log scaled magnitude graph.

We most often look at frequency on octave or decade scales because these correlates better with
our own logarithmic perceptions of sound. However, linear scales are very useful for some things as
well, and sometimes correlateetter with the underlying physics of sound and acoustics. Charting
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frequency on a linear scale can make comb filters, harmonic distortion products stand out more clearly
since the lobes or peaks are linearly spaced. Another example might be the phasssiufated with a
fixed delay, which becomes a straigimte slope on a linear frequency scale.

Note that when you look at FFT data from acoustical measurements or other noisy signals on a log
frequency scale, the trace gets fuzzieoking at higher frp dz=Sy OA Sa® ¢ KI &G R2Say Qi ySOS3
there is more noise in the HF. It is a natural consequence of packing more and more-kpeady-FT

points into a smaller and smaller amount of chart space. That is one of the reasons for the MTW transfer
function option, as noted earlier. Smoothing also helps to reduce visual noise in the HF in transfer
function measurements, as does fractional octave banding for spectrum measurements.
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Figure6: Figure 6: MTW vs 16K FFT transfer funatiora logarithmic frequency scaléhe
MTW uses larger time constants at low frequencies to improve LF resolution while smaller time
Oz2zyaiGlyda +Fd KAIKSNI TNBIljdzSyOASa NBRdzOS @Aradzaf ayz2rasSté

Linear Amplitude

Linear amplitude, as the name might imply, is amplitude displayed on a linear scale, e.g., volts or digital
integerbased amplitude units. In Smaart, the only places that you ever see linear amglitliteear
time-domain charts, where amplitude is diggkd as a percentage of normalized full scale. That is to say
that the largest positive and negative numbers obtainable from a signed integer of given number of bits
(e.g., 16 or 24 bits per samplae scaled to a range between 1 aiid(inclusive), wittliractional values

in betweenexpressed as percentages.
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{AyOS @2dz OFLyQd GF1S GKS t23 2F + yS3aAFGABS ydzvo
response is to use a linear amplitude scale. Also, some people prefer the linear amplituderscale f
identifying discrete reflections in an impulse response, and it can be useful for looking at other types of
signals as well. A linear amplitude scale tends not be very useful for looking at reverberant decay or for
identifying peak structures s in thé& lcange of an impulse response where the length of a waveforms

period is spread out of time so much that a clear impulse is not easily discernable.
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Figure?: Figure 7: Linear vs Logarithmic amplitude scalirige impulse respoaf a bandpasslfi

ter is shown on a linear (percentage of normalized full scale) versus logarithmic (decibel) amplitude
scale. Notice that only the first two oscillations in the IR are easily discernable on the linear (Lin)
view, whereas the Log view clashows the first six corresponding lobes.

Decibels (dB)

The decibel is a logarithmic ratio commonly used to express amplitudes, voltages, sound pressure, gain
and attenuation and no doubt other things as well. The word literallpmseone tenth of a Bel. The Bel

is named for Alexander Graham Bell, inventor of the telephone (or one of the inventors anyway). Why
GKSe OFfftSR AG | a.Sft¢ AyadSrR 2F + a.Stt¢ Aa
probably explainsvhy the abbreviation for decibels is written as dB (with a capital B). Although no one
seems to use Bels for much of anythingost people would just say 10 dB insteathe formulas for
converting to and from decibels may seem less arbitrary if you denthat one Bel represents the

logarithm of a power ratio of 10:1 and a decibel is 1/10th of that.

With that thought in mind:
Q6 p1E I COEVQI ¢t T COGR&aQO6QQ
0E€0Qiprm ! 0anNaQooQQ

BG N & QO 6 [0 VD € 0 Qi
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Note that because decibels express a ratio, decibel values must be referenced to something. If no
reference is explicitly given, as in the equatiomsthe previous pagehe reference is assumed to be
one; however it could potentially be any number. To reference dB to a nurother than one, you
simply divide the value that you want to convert to dB by the reference value before taking the log.

In that case:
Q6 ¢t I Qjou
whereU is some linear value that you want to convert to decibels anis a reference value.

One common examplef thisin audio applications is dBu, which references 0 dB to 0.775 Volts.
Another might be the AES convention for dB FS (dB Full Scale)esbéttially references 0 dB to
the square root of 0.5 (0.7071), so that afsdhle, pealo-peak sinewave has an RMS value of 0 dB
instead ofb3.01 dB.

