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Introduction 
What is Smaart? 
Rational Acoustics Smaart® is a dual-channel, FFT-based acoustical analysis software application that 

runs on Microsoft Windows and Mac OS X. It provides real-time spectrum analysis of audio signals, dual-

channel transfer function analysis of sound system response and acoustical impulse response measure-

ment and analysis capability. Smaart enables you to measure and analyze the frequency content of 

audio signals, study the timing and frequency response of electro-acoustic systems, and perform basic 

room acoustics analysis.  

Smaart is designed to be accessible to a wide cross-section of audio engineers and technicians, offering 

the flexibility and scalability to meet the requirements for nearly any field measurement and analysis 

application while maintaining a level of intuitive usability that everyone from novice users to the busiest 

seasoned professionals can appreciate. Being entirely software-based, Smaart is hardware independent 

and can process data from nearly any audio source that can stream data to a computer, from built-in 

sound chips in laptop and tablet computers, to professional multi-channel recording interfaces and 

digital mixing consoles, to 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 program and its features and operation along with a 

brief survey of some of the core concepts related to acoustic measurement and analysis, and to 

establish a foundation for making valid, repeatable measurements and extracting some useful infor-

mation from the results. This is not a book on sound 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 the 

appendices.  

We assume that the reader has a basic understanding of professional audio equipment and engineering 

practices. A separate guide entitled Choosing gear for your Smaart measurement system is available 

from our web site that discusses the basics of computer audio I-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 measurement and analysis 

systems, you will need to take the time to familiarize yourself with configuring and operating Smaart 

version 8. Smaart offers extensive flexibility in terms of the number of inputs you can analyze and the 

number of ways you can display the results. It can interface with multiple I/O devices simultaneously 

and run multiple real-time 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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How to use this Guide 
This guide is organized in such a way that it can be read from 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 the first place 

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, you can use SmaartΩǎ ƻƴƭƛƴŜ ƘŜƭǇ ǎȅǎǘŜƳΣ ǿƘƛŎƘ Ŏƻƴǘŀƛƴǎ ƳǳŎƘ ƻŦ ǘƘŜ ǎŀƳŜ 

ƛƴŦƻǊƳŀǘƛƻƴ ōǳǘ ƛǎ ƻǊƎŀƴƛȊŜŘ ƳƻǊŜ ƛƴ ǇŀǊŀƭƭŜƭ ǿƛǘƘ ǘƘŜ ǳǎŜǊ ƛƴǘŜǊŦŀŎŜ ƻŦ ǘƘŜ ǇǊƻƎǊŀƳΣ ǘƻ άŘǊƛƭƭ Řƻǿƴέ 

through menus, dialogs, and on-screen controls to find what you are looking for. 

Notation for Accelerator 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. Specifically, 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 Mac keyboards. Additionally, most PC mice have at least two buttons (left and right) 

ǿƘŜǊŜŀǎ Ƴŀƴȅ aŀŎΩǎ ƘŀǾŜ ƻƴƭȅ ƻƴŜΦ 

Lƴ ǘƘƛǎ ŘƻŎǳƳŜƴǘΣ ǿŜ ǿƛƭƭ ǿǊƛǘŜ ǘƘŜ ƴŀƳŜǎ ƻŦ ƪŜȅǎ ǳǎŜŘ ŦƻǊ ƪŜȅōƻŀǊŘ ǎƘƻǊǘŎǳǘǎ όŀƭǎƻ ŎŀƭƭŜŘ άƘƻǘ ƪŜȅǎέ ƻǊ 

accelerator keys) in square brackets to distinguish 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 machine or the 

[Cmd] key on a Mac. 

Summary of notational conventions for keyboard and mouse operations  

Key names for keyboard commands appear in square brackets ( [Key Name] ) 

[Ctrl/Cmd] means press the [Ctrl] key on a Windows machine or the [Cmd] key on a Mac. 

[Alt/Option] means press the [Alt] key on Windows or the [Option] key on Mac. 

Left-click on a Windows machine is a regular mouse click on Mac. 

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

As regards the mouse (or other pointing device), the left button on a Windows mouse corresponds to a 

ƴƻǊƳŀƭ ƳƻǳǎŜ ŎƭƛŎƪ ƻƴ aŀŎΣ ǎƻ ƛŦ ǿŜ ǎŀȅ άƭŜŦǘ-ŎƭƛŎƪΣέ aŀŎ ǳǎŜǊǎ Ƨǳǎǘ ŎƭƛŎƪ ŀƴŘ ƛŦ ǿŜ Ƨǳǎǘ ǎŀȅ άŎƭƛŎƪΣέ 

Windows users left-click. A right-click operation on Windows can be accomplished on a Mac by holding 

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

άƭŜŦǘ-ŎƭƛŎƪέ Ƴŀȅ ŜǉǳŀǘŜ ǘƻ ŀ ǉǳƛŎƪ ǘŀǇ ƻƴ ǘƘŜ ǎŎǊŜŜƴ ǿƛǘƘ ȅƻǳǊ ŦƛƴƎŜǊ ƻǊ ǎǘȅƭǳǎ ŀƴŘ άǊƛƎƘǘ-ŎƭƛŎƪέ Ƴŀȅ ƳŜŀƴ 

a longer press and hold. 
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άYέ ǾŜǊǎǳǎ άƪέ 
A perennial source of ambiguity in literature and documentation regarding DSP hardware and software 

Ƙŀǎ ōŜŜƴ ǘƘŜ ǳǎŜ ƻŦ ǘƘŜ ŀōōǊŜǾƛŀǘƛƻƴ άƪέ όŦƻǊ ƪƛƭƻύ ǘƻ ƳŜŀƴ ōƻǘƘ ƳǳƭǘƛǇƭŜǎ ƻŦ мллл ŀƴŘ млнп όн10). In this 

guide, we will strive to adhere to ǘƘŜ {L ŎƻƴǾŜƴǘƛƻƴ ƻŦ ǳǎƛƴƎ ǘƘŜ ƭƻǿŜǊ ŎŀǎŜ άƪέ ǘƻ ŘŜƴƻǘŜ only multiples 

ƻŦ млллΦ ²Ŝ ǿƛƭƭ ǳǎŜ ŀƴ ǳǇǇŜǊ ŎŀǎŜ άYέ ǿƘŜƴ ǿŜ ŀǊŜ ǘŀƭƪƛƴƎ ŀōƻǳǘ ƳǳƭǘƛǇƭŜǎ ƻŦ млнпΦ CƻǊ ŜȄŀƳǇƭŜΣ ȅƻǳ 

should always be able to read 48k as 48000 and 8K as meaning 8192 (8 x 1024). 

Properly speaking, 210 probably should ōŜ ŀōōǊŜǾƛŀǘŜŘ άYƛέ όǎƘƻǊǘ ŦƻǊ άYƛƭƻōƛƴŀǊȅέύΣ ǘƻ ŘƛǎŀƳōƛƎǳŀǘŜ ƛǘ 

ŦǊƻƳ άYέ ŦƻǊ YŜƭǾƛƴ ƻǊ YŀǊŀǘΣ ƘƻǿŜǾŜǊ ǘƘŜǊŜ ƛǎƴΩǘ ƳǳŎƘ ŘŀƴƎŜǊ ƻŦ ŀƴȅƻƴŜ ǘƘƛƴƪƛƴƎ ǿŜ ƳŜŀǎǳǊŜ CC¢ ǎƛȊŜǎ 

ōȅ ǿŜƛƎƘǘ ƻǊ ǘŜƳǇŜǊŀǘǳǊŜΣ ŀƴŘ άYƛέ Ƙŀǎ ȅŜǘ ǘƻ ŎƻƳŜ ƛƴǘƻ very common usage. 

Full Scale (dB FS) versus Full Scale 
There exist two competing references for decibels in digital audio signals. One convention references dB 

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

size ς e.g., ± 32768 for 16 bits ς normalized to a range of ± 1.0, such that 0 dB FS denotes the maximum 

ǇƻǎǎƛōƭŜ ŘƛƎƛǘŀƭ ŀƳǇƭƛǘǳŘŜ ǾŀƭǳŜΦ ²Ŝ ǿƛƭƭ ǊŜŦŜǊ ǘƻ ǘƘƛǎ ŀǎ άƴƻǊƳŀƭƛȊŜŘ Cǳƭƭ {ŎŀƭŜΦέ 

The second convention, preferred by the Audio Engineering Society (AES), references 0 dB FS to the RMS 

value of a full-scale peak-to-peak sinewave (i.e., 0.7071 normalized Full Scale, rather than 1.0). We will 

Ŏŀƭƭ ǘƘƛǎ ά!9{ Cǳƭƭ {ŎŀƭŜέΦ Lƴ {ƳŀŀǊǘΣ Cǳƭƭ {ŎŀƭŜ ŘŜŎƛōŜƭ Ǿŀƭǳes are always referenced to normalized Full 

Scale, meaning that the RMS magnitude of a full-scale digital sinewave is -3.01 dB FS. 

Recommended Computer Hardware 
While Smaart v8 will operate on a wide range of computer hardware configurations, we recommend the 

following minimum computer configuration for new installations: 

Windows® 

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

¶ CPU: 2 GHz Dual-Core Intel i5 Processor or faster 

¶ RAM: 2 GB or greater 

¶ Graphics: Intel HD 4000 or better, or 256 MB dedicated video RAM 

¶ Display: Min. 1024 × 768 pixel display 

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

Macintosh 

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

¶ CPU: 2 GHz Dual-Core Intel i5 or faster 

¶ RAM: 2 GB or greater 

¶ Graphics: Intel HD 4000 or better, or 256 MB dedicated video RAM. 

¶ Sound Hardware: Audio Hardware with compatible Core Audio device drivers 
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Loading and Licensing the Software 
To install Smaart v8 on 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. 

Registering your installation 
Following installation, the first time you run Smaart, you will be presented with an activation screen 

requesting an 18-digit license code. To activate Smaart on a computer that is connected to the internet, 

enter your license code in the fields provided and click the Next button. 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 click Next. Smaart will automatically fill in three fields for you containing details of the 

installation that you are registering. The Name, Computer Name, and Email Address can be whatever 

you want them to be. These are used only to identify the installation on your license management page 

at my.rationalacoustics.com. When you click the Activate button, Smaart will connect to the web site, 

register the installation, and then activate itself automatically ς assuming that you have at least one 

available installation slot on your license. 

If you are activating a Smaart installation on a computer is not connected to the internet, you can 

perform an off-line activation at my.rationalacoustics.com. This requires logging into the web site and 

entering youǊ ŎƻƳǇǳǘŜǊΩǎ ǳƴƛǉǳŜΣ мл-digit Machine ID (generated by during Smaart installation) to 

create a unique Activation Code for the installation (see Off-line Activation on page 189 for details). For 

more information about Smaart installation, registration and license management general, please refer 

to Appendix F: Licensing and Installation on page 188.
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Chapter 1: Fundamental 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 this document to cover them all, this chapter highlights a few critical concepts that 

ǿƛƭƭ ōŜ ƻŦ ǎƛƎƴƛŦƛŎŀƴǘ ŀǎǎƛǎǘŀƴŎŜ ƛƴ ǳƴŘŜǊǎǘŀƴŘƛƴƎ {ƳŀŀǊǘ ǾуΩǎ ƻǇŜǊŀǘƛƻƴ ŀƴŘ ƛǘǎ ŀǇǇƭƛŎŀǘƛƻƴΦ wŜŀŘŜǊǎ ǿƘƻ 

wish to deepen their knowledge of these, and other topics related to acoustical measurement and 

sound system engineering can refer to the reading list in Appendix A: Applicable Standards and Further 

Reading on page 171 for some suggestions on where to go to learn more. 

Time and Frequency Domain Analysis 
A basic understanding of the relative strengths and differences between time- and frequency-domain 

analysis is critical to leveraging the measurement power presented in Smaart. The ability to examine a 

measurement from multiple perspectives is extremely useful in the process of analyzing a signal or 

ǎȅǎǘŜƳ ǊŜǎǇƻƴǎŜΦ 9ŀŎƘ ƻŦ {ƳŀŀǊǘΩǎ ǇǊƛƳŀǊȅ ƻǇŜǊŀǘƛƴƎ ƳƻŘŜǎ όǊŜŀƭ-time and impulse response) includes 

both time- and frequency-domain measurement and analysis capability. 

 

Figure 1: Dual-channel vs. single-channel measurements in the time domain and frequency domain. 

Time Domain             vs.        Frequency Domain

Waveform

Amplitude vs. Time 

Amplitude vs. Time 

(Transfer Function)

Impulse Response Frequency Response

Spectrum

Magnitude and Phase vs. Frequency 

Magnitude vs. Frequency 

D
u

a
l 
C

h
a

n
n

e
l 
  

vs
. 
  

S
in

g
le

 C
h

a
n

n
e

l
R

e
s
p

o
n

s
e

 A
n

a
ly

s
is

  
  
  
 

S
ig

n
a

l 
A

n
a

ly
s
is

FFT

IFT

FFT

IFT



Chapter 1: Fundamental Concepts and Terminology 

Smaart v8 User Guide 6 Release 8.2 

¢ƘŜ άŘƻƳŀƛƴέ ƻŦ ŀ ƎǊŀǇƘ ƻǊ ǎƛƎƴŀƭ ǊŜŦŜǊǎ ǘƻ ǘƘŜ ƛƴŘŜǇŜƴŘŜƴǘ ǾŀǊƛŀōƭŜΣ ǳǎǳŀƭƭȅ ǎhown on the horizontal 

axis of a graph. Audio waveforms, for example, are time-domain 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 (horizontal) x axis of a waveform graph, with amplitude on the (vertical) y axis. On a 

frequency-domain graph, we normally put frequency on the x axis and magnitude on the y axis. The 

exception in both cases is the spectrograph, which has two independent variables, so we orient it 

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 waveform ς a 

critical view for sound editors. In sound system engineering and room acoustics, a time-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 of its spectrum, 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 response of a system as well as its time/phase response by frequency. 

Figure 1 provides a very good example of the power of utilizing both time and frequency domain views 

for examining system response. The frequency response measurement depicts 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 view of 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 signal with a time 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 French mathematician and physicist Jean-Baptiste 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 time-domain signals from spectral data. 

There are several different types of Fourier transforms, but the type that we concern ourselves 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 of signal being analyzed to be a power of two (2n) samples in length, e.g., 

плфс όпYύΣ умфн όуYύΣ мсоуп όмсYύΧ όн12, 213, 214ΧύΦ !ƭƭ CC¢ǎ ŀǊŜ 5C¢ǎΣ ōǳǘ ƴƻǘ ŀƭƭ 5C¢ǎ ŀǊŜ fast. 