Octave and FractionaDctave Banding (Spectrum Measurements)

Octave and fractional octave banded spectra are another way of reconciling how we hear with what we
see on an analyzer screen. On a banded RTA or spectrograph display, each fractional octave band
represents the summationof L2 6 SNJ 4 Fff FNBIldzSyOASa GKIFdG FlLit &3
banded measurement of pink noise looks flat on a banded display, but if you look at the linearly spaced
FFT data, you see a signal that rolls off at 3 dB per octave or 10 dB per dechadedi@dual FFT bin

contains less and less energy as you ascend in frequency but each octave band is comprised of twice as
many frequencies, so all the bands add up to an equal number of decibels (given a perfectly pink signal).
If you look at a white nise signal, which has equal energy at all frequencies (nominally at least), you
would see that it appear flat on an tbanded linear or logarithmic spectrum display, but slopes upward

at 3 dB per octave on a banded display.

leA ¥ Pink Noise ¥

-60

=72

-84

Figure8: Fractionaloctave banding vs FFT data on a logarithmic frequency skadelighter green
bars show a 1/1ctave banded RTA measurement of pink noise. The darker green line trace is a
narrowband (uAbanded) view of the same data on a logarithmaxfnency scale.
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Banded spectrum displays are useful for several reasons. Notably, they can be used in conjunction with
LAYl y2AaS G2 YI1S I LR2N YIyQa YSIadiNBYSyd 27
response of a device or system. Asingle gh&f a LISOG NHzY YSIF adz2NBYSyid Ol y¢
timing or phase relationships, both of which are important factors in how a system actually sounds, but

it could be better than nothing in a pinch, or perhaps as a quick maintenance check of a dyatéanst

already been aligned. Another way that banding is useful is just as a way of smoothing spectral data. By
summing FFT multiple bins into each band, you immediately start to get a display that is smoother and

more stable than watching the individuaihs jumping around.

There is a psychoacoustic dimension to banding as well. Pink noik# noise as it is called in physics
seems to be ubiquitous in nature and in complex systems of all kinds, so perhaps it is not surprising that
the longterm avera@ spectra for all kinds of musicross avide range of genres and cultureends to

be similar to that of pink noisdBanded spectrum displays may therefore tend to be a natural and

intuitive way of looking at the spectral content of music and othenaligjfor that reason.

Smoothing (Transfer Function)
Fractional octave smoothing of transfer|

. . o , 1/48-Octave
function data is useful for filtering out | = !
; /
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instead of summing. Smoothing places| d ™M Joa g
each frequency data point at the center = ] VL W )
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the bins into a fixed number ofdnds at | L/’ ‘1
fractional octave intervals. In this case, | = 1/3-Octave
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On a logarithmic display, as the linearly >

spaced frequency FFT data points get Figure9: Fractionatoctave smoothing for transfer function data

closer and closer together at hififequencies, the smoothing window opens up to include more points
2y SAGKSNI aARS Ay (GKS | @SNl 3ISd ¢KAaA KHdsddla (2 0l
measurements of noisy signals on a logarithmic frequency scale.

Averaging

Averaging is used a number of different ways in Smaatrt, to try and separate useful information from
extraneous factors such as noise, reverberation and posd&pendent acoustical anomalies. Averaging
in Smaart falls into one of two broad categoriesmporal or spatial, and there are some different
options for each type, depending on the measurement type.
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Averaging Over Time (Temporal Averaging

Temporal averaging just means averagingeasurement over some period
of time. Typically this is done at a single measurement point or microphont
position, although movingnicrophone measwments utilizing temporal
averaging are sometimes used for specialized applications. In acoustical
measurenents, a significant amount of noise from various sources gets mi
in with the signal we are trying to measure. The noise components are
N} YR2YZXZ YSIyAy3a GKS& I NBE RAFFSNByY
measurement data, and fluctuate quite a bibm one frame to the next. This
tends to make the charts jump around a lot and look noisy and hard to rea

Averaging over time increases the sigtwhoise ratio of a measurement
through a process known as regression to the mean. The noisy parts of thi
incoming data, being more random than the signal component, tend to car
each other out when aggregated over time. The signal components, being
either stationary features (in the case of steady state system measuremen
where the signal being measuredist changing rapidly) or at least less
random than the noisy parts (when analyzing dynamic signals), tend to
average out to themselves, becoming smoother and easier to see.