Most DFTs in Smaart are power-of-two FFTs (also called radix 2 FFTs or just FFTs). We use arbitrary-

length DFTs for some things, notably for impulse response analysis, but since FFTs generally execute 

much faster, they are very much preferred for real-time operations in particular, or any application 

where the accompanying restrictions on the precise length of the time record are not a problem. 
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Figure 2: Fourier analysis. The discrete Fourier transform (DFT or FFT) analyzes a complex time-domain 

signal to find the magnitude and phase of the component sinewaves that make up the complex wave-

form. The magnitude of each component sinewave can be plotted on a frequency-domain graph to 

form a picture of the spectral content of the complex signal ς the phase data is really only of interest if 

we have a reference signal to compare it to, or want to synthesize a replica of the original time-domain 

signal using an inverse Fourier transform (IFT). 

Time Resolution versus Frequency Resolution 
A key trade-off when working with discrete Fourier transforms (DFT or FFT) is the inverse relationship 

between time resolution and frequency resolution ς as one gets better the other gets worse. Both are a 

ŦǳƴŎǘƛƻƴ ƻŦ ǘƘŜ άǘƛƳŜ Ŏƻƴǎǘŀƴǘέ όŀƭǎƻ ŎŀƭƭŜŘ ǘƘŜ άǘƛƳŜ ǿƛƴŘƻǿέύ ƻŦ ǘƘŜ ƳŜŀǎǳǊŜƳŜƴǘΦ ¢he time constant 

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 the expense of less detailed time resolution. 

Time resolution might be the least of your worries if you are doing a long-term average of a signal or a 

steady-state measurement of a sound system using a statistically random signal such as pink noise. It 

could however, 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 constant of a 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 Smaart is 16K (16384) samples. A 16K FFT recorded at 48000 samples/second has a 

time constant of 0.341 seconds (16384/48000) or 341 milliseconds. 

ὝὭάὩ ὅέὲίὸὥὲὸ 
ὊὊὝ ὛὭᾀὩ

ὛὥάὴὰὩ ὙὥὸὩ
 

ρ

ὊὶὩήόὩὲὧώ ὙὩίέὰόὸὭέὲ
 

Low frequencies have longer cycle times than high frequencies of course ς ǘƘŀǘΩǎ ǿƘŀǘ ƳŀƪŜǎ ǘƘŜƳ ƭƻǿ 

frequencies ς 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 that an FFT (or any ƻǘƘŜǊ ƪƛƴŘ ƻŦ 5C¢ύ Ŏŀƴ ŎƭŜŀǊƭȅ άǎŜŜέ ƛǎ мκT, where 

T is the FFT time constant in seconds. Using the example of a 16K FFT at 48k sample rate, frequency 

resolution in that case works out to 2.93 Hz (1/0.341). 

ὊὶὩήόὩὲὧώ ὙὩίέὰόὸὭέὲ 
ὛὥάὴὰὩ ὙὥὸὩ

ὊὊὝ ὛὭᾀὩ
 

ρ

ὝὭάὩ ὅέὲίὸὥὲὸ
 

If you are familiar with the reciprocal relationship between cycle time and frequency in sine waves 

(f = 1/t and t = 1/f), you may have spotted the fact that it echoes the relationship between time constant 

and frequency resolution in an FFT. In 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 frequency bins are at 

integer multiples (harmonics) of that fundamental frequency, and so knowing the time constant also 

tells you how far apart the frequency bins are. 

 

Figure 3: FFT Frequency Resolution shown on a logarithmic frequency scale. Each doubling of FFT size (in samples) 

doubles the FFT frequency resolution and extends its frequency range an octave lower. 

Lƴ ǇǊŀŎǘƛŎŀƭ ǘŜǊƳǎΣ ƎƛǾŜƴ ŀ ǎŀƳǇƭƛƴƎ ǊŀǘŜ ƻŦ ппΦмƪ ƻǊ пуƪΣ {ƳŀŀǊǘΩǎ мсY ŘŜŦŀǳƭǘ CC¢ ǎƛȊŜ ŦƻǊ ǎǇŜŎǘǊǳƳ 

measurements provides very good low-frequency 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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noise. As regards more dynamic signals such as speech or music, if we recorded 16K FFTs end-to-end for 

a full minute at 48k sample rate, that works out to just about 176 discrete frames per minute (60 / 0.341 

Ғ  176). That tends to meet or exceed the average tempo for most musical genres, meaning that it 

provides enough time resolution to see the spectral content of individual notes in most cases. 

In terms of speech analysis, typical speaking rates for native English speakers range from about 140-180 

words per minute or about 200-300 syllables per minute, so a 16K FFT gets you words but not syllables. 

Dropping the FFT size to 8k would double the time resolution to about a minimum of about 352 frames 

per second ς enough to keep up with insanely fast music or distinguish individual syllables at typical 

rates of speaking ς but does so at the expense of some loss of detail at low frequencies. 

A couple of other trade-offs 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 frequencies 

when linearly spaced DFT data is plotted on a logarithmic frequency scale. In RTA measurements, the 

use of fractional octave banding effectively nullifies the excess high-frequency resolution issue and even 

lower end computers these days can perform real-time 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, 

{ƳŀŀǊǘΩǎ Ƴǳƭǘƛ-time-window (MTW) feature, attempts to sidestep both problems by using a series of 

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 resolution at high frequencies and works for both MTW and 

measurements that use just a single FFT size. 

Single and Dual-Channel Measurement Techniques 
In real-time mode, Smaart performs two basic types of domain measurements: single-channel (signal 

analysis) and dual-channel (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. 

Real-time spectrum analyzer (RTA) and Spectrograph displays are based on single-channel FFT analysis. 

Another example would be sound level measurements, i.e., sound pressure level (SPL) or equivalent 

sound level (Leq). When calibrated to an absolute reference such as SPL, single-channel 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 

ǉǳŜǎǘƛƻƴǎ ǎǳŎƘ ŀǎΣ άIƻǿ ƳǳŎƘ м ƪIȊ ŜƴŜǊƎȅ ƛǎ ƛƴ ǘƘŀǘ ǎƛƎƴŀƭΣέ ά²Ƙŀǘ ƛǎ ǘƘŜ ŦǊŜǉǳŜƴŎȅ ƻŦ ǘƘŀǘ ǘƻƴŜΣέ ƻǊ 

ά²Ƙŀǘ ƛǎ ǘƘŜ {t[ ŀǘ ǘƘƛǎ ƭƻŎŀǘƛƻƴ ƛƴ ǘƘŜ ǾŜƴǳŜΚέ 

Dual-channel measurements compare two signals to find the similarities and differences between them. 

Transfer function and impulse response measurements in Smaart are dual-channel 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 both signals are 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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Figure 4: Single-channel vs dual-channel measurements. Single channel spectral measurements analyze the energy 

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

know the spectrum of the input signal, ȅƻǳ Ŏŀƴ ƛƴŦŜǊ ŀƴ ŜǎǘƛƳŀǘƛƻƴ ƻŦ ǘƘŜ ǎȅǎǘŜƳΩǎ ƳŀƎƴƛǘǳŘŜ ǊŜǎǇƻƴǎŜ όƻƴƭȅύΦ 5ǳŀƭ-

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 throughput delay. 

Dual-channel methods provide a relative measurement (input vs. output), and can help to answer 

ǉǳŜǎǘƛƻƴǎ ƭƛƪŜ ά²Ƙŀǘ ƛǎ ǘƘŜ ŎǊƻǎǎƻǾŜǊ ŦǊŜǉǳŜƴŎȅ ƛƴ ƻǳǊ ǎȅǎǘŜƳΣέ άIƻǿ ƳǳŎƘ ōƻƻǎǘ ƻǊ ŀǘǘŜƴǳŀǘƛƻƴ ƛǎ 

ǘƘŜǊŜ ŀǘ м ƪIȊΣέ ƻǊ ά²ƘŜƴ ƛǎ ŜƴŜǊƎȅ ŦǊƻƳ Ƴȅ Ƴŀƛƴ ǎǇŜŀƪŜǊ ǎȅǎǘŜƳ ŀǊǊƛǾƛƴƎ ŀǘ ǘƘŜ ƳŜŀǎǳǊŜƳŜƴǘ ƳƛŎΚέ 

Both single- and dual-channel measurement can be powerful tools when you understand their individual 

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

Confusing or conflating 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 perception is logarithmic  

ƛƴ ƴŀǘǳǊŜ ŀƴŘ ŎƻǾŜǊǎ ŀ ǊŜƭŀǘƛǾŜƭȅ ƘǳƎŜ ǊŀƴƎŜ ƻŦ ǾŀƭǳŜǎΦ 9ǾŜǊȅƻƴŜΩǎ ƘŜŀǊƛƴƎ ƛǎ ŀ ƭƛǘǘƭŜ ŘƛŦŦŜǊŜƴǘ ōǳǘ ƛƴ 

general, the difference between the threshold of hearing and the threshold of pain ς the quietest 

sounds we can hear and the loudest sounds we can stand ς is somewhere around 120 decibels (dB). 

That works 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 kHz, a range 

ƻŦ ŦƻǳǊ ƭƻƎŀǊƛǘƘƳƛŎ άŘŜŎŀŘŜǎέΦ !ŘƳƛǘǘŜŘƭȅΣ Ƴŀƴȅ ƻǊ ǇŜǊƘŀǇǎ Ƴƻǎǘ ƻŦ ǳǎ ŀǊŜ ǳƴŀōƭŜ ǘƻ ƘŜŀǊ ŀŎǊƻǎǎ ǘƘŀǘ 

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 is still a pretty 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 perceived the world linearly. To us, the difference between one and two sounds (or 

ƭƻƻƪǎΣ ƻǊ ŦŜŜƭǎύ ƳƻǊŜ ƭƛƪŜ ǘƘŜ ŘƛŦŦŜǊŜƴŎŜ ōŜǘǿŜŜƴ ǘǿƻ ŀƴŘ ŦƻǳǊΣ ƻǊ ŦƻǳǊ ŀƴŘ ŜƛƎƘǘΣ ƻǊ ŜƛƎƘǘ ŀƴŘ ǎƛȄǘŜŜƴΧ 

(you get the idea). 

Charting audio and acoustic data on logarithmic amplitude (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 

pŜǊŎŜǇǘƛƻƴΦ bƻƴŜ ƻŦ ǘƘƛǎ ƛǎ ǘƻ ǎŀȅ ǘƘŀǘ ƭƛƴŜŀǊ ǎŎŀƭŜǎ ŘƻƴΩǘ ƘŀǾŜ ǘƘŜƛǊ ǳǎŜǎΣ ōǳǘ ŦƻǊ Ƴƻǎǘ ƻŦ ǘƘŜ ǘƘƛƴƎǎ ǿŜ 

do in Smaart, 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 that makes 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 how frequencies are plotted on charts and graphs. On a linear 

ŦǊŜǉǳŜƴŎȅ ǎŎŀƭŜΣ ƭŜǘΩǎ ǎŀȅ ŜǾŜǊȅ млл IŜǊǘȊ όȅƻǳ Ŏŀƴ ǇƛŎƪ ŀƴȅ ƴǳƳōŜǊύΣ ƻŎŎǳǇƛŜǎ ǘƘŜ ǎŀƳŜ ŀƳƻǳƴǘ ƻŦ 

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 

IȊΣ рлл IȊΣ м ƪIȊΣ н ƪIȊΣ п ƪIȊΧύΦ hƴ ŀ ƭƻƎŀǊƛǘƘƳƛŎ ŘŜŎŀŘŜ ǎŎŀƭŜΣ ŜŀŎƘ ǇƻǿŜǊ ƻŦ мл IȊΣ όмлΣ мллΣ млллΣ 

10,000) is the same width as every other. Logarithmic scales work the same way for any base, but the 

bases we use for log scales in Smaart are two and ten (octaves and decades). 

 

Figure 5: Linear vs Logarithmic frequency scaling. Two 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 correlate better with the underlying physics of sound and acoustics. Charting 

Linear Frequency Scaling

Logarithmic Frequency Scaling
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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 phase shift associated with a 

fixed delay, which becomes a straight-line 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 fuzzier-looking at higher freǉǳŜƴŎƛŜǎΦ ¢Ƙŀǘ ŘƻŜǎƴΩǘ ƴŜŎŜǎǎŀǊƛƭȅ ƳŜŀƴ 

there is more noise in the HF. It is a natural consequence of packing more and more linearly-space FFT 

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. 

 

Figure 6: Figure 6: MTW vs 16K FFT transfer function on a logarithmic frequency scale. The 

MTW uses larger time constants at low frequencies to improve LF resolution while smaller time 

Ŏƻƴǎǘŀƴǘǎ ŀǘ ƘƛƎƘŜǊ ŦǊŜǉǳŜƴŎƛŜǎ ǊŜŘǳŎŜ Ǿƛǎǳŀƭ άƴƻƛǎŜέ ŘǳŜ ǘƻ ŜȄŎŜǎǎ ǊŜǎƻƭǳǘƛƻƴΦ 

Linear Amplitude 
Linear amplitude, as the name might imply, is amplitude displayed on a linear scale, e.g., volts or digital 

integer-based amplitude units. In Smaart, the only places that you ever see linear amplitude are linear 

time-domain charts, where amplitude is displayed 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 sample) are scaled to a range between 1 and -1 (inclusive), with fractional values 

in between expressed as percentages. 

FFT = MTW

FFT = 16K
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{ƛƴŎŜ ȅƻǳ ŎŀƴΩǘ ǘŀƪŜ ǘƘŜ ƭƻƎ ƻŦ ŀ ƴŜƎŀǘƛǾŜ ƴǳƳōŜǊΣ ǘƘŜ ƻƴƭȅ ǿŀȅ ǘƻ ǎŜŜ ǊŜƭŀǘƛǾŜ ǇƻƭŀǊƛǘȅ ƛƴ ŀƴ ƛƳǇǳƭǎŜ 

response is to use a linear amplitude scale. Also, some people prefer the linear amplitude scale for 

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 the LF range 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. 