Transfer Function

Averaging:
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Figurel0: Realtime mode
Averaging selector for th

active measurement.

The tradeoff in both cases is responsiveness. When analyzing the spectrai

AYRAGA R

contentof dynamic signals, too much averaging can mask fluctuations that are part of the actual signal
and may be things you need to see. In system response measurements, excessive averaging makes the
measurement slow to respond to changes in system settings as@qualization and delay adjus

ments. The trick is to use just enough.

For electronic measurements, you can typically get away with very little averaging. In acoustical

measurements, the amount of averaging needed varies with background noise leveiseamqtefe-
ence. One thing you can do to help speed up the system equalization and alignment process when
measuring in a noisy environment is to press the [V] key after making a settings change. This flushes the

averaging buffers and restarts the average2 G KI G @2dz R2Yy Q
of the measurement before you can begin to see the result of your changes.

i KI @S

02

gk AG F2N

Temporal averaging for reime measurements is set from the Averaging control on the Control Bar

that runs down theight side of the main window (sdeigurel0). The available options are a mix of

types as well as degree of averaging.

1 The first four choices in the list are for an equadighted simple moving average (called FIFO
averaging) ofhe most recent?, 4, 8 or 16 frames of data. In this type of average, the oldest frame

Freta O2YLX SGSt & 2dz

GFirst In, First Out.

27

1 The options labeled-10 Secefer to a proprietay averaging method that we call variable avgra

(KS YSEadNBYSy

6KSY I

Y,

ing, wherein we have tried to combine the most desirable characteristics of FIFO and exponential

moving averages.
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1 Fastand Slowaveraging modethe decay characteristics of Fast and Slow exponential time
integration used in standard sound level metefiese are firsbrder exponential averages with
time constants of 0.125 and 1.0 seconds respectively.

1 Infinite (nf) averaging is a cumulative, equal weighted average with no set period of time. It will
simply keep averaging until you stop the measurement or press the [V] key to restart it. You can
average over a period of several minutes or even hours if you like, to get the cleanest possible pi
ture of the response of a steady state system or find the {mmm average spectrum of a dynamic
signal such as speech or music.

Polar vs. Complex Averaging (Transfer Function)

For transfer function measurements, there are two additionatians for temporal averaging of

magnitude data averaging,olaror ComplexPolar averaging might also be called decibel averaging
because we first calculate decibel magnitudes for each incoming frame and then take a moving average
of the result. Compleaveraging keeps two separate running averages of the real and
GAYFIAYINEE LI NLIA 2F GKS O2YLX SE airadylt |yR GKS
on the back end.

Polar averaging (sometimes called RMS averaging) tend ppase averaging in Smaart 8 is always
to be the more stable and forgiving of the two, in based on a complex data. For tempore
circumstances where factors as wind, air currents or averaging in RTA measurements, we
mechanical movement are present. Complex averaging | ajways average squared magnitude
6rtaz2 OFftftSR agSOG2NE | @S (power), because we want to see the 2dz o
rejection in general and will tend to exclude more average power spectrum in that case.
reverberant energy than polar averaging.

Insubjeck S GSNX&asx LREFN I @SNIF3IAYy3I YIed 6S GKS Y2NB
that it tends to let in more reverberant energy. Complex averaging may tend to correlate a little better
with subjective speech intelligibility. This option can beseparately for each transfer function
measurement sdt iseasy to compare them in real timto seeif one givesyou a better answethan the

other doesin a given situation.

Spatial Averaging

Spatialaveraging in Smaart works much the same way as temporal averaging. The difference is that in
this case, we are averaging measurements taken at different locations, rather measurements made from
a single location at different times. Spatial averaging ésul$or helping to separate system response

from localized acoustical anomalies at a single location, or for getting a broader, more statistical picture
of background noise or overall coverage from a loudspeaker.

If you have multiple microphones and inguvailable, you can do spatial averaging in real time. It can
also be done by averaging stored measurement snapshots captured at different locations. We will cover
live measurement configuration and working with stored data snapshots in the next settien.

following options apply to both methods.
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Power vs Decibel Averaging (RTA Measurements)

For RTA measurements,lybave the option of power versus decibel averaging in spatial averages.
Power averaging gives you the average power spectrum of the signals being analyzed and would be the
typical choice for signal analysis applications such as background noise suisegh@rcking average

sound level across a wide area for any other reason. Power averaging gives more weight to the loudest
sounds in each frequency and may result in a graph that looks like it sounds.