 

Figure 7: Figure 7: Linear vs Logarithmic amplitude scaling. The impulse response of a bandpass fil-

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 clearly shows 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 literally means one tenth of a Bel. The Bel 

is named for Alexander Graham Bell, inventor of the telephone (or one of the inventors anyway). Why 

ǘƘŜȅ ŎŀƭƭŜŘ ƛǘ ŀ ά.Ŝƭέ ƛƴǎǘŜŀŘ ƻŦ ŀ ά.Ŝƭƭέ ƛǎ ŀ ǉǳŜǎǘƛƻƴ ǘƘŀǘ ǎƻƳŜƻƴŜ ŜƭǎŜ ǿƻǳƭŘ ƘŀǾŜ ǘƻ ŀƴǎǿŜǊΣ ōǳǘ ǘƘŀǘ 

probably explains why the abbreviation for decibels is written as dB (with a capital B). Although no one 

seems to use Bels for much of anything ς most people would just say 10 dB instead ς the formulas for 

converting to and from decibels may seem less arbitrary if you consider that 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: 

Ὠὄ  ρπϽÌÏÇὖέύὩὶ  ςπϽÌÏÇὃάὴὰὭὸόὨὩ  

ὖέύὩὶ   ρπ ϳ   ὃάὴὰὭὸόὨὩ 

ὃάὴὰὭὸόὨὩ  ρπ ϳ   ЍὖέύὩὶ 
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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 equations on the previous page, the reference is assumed to be 

one; however it could potentially be any number. To reference dB to a number other 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: 

  Ὠὄ  ςπϽÌÏÇὺὺϳ   

where ὺ is some linear value that you want to convert to decibels and ὺ is a reference value. 

One common example of this in audio applications is dBu, which references 0 dB to 0.775 Volts.  

Another might be the AES convention for dB FS (dB Full Scale) which essentially references 0 dB to  

the square root of 0.5 (0.7071), so that a full-scale, peak-to-peak sinewave has an RMS value of 0 dB 

instead of ҍ3.01 dB. 

Octave and Fractional-Octave 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 summation of thŜ ǇƻǿŜǊ ŀǘ ŀƭƭ ŦǊŜǉǳŜƴŎƛŜǎ ǘƘŀǘ Ŧŀƭƭ ǿƛǘƘƛƴ ǘƘŀǘ ōŀƴŘΦ ¢ƘŀǘΩǎ ǿƘȅ ŀ 

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 decade. Each individual 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 noise signal, which has equal energy at all frequencies (nominally at least), you 

would see that it appear flat on an un-banded linear or logarithmic spectrum display, but slopes upward 

at 3 dB per octave on a banded display. 

 

Figure 8: Fractional-octave banding vs FFT data on a logarithmic frequency scale. The lighter green 

bars show a 1/12-octave banded RTA measurement of pink noise. The darker green line trace is a  

narrowband (un-banded) view of the same data on a logarithmic frequency scale. 



Chapter 1: Fundamental Concepts and Terminology 

Smaart v8 User Guide 15 Release 8.2 

Banded spectrum displays are useful for several reasons. Notably, they can be used in conjunction with 

Ǉƛƴƪ ƴƻƛǎŜ ǘƻ ƳŀƪŜ ŀ ǇƻƻǊ ƳŀƴΩǎ ƳŜŀǎǳǊŜƳŜƴǘ ƻŦ ǘƘŜ ƳŀƎƴƛǘǳŘŜ ǇƻǊǘƛƻƴ όƻƴƭȅύ ƻŦ ǘƘŜ ŦǊŜǉǳŜƴŎȅ 

response of a device or system. A single chanƴŜƭ ǎǇŜŎǘǊǳƳ ƳŜŀǎǳǊŜƳŜƴǘ ŎŀƴΩǘ ǘŜƭƭ ȅƻǳ ŀƴȅǘƘƛƴƎ ŀōƻǳǘ 

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 system that has 

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 individual bins jumping around. 

There is a psychoacoustic dimension to banding as well. Pink noise, or 1/f 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 long-term average spectra for all kinds of music, across a wide range of genres and cultures, tends to 

be similar to that of pink noise. Banded spectrum displays may therefore tend to be a natural and 

intuitive way of looking at the spectral content of music and other signals for that reason. 

Smoothing (Transfer Function) 
Fractional octave smoothing of transfer 

function data is useful for filtering out 

small fluctuations in magnitude and 

phase to help make lager features and 

trends in the data easier to see. It is 

analogous to fractional octave banding 

except that it works by averaging 

instead of summing. Smoothing places 

each frequency data point at the center 

ƻŦ ƛǘǎ ƻǿƴ άōŀƴŘΣέ ǊŀǘƘŜǊ ǘƘŀƴ ŎƻƭƭŜŎǘƛƴƎ 

the bins into a fixed number of bands at 

fractional octave intervals. In this case, 

ŜŀŎƘ άōŀƴŘέ ƛǎ ŀ ŎŜƴǘŜǊ-weighted 

smoothing window that expands as you 

ascend in frequency. 

On a logarithmic display, as the linearly 

spaced frequency FFT data points get 

closer and closer together at high frequencies, the smoothing window opens up to include more points 

ƻƴ ŜƛǘƘŜǊ ǎƛŘŜ ƛƴ ǘƘŜ ŀǾŜǊŀƎŜΦ ¢Ƙƛǎ ƘŜƭǇǎ ǘƻ ǘŀƳŜ ǘƘŜ IC άŦǳȊȊƛƴŜǎǎέ ƛƴƘŜǊŜƴǘ ƛƴ ǇƭƻǘǘƛƴƎ CC¢-based 

measurements of noisy signals on a logarithmic frequency scale. 

Averaging 
Averaging is used a number of different ways in Smaart, to try and separate useful information from 

extraneous factors such as noise, reverberation and position-dependent acoustical anomalies. Averaging 

in Smaart falls into one of two broad categories, temporal or spatial, and there are some different 

options for each type, depending on the measurement type. 

1/48-Octave

Smoothing

1/12-Octave

Smoothing

1/3-Octave

Smoothing

Figure 9: Fractional-octave smoothing for transfer function data. 
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Averaging Over Time (Temporal Averaging) 
Temporal averaging just means averaging a measurement over some period 

of time. Typically this is done at a single measurement point or microphone 

position, although moving-microphone measurements utilizing temporal 

averaging are sometimes used for specialized applications. In acoustical 

measurements, a significant amount of noise from various sources gets mixed 

in with the signal we are trying to measure. The noise components are 

ǊŀƴŘƻƳΣ ƳŜŀƴƛƴƎ ǘƘŜȅ ŀǊŜ ŘƛŦŦŜǊŜƴǘ ƛƴ ŜŀŎƘ ƛƴŘƛǾƛŘǳŀƭ άŦǊŀƳŜέ ƻŦ ƛƴŎƻƳƛƴƎ 

measurement data, and fluctuate quite a bit from one frame to the next. This 

tends to make the charts jump around a lot and look noisy and hard to read. 

Averaging over time increases the signal-to-noise ratio of a measurement 

through a process known as regression to the mean. The noisy parts of the 

incoming data, being more random than the signal component, tend to cancel 

each other out when aggregated over time. The signal components, being 

either stationary features (in the case of steady state system measurements 

where the signal being measured is not 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. 

The trade-off in both cases is responsiveness. When analyzing the spectral 

content of 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 such as equalization and delay adjust-

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 levels and user prefer-

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 average, ǎƻ ǘƘŀǘ ȅƻǳ ŘƻƴΩǘ ƘŀǾŜ ǘƻ ǿŀƛǘ ŦƻǊ ǘƘŜ ƻƭŘŜǎǘ Řŀǘŀ ǘƻ Ŧŀƭƭ ƻǳǘ 

of the measurement before you can begin to see the result of your changes. 