Decibel averaging is a simple arithmetic averagingeoitiel magnitude values may be preferred for

a2dzyR a2adSyY YSI&adaNBYSyida Ay 3IASYySNIfo | 2dz YAIKG &l @
than power averaging. For example, if one of the measurements in a power average comes in at a

significantly highelevel than all the others, it will dominate the average and could change the shape of

the entire curve significantly. In a decibel average, the higgnegl measurement would move the level

of the overall averaged curve higher but would not affect ispghsignificantly more than any other

contributor to the average does.

Coherence Weighting (Transfer Function Measurements)

For transfer function data, decibel averaging is used for magnitude data and phase averaging is based on
complex data. You do however have the option of using coherence weighting (or not). Coherence
weighting gives more weight in the average to the frequencies in each measurement that have the
highest coherence values. Coherence tends to be a predictosighatto-noise ratio in transfer

function measurementsg higher coherence suggests that the data is more trustworthy. When averaging
data from multiple microphone positions, if one measurement has poor coherence at some frequencies
due to a localized revberant buildup, or perhaps it was taken near the edge of the coverage pattern of

a loudspeaker where the HF was rolling off, coherence weighting should result in the more trustworthy
frequencies contributing more to the average than problematic frequencie

Glossary of Terms

Analog to Digital (A/D) Conversiot: KS LINP OSaa 2F GRAIAGATAYTiE Ly Fylf2:
tude at regular intervals. This process almost always involves limiting the frequency content of the

digitized signal to a maximum of oimalf the sampling rate, as this provision enables perfectmeco

struction of the original bardimited signal from its samples.

Amplitude: In signal processing, the maximum deviation from zero in an alternating signal intbithe
positive or negative direction, typically expressed in volts for an electrical signal, or as a fractional
guantity or percentage ofull Scalgin the case of digital signal.

Attenuation: A decrease in the level of a signal. Attenuation can refeeduoiction in level for a
specified frequency range or a decrease in the overall level.

Block CodeCode obtained after deactivating Smaart 8 from &kimoutmenu. The Block Code can be
dza SR G2 Yl ydzrtfte aNBtSFasSé | ato&nkvitieBlodk EodFiNBuY & 2 dzNJ f )
plan to manually recegister (through my.rationalacuostics.com) a machine ID that has been deactivated.

Coherence Functiorin practical terms the coherence function provides an estimation of the signal to
noise ratio and thdinearity of the system under test in frequency domain transfer function mesasur
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ments. It is calculated by dividing the averaged cross spectrum of the measurement and reference
signals by the power spectrum of the reference signal. The result is a fralctialue between zero and

one that is typically expressed as a percentage. Larger numbers mean better coherence. Given an ideally
linear and noise free system or transmission medium we would expect a coherence value of one (100%)
at all frequencies. A va¢ of zero means no detectible correlation between the input and output signals.

Coherenceweighted Averaginglza Sa O2KSNBYy OS @It dzSa (G2 a¢SAIAKGE
measurement in a mukineasurement (spatial) average. For example, if one of the oreasents

contributing to a live trace average has very poor coherence at some frequency, it will have less of an
influence on the final averaged trace than measurements with better coherence at that frequency.

CompressorAn electronic device that causesanges in output gain (typically attenuation) as a

function of the input level. These devices should NOT be used when making transfer functioneneasur
ments as they are nonlinear by nature and transfer function measurements assume the system under
test is aLinear Timdnvariant system.

CrosstalkUndesired energy in one signal (or channel) introduced from an adjacent signal or channel.

Data Window FunctionA mathematical function that affects the amplitude of a signal over some

period of time. Data windoware commonly used to condition a tirdmain signal before performing

a Discreet Fourier Transform (DFT), to reduce spectral artifacts associated with abrupt truncation of the
signal. In theory, data windows can be virtually any shape. In practice, teeuseful windows for
transforming audio data are smoothly tapering, symmetrical curves such as raised cosine (Hann,
Hamming, Blackman) or Gaussian windows that gradually reduce the amplitude of the time domain data
at the beginning and end of a finite tatamplitude series to zero or nearly so.