Temporal averaging for real-time measurements is set from the Averaging control on the Control Bar 

that runs down the right side of the main window (see Figure 10). The available options are a mix of 

types as well as degree of averaging. 

¶ The first four choices in the list are for an equal-weighted simple moving average (called FIFO 

averaging) of the most recent 2, 4, 8 or 16 frames of data. In this type of average, the oldest frame 

Ŧŀƭƭǎ ŎƻƳǇƭŜǘŜƭȅ ƻǳǘ ƻŦ ǘƘŜ ƳŜŀǎǳǊŜƳŜƴǘ ǿƘŜƴ ŀ ƴŜǿ ŦǊŀƳŜ ŎƻƳŜǎ ƛƴΣ ƘŜƴŎŜ ǘƘŜ ƴŀƳŜ άCLChΣέ ŦƻǊ 

άFirst In, First Out.έ 

¶ The options labeled 1-10 Sec refer to a proprietary averaging method that we call variable averag-

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

moving averages. 

Figure 10: Real-time mode 

Averaging selector for the 

active measurement. 



Chapter 1: Fundamental Concepts and Terminology 

Smaart v8 User Guide 17 Release 8.2 

¶ Fast and Slow averaging model the decay characteristics of Fast and Slow exponential time 

integration used in standard sound level meters. These are first-order exponential averages with 

time constants of 0.125 and 1.0 seconds respectively. 

¶ Infinite (Inf) 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 pic-

ture of the response of a steady state system or find the long-term average spectrum of a dynamic 

signal such as speech or music. 

Polar vs. Complex Averaging (Transfer Function)  

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

magnitude data averaging; Polar or Complex. Polar 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. Complex averaging keeps two separate running averages of the real and  

άƛƳŀƎƛƴŀǊȅέ ǇŀǊǘǎ ƻŦ ǘƘŜ ŎƻƳǇƭŜȄ ǎƛƎƴŀƭ ŀƴŘ ǘƘŜƴ ŎŀƭŎǳƭŀǘŜǎ ƳŀƎƴƛǘǳŘŜ ŀƴŘ ǇƘŀǎŜ ŦǊƻƳ ǘƘŜǎŜ ŀǾŜǊŀƎŜǎ 

on the back end. 

Polar averaging (sometimes called RMS averaging) tends 

to be the more stable and forgiving of the two, in 

circumstances where factors as wind, air currents or 

mechanical movement are present. Complex averaging 

όŀƭǎƻ ŎŀƭƭŜŘ άǾŜŎǘƻǊέ ŀǾŜǊŀƎƛƴƎύ Ŏŀƴ ƎƛǾŜ ȅƻǳ ōŜǘǘŜǊ ƴƻƛǎŜ 

rejection in general and will tend to exclude more 

reverberant energy than polar averaging. 

In subjectƛǾŜ ǘŜǊƳǎΣ ǇƻƭŀǊ ŀǾŜǊŀƎƛƴƎ Ƴŀȅ ōŜ ǘƘŜ ƳƻǊŜ άƳǳǎƛŎŀƭέ ƻŦ ǘƘŜ ǘǿƻ ƻǇǘƛƻƴǎΣ ƻǿƛƴƎ ǘƻ ǘƘŜ ŦŀŎǘ 

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 be set separately for each transfer function 

measurement so it is easy to compare them in real time, to see if one gives you a better answer than the 

other does in a given situation. 

Spatial Averaging 
Spatial averaging 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 is useful for 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 inputs available, 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 section. The 

following options apply to both methods. 

Phase averaging in Smaart 8 is always 

based on a complex data. For temporal 

averaging in RTA measurements, we 

always average squared magnitude 

(power), because we want to see the 

average power spectrum in that case. 
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Power vs Decibel Averaging (RTA Measurements) 

For RTA measurements, you have 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 survey or for checking 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 averaging of decibel magnitude values may be preferred for 

ǎƻǳƴŘ ǎȅǎǘŜƳ ƳŜŀǎǳǊŜƳŜƴǘǎ ƛƴ ƎŜƴŜǊŀƭΦ ¸ƻǳ ƳƛƎƘǘ ǎŀȅ ǘƘŀǘ ƛǘ ƎƛǾŜǎ ȅƻǳ ƳƻǊŜ ƻŦ ŀ άŎƻƴǎŜƴǎǳǎέ ǾƛŜǿ 

than power averaging. For example, if one of the measurements in a power average comes in at a 

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

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

of the overall averaged curve higher but would not affect its shape significantly 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 predictor of a signal-to-noise ratio in transfer 

function measurements ς 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 reverberant 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 frequencies. 

Glossary of Terms 
Analog to Digital (A/D) Conversion: ¢ƘŜ ǇǊƻŎŜǎǎ ƻŦ άŘƛƎƛǘƛȊƛƴƎέ ŀƴ ŀƴŀƭƻƎ ǎƛƎƴŀƭ ōȅ ǎŀƳǇƭƛƴƎ ƛǘǎ ŀƳǇƭi-

tude at regular intervals. This process almost always involves limiting the frequency content of the 

digitized signal to a maximum of one-half the sampling rate, as this provision enables perfect recon-

struction of the original band-limited signal from its samples. 

Amplitude: In signal processing, the maximum deviation from zero in an alternating signal in either the 

positive or negative direction, typically expressed in volts for an electrical signal, or as a fractional 

quantity or percentage of Full Scale, in the case of digital signal. 

Attenuation: A decrease in the level of a signal. Attenuation can refer to reduction in level for a 

specified frequency range or a decrease in the overall level. 

Block Code: Code obtained after deactivating Smaart 8 from the About menu. The Block Code can be 

ǳǎŜŘ ǘƻ Ƴŀƴǳŀƭƭȅ άǊŜƭŜŀǎŜέ ŀ aŀŎƘƛƴŜ L5 ŦǊƻƳ ȅƻǳǊ ƭƛŎŜƴǎŜΦ ¸ƻǳ ǿƛƭƭ ƴŜŜŘ to know the Block Code if you 

plan to manually re-register (through my.rationalacuostics.com) a machine ID that has been deactivated. 

Coherence Function: In practical terms the coherence function provides an estimation of the signal to 

noise ratio and the linearity of the system under test in frequency domain transfer function measure-
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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 fractional value 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 value of zero means no detectible correlation between the input and output signals. 

Coherence-weighted Averaging ǳǎŜǎ ŎƻƘŜǊŜƴŎŜ ǾŀƭǳŜǎ ǘƻ άǿŜƛƎƘǘέ ǘƘŜ ŎƻƴǘǊƛōǳǘƛƻƴ ŦǊƻƳ ŜŀŎƘ 

measurement in a multi-measurement (spatial) average. For example, if one of the measurements 

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. 

Compressor: An electronic device that causes changes in output gain (typically attenuation) as a 

function of the input level. These devices should NOT be used when making transfer function measure-

ments as they are nonlinear by nature and transfer function measurements assume the system under 

test is a Linear Time-Invariant system. 

Crosstalk: Undesired energy in one signal (or channel) introduced from an adjacent signal or channel. 

Data Window Function: A mathematical function that affects the amplitude of a signal over some 

period of time. Data windows are commonly used to condition a time-domain 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, the most useful 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 time/amplitude series to zero or nearly so. 

Decay Rate: The 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 Time: See Reverberation Time. 

Decibel: The decibel, often abbreviated as dB, is a logarithmic 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) or 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 = 20·Log10(A) = 10·Log10(A
2), where A is linear amplitude. 

In this case, amplitude values greater than one yield positive 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 sound 

level measurements are nearly always positive. 

Digital Full Scale: See Full Scale (FS). 

Discrete Fourier Transform (DFT): A 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 how much energy is present at each 

harmonic frequency. The spacing between frequencies or frequency resolution of the DFT is a function of 

its size in samples and the sampling rate used to record the signal being analyzed. Plotting the ampli-

tudes of the energy found at each frequency an x/y graph produces a visual representation of the 

spectral content of the original time-domain signal. 

Domain: Lƴ ǎƛƎƴŀƭ ǇǊƻŎŜǎǎƛƴƎΣ ǘƘŜ ǘŜǊƳ άŘƻƳŀƛƴέ ǊŜŦŜǊǎ ǘƻ ǘƘŜ ƛƴŘŜǇŜƴŘŜƴǘ ǾŀǊƛŀōƭŜ ƻŦ ŀ ǎƛƎƴŀƭΦ .ȅ 

convention, when graphing a signal the independent variable is typically placed on the horizontal (x) axis 

of the plot with the dependent variable on the vertical (y) axis. For example in Smaart, an impulse 

response display, with time (the independent variable) on the x axis and amplitude (the dependent 

variable) on the y-axis, is referred to as a time domain display. Similarly, Spectrum and Transfer Function 

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

domain displays. 

Dynamic Range: 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 some number of filters used to change the relative gain or attenuation of a 

ǎƛƎƴŀƭ ŀǘ ǎƻƳŜ ŦǊŜǉǳŜƴŎƛŜǎ ōǳǘ ƴƻǘ ƻǘƘŜǊǎΦ ¢ƘŜ ǘŜǊƳ άŜǉǳŀƭƛȊŜǊέ ŎƻƳŜǎ ŦǊƻƳ ǘƘŜ ŦŀŎǘ ǘƘŀǘ ŀ ǇǊƛƳŀǊȅ 

ŀǇǇƭƛŎŀǘƛƻƴ ŦƻǊ ǘƘƛǎ ǘȅǇŜ ƻŦ ŘŜǾƛŎŜ ƛǎ ǘƻ άŦƭŀǘǘŜƴ ƻǳǘέ όƛΦŜΦ ŜǉǳŀƭƛȊŜύ ǘƘŜ Ƴƻǎǘ ƻŦŦŜnding lumps and bumps 

in the frequency response curve of a sound system to make it more acoustically transparent. Equalizer 

ŦƛƭǘŜǊǎ Ƴŀȅ ōŜ άŀŎǘƛǾŜΣέ ǇǊƻǾƛŘƛƴƎ ŜƛǘƘŜǊ ōƻƻǎǘ ƻǊ ŀǘǘŜƴǳŀǘƛƻƴ ƛƴ ǘƘŜ ŦƛƭǘŜǊΩǎ ǇŀǎǎōŀƴŘΣ ƻǊ άǇŀǎǎƛǾŜέ 

(attenuation-only). The gain of each 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 1/3-octave intervals is commonly referred to as a graphic EQ. 

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 (FFT): A Fast Fourier Transform is a special case of a Discrete Fourier Transform 

(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 used in calculating 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 Resolution: The frequency resolution of a Discrete Fourier Transform (DFT or FFT) is 

determined by dividing the sampling rate used to record the time-domain data by the number of 

samples in the time record being transformed. For example a 32K (32768-sample) FFT of a time record 

sampled at 48000 Hz, will have a frequency 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 Constant: The amount of time it takes to collect all the samples required for a single FFT 

frame of a given size at 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 32K (32768-sample) FFT 

sampled at 48k samples/second has a time constant of 0.683 seconds. 

Full Scale (FS): The 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 that 0 dB corresponds to the maximum possible peak signal 

value and all lesser decibel values are negative. A second convention preferred by the Audio Engineering 

Society (AES) references 0 dB to the RMS value of a full-scale peak-to-peak sinewave (i.e., 0.7071 rather 

than 1.0). In Smaart 8, all FS decibel values are referenced to normalized full scale, meaning that the 

RMS power of a full scale sinewave is -3.01 dB. When using a linear amplitude scale, Full Scale amplitude 

values are typically given as percentages, where 100% = 1. 

Graphic Equalizer: An equalizer with some number of bandpass filters used to change the gain or 

attenuation of a signal at pre-selected frequencies. The bandwidths and center frequencies of the filters 

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

ǳǎŜǊΦ ¢ƘŜ ǘŜǊƳ άƎǊŀǇƘƛŎέ ŎƻƳŜǎ ŦǊƻƳ ǘƘŜ ŦŀŎǘ ǘƘŀǘ ŀ ǎŜǊƛŜǎ ƻŦ ƭƛƴŜŀǊ ŦŀŘŜǊǎ ŀǊǊŀƴƎŜŘ ǎƛŘŜ-by-side are 

typically used to adjust the gains of individual filters so that the knobs on the faders forms a sort of a 

ǊƻǳƎƘ ƎǊŀǇƘ ǎǳƎƎŜǎǘƛǾŜ ƻŦ ǘƘŜ ǳƴƛǘΩǎ ǊŜǎǇƻƴǎŜ ŎǳǊǾŜΦ Lƴ ǇǊŀŎǘƛŎŜ ƘƻǿŜǾŜǊΣ ƛƴǘŜǊŀŎǘƛƻƴǎ ōŜǘǿŜŜƴ ŀŘƧŀŎŜƴǘ 

filters can often make the term something of a misnomer. 

Impulse Response: The response of a system to an impulsive stimulus in the 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 signal processing devices introduce some amount of latency into a signal chain. 

Linear Scale: A 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 unit represents an equal stride, so that 

1, 2 and 3 are all equal steps, as are 10, 20, 30... 

Linear Time Invariant (LTI) System: It is not uncommon for descriptions of linear time invariant systems 

to run pages in length and include a lot of scary math. But in simple 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 a 10, 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 components 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 completely characterized by their transfer function in the frequency domain and/or their impulse 

response in the time domain. 

Logarithmic Scale: A scale on which each power of a given number (e.g., ten) is given equal dimension. 

On a logarithmic scale, orders of magnitude, e.g., 10, 100, 1000, 10,000... (a.k.a., 101, 102, 103, 104...), are 
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Ŝǉǳŀƭ ƛƴǘŜǊǾŀƭǎΦ hƴ ŀ ōŀǎŜ мл ƭƻƎŀǊƛǘƘƳƛŎ ǎŎŀƭŜΣ ƻǊŘŜǊǎ ƻŦ ƳŀƎƴƛǘǳŘŜ ŀǊŜ ƻŦǘŜƴ ǊŜŦŜǊǊŜŘ ǘƻ ŀǎ άŘŜŎŀŘŜǎΦέ 

On a base 2 scale, each stride is essentially one octave. 

Machine ID: A unique 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 use the terms amplitude to refer to linearly 

scaled quantities and magnitude when discussing amplitudes cast in logarithmic units such as decibels or 

orders of magnitude. 