Decay RateThe rate at which a system decays from an excited state after cessation of a stimulus signal.
In acoustics, this quantity is usually evaluated on the basis of specified frequency ranges and expressed
in either decibels per second, or as the amount of time it would be required for the signal to decay 60
decibels at the observed rate of decay. (see Reverberation Time)

Decay TimeSee Reverberation Time.

Decibel:The decibel, often abbreviated as dB, isgalithmic ratio between two values. In electronics

and acoustics, decibels most commonly refer to the ratio between a given amplitude value and the
number 1, where some reference value such as the maximum output of an A/D converter (dB Full Scale
or dBFS)r the threshold of audibility for human hearing (for dB SPL) is scaled to equal 1. The decibel
value for an amplitude is then calculated as: dB = 2Qy&)g= 10-Log(A%), whereA s linear amplitude.

In this case, amplitude values greater than onedymsitive decibel values and numbers smaller than

one become negative dB values. This is why dB FS values are most often negative and dB values in soun
level measurements are nearly always positive.

Digital Full ScaleSeeFull Scale (FS)

Discrete Fouer Transform (DFTA mathematical technique for determining the spectral content of
complex waveforms. The DFT essentially compares the signal being analyzed to a series of sine and
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cosine waves at regularly spaced (harmonic) intervals to determine hosin energy is present at each
harmonic frequency. The spacing between frequencidseguency resolutionf the DFT is a function of
its size in samples and the sampling rate used to record the signal being analyzed. Plotting the ampl
tudes of the energydund at each frequency ady graph produces a visual representation of the
spectral content of the original timdomain signal.

DomainlLy aA3dylf LINRPOSaaAy3dsr (GKS GSN¥Y GR2YIFIAyé NBFSNE
convention, when graphingsignal the independent variable is typically placed on the horizoxtaix{s

of the plot with the dependent variable on the verticg) éxis. For example in Smaart, an impulse

response display, with time (the independent variable) onxlagis and amjiiude (the dependent

variable) on they-axis, is referred to astane domaindisplay. Similarly, Spectrum and Transfer Function

displays where magnitude or phase shift are plotted as a function of frequency arefcatjadncy

domaindisplays.

Dynamic Rage: The difference in level between the highest and lowest signal a system can accept or
reproduce, for example the range between the noise floor and the clipping voltage of an amplifier,
typically expressed in decibels.

Equalizer (EQ)A device with somaumber of filters used to change the relative gain or attenuation of a

ardylrt 4 &a2YS TNBIdzSyOAaSa odzi y2G 20KSNE® ¢KS GSNY
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in the frequency response curve of a sound system to make it more acoustically transparent. Equalizer

FAfGSNR YI@ 06S alFOiAO®SzT¢é LINPOARAY3I SAGKSNI 622ai 2N

(attenuatiorronly). The gainfoeach filter is usually independently adjustable. The center frequencies
and bandwidths of filters can be variable or fixed. A filter bank made up of bandpass filters with fixed
frequencies and bandwidths, e.g., on d8tave intervals is commonly refeddo as agraphicEQ.

When the frequencies and bandwidths for each filter in a filter bank are variable along with the gains, it
is called a parametric EQ.

Fast Fourier Transform (FFBFastFourier Transform is a special case Biscrete-ourier Tranform

(DFT) that is optimized for ease of computation. In practice this typically involves specifying the lengths
of time domain signals to be a power of 2 samples in length (e.g., 16, 32, 64, 128, 256...). This limitation
allows some shortcuts to be usaddgalculating a DFT on a digital computer using binary math that
significantly reduce the number of computational operations required, resulting in much faster
execution times.

FFT/DFT Frequency Resolutidrhe frequency resolution of a Discrete Fourieangform (DFT or FFT) is
determined by dividing the sampling rate used to record the tooenain data by the number of
samples in the time record being transformed. For example a 32K (32#6ple) FFT of a time record
sampled at 48000 Hz, will have a fremay resolution of 1.46 Hz, meaning there will be one linearly
spaced frequency data point every 1.46 Hz along the frequency axis.