Nyquist Frequency: Named for Harry Nyquist, a pioneer in the field of digital signal processing (although 

ƛǘ ǿŀǎƴΩǘ ŎŀƭƭŜŘ ǘƘŀǘ ŀǘ ǘƘŜ ǘƛƳŜύΣ ǘƘŜ bȅǉǳƛǎǘ ŦǊŜǉǳŜƴŎȅ ƛǎ ŀ ǊŜƭŀǘƛǾŜ ǉǳŀƴǘƛǘȅ Ŝǉǳŀƭ ǘƻ ƻƴŜ ƘŀƭŦ ƻŦ ǘƘŜ 

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 real-world limit tends to a little lower due to the difficulties associated with 

creating a perfect brick-wall low pass filter for anti-aliasing and signal reconstruction.) 

Octave-Band Resolution: On 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 display octave-banded data as a bar chart, rather than a line trace, to better convey the idea 

that each value shown on the graph represents the total power across a range of frequencies, not just a 

single frequency point at the band center. Note that by convention, the nominal center frequencies 

given for ISO standard octave and 1/3-octave bands are slightly different than the exact band center 

ŦǊŜǉǳŜƴŎƛŜǎ ƛƴ Ƴƻǎǘ ŎŀǎŜǎΣ ōǳǘ ǘƘŜȅΩǊŜ ŎƭƻǎŜΦ 

Overlap: CƻǊ {ƳŀŀǊǘΩǎ ǇǳǊǇƻǎŜǎΣ ǘƘŜ ǘŜǊƳ Overlap refers to the amount of data each 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 Equalizer: An equalizer or digital filter bank in which the relative gain or attenuation, as well 

as frequency and bandwidth of individual filters are independently adjustable. 

Phase Shift: A timing difference in a signal (relative to some reference) at one or more frequencies, 

typically expressed in degrees, where 360° = one full cycle at a given frequency. 

Pink Noise: A 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. 

Propagation 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 Time: In acoustics, the amount of time required for audio energy introduced into a 

system (typically a room) to diminish, or decay by 60 decibels following the cessation of a stimulus signal 

used to excite the system τ e.g., a balloon pop, gun shot or terminated pink noise. It is normally stated 

band-by-band for individual octave bands. By convention, decay times 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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ƳŜŀǎǳǊŜŘΦ сл Ř. ŘŜŎŀȅ ǘƛƳŜ ƛǎ ƻŦǘŜƴ ǊŜŦŜǊǊŜŘ ǘƻ ŀǎ άw¢слέ ƻǊ ά¢слϦΣ ǿƘƛŎƘ ƛǎ ǎƻƳŜǘƛƳŜǎ ŀ ǎƻǳǊŎŜ ƻŦ 

confusion. And just to confuse things a little more ISO 3382 specifies that it should be called T20 or T30, 

ǿƘŜǊŜ ǘƘŜ άнлϦ ŀƴŘ άолέ ǊŜŦŜǊ ǘƻ ǘƘŜ ŘŜŎŀȅ ǊŀƴƎŜ ŀŎǘǳŀƭƭȅ ƳŜŀǎǳǊŜŘΦ ¢ƘŜ Ƴŀƛƴ ǘƘƛƴƎ ǘƻ ǊŜƳŜƳōŜǊ ƛǎ 

that all of the above refer to 60 dB decay time within a stated frequency range. When a single-number 

reverberation time is given, according to the ISO standard it should be the average of the reverberation 

times for the 500 Hz and 1 kHz ƻŎǘŀǾŜ ōŀƴŘǎΣ ŀƭǎƻ ŎŀƭƭŜŘ ά¢mid." 

RT60: See Reverberation Time. 

Sampling Rate: The number of times that the amplitude of a signal is measured within a given period of 

time in analog-to-digital conversion. For audio-frequency signals, sampling rate is typically expressed in 

samples/second or Hertz. 

Signal: Strictly speaking a signal can be any set of values that depends on some other set of values. In 

signal processing, the independent variable, e.g., time or frequency, is said to be the domain of the 

signal. In audio and acoustics the things we most commonly think of as signals are time domain signals, 

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 Magnitude and Phase and RTA displays where relative energy or 

phase shift are presented as a function of frequency, rather than time. 

Sound Pressure Level (SPL): The RMS level of pressure waves in air expressed in decibels, referenced to 

the approximate threshold 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 settings found on all 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. 

Speech Transmission Index (STI): An objective estimate of the intelligibility of human speech transmit-

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. STI is stated 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. STI is calculated from the modulation transfer functions (MTF) for 

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 band-by-band Modulation Transfer 

Index (MTI) then weighted and summed to produce a single-number 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. 

Spectrograph: A three-dimensional data plot, displayed in two dimensions with color representing the 

third dimension (or z-axis). The spectrograph is a topographical representation of the once-common 

waterfall display. 

Spectrum: The frequency content of a given signal. 
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Speed of Sound: The speed at which 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 rule-of thumb values for the speed of sound in air at room temperature are 1130 

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

time differences. 

STIPA (STI for public address systems) is a less rigorous variant of STI (see above) intended specifically 

for use in measuring public address systems. STIPA has been validated only for male speech. The only 

functional difference in how STI and STIPA are measured is that instead of evaluating 13 modulation 

frequencies in each octave band, STIPA uses only two frequencies per band to cut 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 

STI are also used for STIPA (just not in every band) there is no particular advantage to using STIPA in 

Smaart. 

T60: See Reverberation Time. 

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

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

such as dual-FFT transfer function measurements that compare the output of the system to its input 

ǎƛƎƴŀƭ ƛƴ ǘƘŜ ŦǊŜǉǳŜƴŎȅ ŘƻƳŀƛƴΣ ƻǊ ōȅ ǘŀƪƛƴƎ ǘƘŜ CƻǳǊƛŜǊ ǘǊŀƴǎŦƻǊƳ ƻŦ ǘƘŜ ǎȅǎǘŜƳΩǎ ƛƳǇǳƭǎŜ ǊŜǎǇonse. 

Time Constant: In physics and engineering the term time constant is 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 cooling times 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 samples for an 

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

term interchangeably with Time Window. 

Time Window: The amount of time required for and/or represented by a measurement or other 

process. Often used interchangeably 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 systems that include loudspeakers because it has so much high-frequency 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 
{ƳŀŀǊǘ Ǿу Ŏŀƴ Ǌǳƴ ƛƴ ƳǳƭǘƛǇƭŜ ǿƛƴŘƻǿǎ ŀƴŘ ŜŀŎƘ ǿƛƴŘƻǿ Ŏŀƴ Ƙƻǎǘ ƳǳƭǘƛǇƭŜ άǘŀōǎΦέ LŦ ȅƻǳ ŀǊŜ ŦŀƳƛƭƛŀǊ 

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 can switch between tabs using the tab-shaped 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 measurement and analysis modes: Real-Time and Impulse Response. You 

can toggle between measurement modes using the mode buttons in the Control Bar, via the Real-Time 

Mode and Impulse Response Mode commands in the View menu, 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. 

 

Real-Time Mode 

 

Impulse Response Mode 

Figure 11: Two distinct operating modes, real-time and impulse response. 

In both modes, you can actively measure and display both frequency- and time-domain data. The 

fundamental distinction between them is their operational focus. Real-Time mode is an environment for 

measuring and capturing spectrum and transfer function measurements ς often in multiples ς in real 

time, and is optimized for on-site system alignment and mix engineering work. Impulse Response mode 

provides a robust set of tools for measuring and analyzing the acoustical properties of systems and 

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 real-time and impulse modes look very similar. Each has a 

Control Bar on the right side of the main window with a large numeric signal level/sound level meter at 

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
























































































































































































































































































































