FFT/DFT Time Constarithe amount of time it takes to collect all the samples required for a single FFT
frame of a given sizat a given sampling rate. The time constant of an FFT, also called the time window,
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can be calculated by dividing the FFT size by the sampling rate. For example, a 32/64B8EM6BFFT
sampled at 48k samples/second has a time constant of 0.683 seconds.

Full Scale (FSyhe term full scale has two possible meanings in digital signal processing. Normalized full
scale refers to the maximum amplitude of a digital signal sampled at a given integer sample word size
(bits per sample), scaled to-#1.0, such tlat 0 dB corresponds to the maximum possipéaksignal

value and all lesser decibel values are negative. A second convention preferred by the Audio Engineering
Society (AES) references 0 dB to RiMSvalue of a fulscale peako-peak sinewave (i.e., 0071 rather

than 1.0). In Smaart 8, all FS decibel values are referenasattaalizedfull scale, meaning that the

RMS power of a full scale sinewave3i®91 dB. When using a linear amplitude scale, Full Scale amplitude
values are typically given as pentages, where 100% = 1.

Graphic EqualizerAn equalizer with some number of bandpass filters used to change the gain or
attenuation of a signal at prselected frequencies. The bandwidths and center frequencies of the filters

are typically spaced on octaee fractional octave intervals and usually are not adjustable by the end

dza SN ¢KS GSN)XY G3aINFLKAOE 0O02YSa FTNRY -hykiBearel OG0 (K
typically used to adjust the gains of individual filters so that the knobs effdtiers forms a sort of a

NRdzZK 3INI LK adaA3ISadA@dS 2F GKS dzyAdQad NBaLkRyasS O
filters can often make the term something of a misnomer.

Impulse Responsethe response of a system to an impulsive stimiidbe time domain. The impulse
response of linear time invariant (LTI) system is also the inverse Fourier transform of its transfer
function.

Latency:In signal processing, latency refers to the throughput delay for a device or signal chain. All
digital sgnal processing devices introduce some amount of latency into a signal chain.

Linear ScaleA set of values in which values are evenly spaced. On a linear scale, each value (or unit) has
equal dimension and each integer multiple of a base number or apiesents an equal stride, so that
1, 2 and 3 are all equal steps, as are 10, 20, 30...

Linear Time Invariant (LTI) Systeihis not uncommon for descriptions of linear time invariant systems
to run pages in length and include a lot of scary math. Bsinnple terms, LTI essentially means that a
given input will always produce a predictably and proportionally scaled output and should always
require the same amount of time to work its way through the system. For example, if you put in a five
and get out &0, then putting in 10 should get you 20, and throughput delay (latency) should be the
same in both cases. Gain and latency through the system need not be the same for all frequencies, but
they should be consistent for any given frequency. Most of the amapts in a sound system, with the
exception of intentionally nonlinear processors such as compressors, limiters and special effects, are
intended to be LTI systems. From our point of view, a really useful property of LTI systems is that they
can be compliely characterized by their transfer function in the frequency domain and/or their impulse
response in the time domain.

Logarithmic ScaleA scale on which each power of a given number (e.g., ten) is given equal dimension.
On a logarithmic scale, ordersmignitude, e.g., 10, 100, 1000, 10,000... (a.k.d,, 1@, 1¢, 1¢'...), are
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On a base 2 scale, each stride is essentially one octave.
Machine ID:Aunique code assigned to each installation of Smaart 8 during the installation process.

Magnitude: 1. A number assigned to a quantity so that it may be compared with other quantities. 2. The
absolute value of amplitude. As a convention, we most often hegé¢rmsamplitudeto refer to linearly
scaled quantities anchagnitudewhen discussing amplitudes cast in logarithmic units such as decibels or
orders of magnitude.

Nyquist FrequencyNamed for Harry Nyquist, a pioneer in the field of digital signal msiog (although

Al ol ayQid OFrttSR GKIG Fd GKS GAYSOX GKS beljdzaad
sampling rate used to record a digitized signal. The Nyquist frequency is important because it represents
the theoretical limit for the highest frequency that can be accurately reconstructed from a sampled

signal. (In practice, the realorld limit tends to a little lower due to the difficulties associated with

creating a perfect brickvall low pass filter for analiasing and signal censtruction.)

OctaveBand ResolutionOn an octave or fractional octave band display the aggregate power for all the
frequencies within each band is summed and displayed as a single value per band. It is a common
practice to displapctavebandeddataasabar chart rather than a line trace, to better convey the idea
that each value shown on the graph represents the total power acrossgeof frequencies, not just a
single frequency point at the band center. Note that by convention nibvminalcenterfrequencies

given for ISO standard octave and bi&ave bands are slightly different than tb&actband center
FNBEIjdzSyOoAasSa Ay Yz2ald OFraSaszs odzi GKS@QNB Otz2asSo
Overlap:C2 NJ { YI I NI Q& |OdeNdpidférSiéithe aimndar8 of dafaNach successive FFT
Frame shares in common with the one before. Overlapping FFT frames are analogous to shingles on a

roof. When no overlap is used, each new FFT frame begins where the last one stopped, as beads on a
string.

Parametric EqualizerAn equalizer or digital figdr bank in which the relative gain or attenuation, as well
as frequency and bandwidth of individual filters are independently adjustable.

Phase ShiftA timing difference in a signal (relative to some reference) at one or more frequencies,
typically expresed in degrees, where 360° = one full cycle at a given frequency.

Pink NoiseA random (or pseudorandom) signal in which, over a given averaging period, each-Octave
band (or other logarithmically spaced interval) contains an equal amount of energy.

Propagdion Delay:The time it takes for sound to travel from one place (such as a loudspeaker) to
another place (e.g., a measurement microphone).

Reverberation Timeln acoustics, the amount of time required for audio energy introduced into a
system (typically aoom) to diminish, or decay by 60 decibels following the cessation of a stimulus signal
used to excite the system e.g., a balloon pop, gun shot or terminated pink noise. It is normally stated
bandby-band for individual octave bands. By convention, geltmes are normalized to the time

required for 60 dB of decay at an observed rate of decay, regardless of the amplitude range actually
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Chapter 1: Fundamental Concepts and Terminology
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confusion. And justa confuse things a little more 1SO 3382 specifies that it should be called T20 or T30,
GKSNB (KS dunb YR doné NBFSNI G2 GKS RSOFe& NI y3
that all of the above refer to 60 dB decay time within a stated freqyamange. When a singlmimber
reverberation time is given, according to the 1SO standard it should be the average of the reverberation
times for the 500 Hz anikH2 O | S ol yR&& f a2 OFfftSR a¢

RT60See Reverberation Time.

Sampling RateThe numbef times that the amplitude of a signal is measured within a given period of
time in analogio-digital conversion. For audioequency signals, sampling rate is typically expressed in
samples/second or Hertz.

Signal:Strictly speaking a signal can be any of values that depends on some other set of values. In
signal processing, the independent variable, e.g., time or frequency, is said to dentfanof the

signal. In audio and acoustics the things we most commonly think of as signals are time sigmmeis
where voltages or numeric values representing amplitude (the dependent variable) vary over time (the
independent variable). But by strict definition, most of the things we see in Smaart could also be called
signals, including transfer function Maitude and Phase and RTA displays where relative energy or
phase shift are presented as a functiorfregiquency rather than time.

Sound Pressure Level (SPThe RMS level of pressure waves in air expressed in decibels, referenced to
the approximate thresold of audibility for human hearing where 0 dB is approximately the quietest

sound the average human being can detect (and 1 Pascal H 94 dB). SPL is typically integrated over some
period of time, e.g. using the Fast and Slow time integration settinggifoarall standard sound level

meters. It is most often weighted by frequency to reflect perceptual characteristics of human hearing
using standard A or C weighting curves specified in IEC and ANSI standards related to the measurement
of sound levels.

Speet Transmission Index (STAN objective estimate of the intelligibility of human speech trarismi

ted through a transmission medium or system under test. It is based on the relative loss of very low
frequency modulation in higher frequency carrier waves.iS%tated as a fractional value between from

0 to 1, where 0 represents a completely unintelligible result and 1 denotes excellent intelligibility with

no loss of modulation in transmission. STl is calculated from the modulation transfer functiondgMTF)

7 octave bands from 125 Hz to 8 kHz, and evaluates 13 modulation frequencies in each band. The results
for all modulation frequencies in each band are combined into a #mAokand Modulation Transfer

Index (MTI) then weighted and summed to producengleinumber STI figure. Separate estimates for

the male and female speech may be obtained using different weighting tables when calculating STI.
Unless otherwise stated, weighting for male speakers is presumed.

SpectrographA threedimensional data plotlisplayed in two dimensions with color representing the
third dimension (or &axis). The spectrograph is a topographical representation of the-ooicgnon
waterfall display.

Spectrum:The frequency content of a given signal.
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Chapter 1: Fundamental Concepts and Terminology

Speed of Soundlhe speed at wibh sound waves propagate through a transmission medium such as air
or water. This quantity has dependent actors such as temperature and density of the material of
propagation. Useful rulef thumb values for the speed of sound in air at room temperatuseld 30

ft/sec, or 344 m/sec. In Smaart the speed of sound is used primarily to calculate distance equivalents for
time differences.

STIPASTI for public address systems) is a less rigorous variant of STI (see above) intended specifically
for use in measung public address systems. STIPA has been validated only for male speech. The only
functional difference in how STl and STIPA are measured is that instead of evaluating 13 modulation
frequencies in each octave band, STIPA uses only two frequenciesnpktobeut down the time

required for direct measurement of the modulation transfer functions (MTF). Since Smaart calculates
the MTF of a system indirectly from its impulse response and all 13 modulation frequencies required for
STl are also used for STIRt not in every band) there is no particular advantage to using STIPA in
Smaart.

T60:See Reverberation Time.

Transfer FunctionThe frequency (magnitude and phase) response of a system, function or network.

The transfer function of the linear time inant (LTI) system can be measured directly, using techniques

such as duaFFT transfer function measurements that compare the output of the system to its input
ardylrt Ay GKS FTNBIljdsSSyoOeé R2YIAYyIX 2NJ oeé dlonseAy3d (GKS

Time Constantin physics and engineering the tetime constantis most commonly used to denote a

time span between reference or threshold points in continuous processes, such as rise or decay time in
the step response of filters, heating and coglimes in thermal systems and lag times in mechanical
systems. In the context of acoustic measurement we typically use (or perhaps misuse) the term to mean
the total time required for discrete processes, such as the time it takes to collect enough séongles

FFT and/or the time span of an impulse response measurement. This is to say that we tend to use the
term interchangeably witflime Window

Time Window:The amount of time required for and/or represented by a measurement or other
process. Often useithterchangeably with Time Constant (see above).

White Noise:A random (or pseudorandom) signal in which, over a given averaging period, each
frequency has equal energy. White noise is a common test signal in electronics. It is seldom used in
testing systens that include loudspeakers because it has so muchfhégfuency energy that it can
easily damage HF components of the system, and human hearing as well.
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Chapter 2: Finding Your Way Around in Smaart

Multiple Windows and Tabs

{YFFNI @y OFyYy NMHzy Ay Ydz GALX S 6AyR2¢a FyR SI OK
with Smaart v7, each tab in version 8 is almost like a complete copy of Smaart v7, with its own live
measurements, graphs and window layout. You aitch between tabs using the tathaped buttons

in the Tab Bar at the top of the window, just below the menu bar.

Two Distinct Measurement and Analysis Modes

Smaart operates in two distinct measurememtd analysis modefealTimeandImpulse Respons&ou
can toggle between measurement modes using the mode buttons i€tirerol Barvia theReaiTime
ModeandImpulse Response Modemmands in th&/iewmenu, or by using the [I] and [R] hot keys. Yet
another way to get back and forth is by recalling a view preset based on one mode or the other, but
perhaps we are getting ahead of ourselves.

RealTime Mode Impulse Response Mode
Figurell: Twodistinct operating modes, rediime and impulse response.

In both modes, you can actively measure and display both frequamcytimedomain data. The
fundamental distinction between them is their operational focus. Réale mode is an environment for
measuring and capturing spectrumdatransfer function measurementsoften in multiplesg in real

time, and is optimized for oaite system alignment and mix engineering work. Impulse Response mode
provides a robust set of tools for measuring and analyzing the acoustical propertieserhsysid

rooms, including analysis of reverberation times, early to late energy ratios, and speech intelligibility
metrics. We will explore the user interface for each mode in detail in later chapters. For now, we will
focus on things they have in common.

Common User Interface Elements

At first glance, the default window layouts for reahe and impulse modes look very similar. Each has a
Control Bar on the right side of the main window with a large numeric signdideuad level meter at

the top. To the left of the Control Bar, is the main graph area with the cursor tracking readout above it,
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