REW V5.19 Help

Copyright © 2004-2018 John Mulcahy All Rights Reserved



REW V5.19 Help

REW Help Contents

A DA DD OWOWWWWWWWWWWNDNNDNDNNDMNDNMNNNMNNRPRERPRPRPEPRERPPERERPRPRLER
WNPFPFOOONDOAREWOWDNMPEOOO®ONOOGRAM®NEOONORAWDNPRO

© O N O~ WwDdh P

Welcome

Getting Started

Signals and Measurements
REW Overview

Getting set up for measuring
Checking Levels
Calibrating the SPL Reading
Making Measurements
Offline Measurements
Impedance Measurement
Thiele-Small Parameters
Measurements Panel

Impulse Responses
Minimum Phase

The limits of EQ
SPL Meter

Signal Generator
Level Meters

Graph Panel

SPL and Phase Graph
All SPL Graph
Distortion Graph
Impulse Graph
Filtered IR Graph
Group Delay Graph
RT60 Graph

Clarity Graph

Spectral Decay Graph
Waterfall Graph
Spectrogram Graph
Oscilloscope Graph
Overlays Window
RTA Window

EQ window

EQ Filters Panel
Equaliser Selection
Room Simulation
Importing Measurement Data
Communicating with AV32R DP or AV192R

Communicating with the BED Pro
Soundcard Preferences

Mic/Meter Preferences
Comms Preferences

Page 1 of 249

REW Help Contents



44,
45,
46.
47.
48.
49.
50.
51.
52.
53.
54.

REW V5.19 Help

House Curve Preferences

Analysis Preferences

Equaliser Preferences

View Preferences

Keyboard Shortcuts

File menu

Tools menu

Preferences menu

Graph menu

Help menu

SB Live! USB 24-Bit External Setup

REW homepage

Copyright © 2005 - 2018 John Mulcahy All Rights Reserved

Page 2 of 249

REW Help Contents


http://www.roomeqwizard.com/

REW V5.19 Help Welcome to REW

Welcome to REW

REW (Room EQ Wizard) is a Java application for measuring room responses and countering room modal
resonances. It includes tools for generating test signals; measuring SPL; measuring frequency and impulse
responses; generating phase, group delay, spectral decay plots, waterfalls, spectrograms and energy-time
curves; generating real time analyser (RTA) plots; calculating reverberation times; displaying equaliser
responses and automatically adjusting the settings of parametric equalisers to counter the effects of room
modes and adjust responses to match a target.

REW uses a logarithmically swept sine signal for its measurements. This is much faster than manual
measurements, more accurate, less likely to suffer from clipping at resonances, less sensitive to system non-
linearity than MLS and allows the impulse response of the room to be determined, which in turn is the basis
for many additional features. When using the Real Time Analyser displays REW can generate Pink Periodic
Noise sequences for much better visibility of low frequency behaviour than obtained using random Pink
Noise without the need for lengthy averaging.

For hints, tips and help visit www.avnirvana.com/forums/official-rew-room-eq-wizard-support-forum.10/ The
REW home page is at www.roomeqwizard.com

Requirements

e REW can be used on Windows XP/7/8/8.1/10, OS X 10.7.3 or later and Linux
e Minimum screen resolution: 1024 x 768
e Minimum RAM: 1GB, 4GB or more recommended

e Windows builds which include a private Java runtime for use by REW are available for
download, removing the need to install Java

e The OS X download includes a private Java runtime for use by REW, Java does not need to be
installed

e For Linux REW requires Java 7 or later, available from http://www.java.com. The Oracle Java
runtime seems to work best

e RS232 serial communications (only used to communicate with TAG McLaren Audio AV32R DP
and AV192R AV Processors) only function on Windows.

e  Midi communication (used to set filters on Behringer BFD Pro DSP1124P and FBQ2496
equalisers) is supported on Windows. Linux may require Tritonus to support Midi comms. Mac
OS X should support Midi.

Linux installation

e Install Java before trying to install REW, the Oracle Java run time seems to work best

e After downloading the installation file set permissions to allow it to run and install it as follows
(example is for 5.19):

chmod 777 REW_linux_5 19.sh

sudo ./REW _linux_ 5 19.sh

e Start REW by running

roomeqwizard
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Diagnostics

REW saves diagnostic logs in the user's home directory, the location is displayed in the Help -> About REW
window. The logs contain information from the last 10 startups, including any error messages or warnings
that may have been generated. On OS X the logs are in the user library folder, which no longer appears in
Finder by default. To display it either browse to ~/Library/Logs or open your Home folder in Finder (Shift
Command + H), select View > Show View Options then select the checkbox to show the library folder.

The startup preferences for REW on Windows systems are stored in this registry key:
HKEY_ CURRENT_USER\Software\JavaSoft\Prefs\room eq wizard

The preferences (under any OS) can be deleted by using the Delete Preferences and Shut Down option in
the Preferences menu.

No Warranty

THIS SOFTWARE IS PROVIDED "AS IS", WITHOUT WARRANTY OF ANY KIND, EXPRESS OR IMPLIED,
INCLUDING BUT NOT LIMITED TO THE WARRANTIES OF MERCHANTABILITY, FITNESS FOR A
PARTICULAR PURPOSE AND NONINFRINGEMENT. IN NO EVENT SHALL THE AUTHOR BE LIABLE
FOR ANY CLAIM, DAMAGES OR OTHER LIABILITY, WHETHER IN AN ACTION OF CONTRACT, TORT
OR OTHERWISE, ARISING FROM, OUT OF OR IN CONNECTION WITH THE SOFTWARE OR THE USE
OR OTHER DEALINGS IN THE SOFTWARE

Acknowledgements

Soundcard debug data is generated by a modified version of Florian Bomers' ListMixers class, available from
the Java Sound Resources web pages at http://www.jsresources.org/

REW uses the JTransforms pure Java FFT library available at
http://sites.google.com/site/piotrwendykier/software/jtransforms

Thanks to Gerrit Grunwald for ideas and elements from his Steel Series components, available at
http://harmoniccode.blogspot.com

ASIO interfaces are supported using Martin Roth's JAsioHost, available at
https://github.com/mhroth/jasiohost

REW's installers are built with the Install4J multi-platform installer builder, available at http://www.ej-
technologies.com/products/install4j/overview.html

Copyright © 2004-2017 John Mulcahy All Rights Reserved
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Getting Started with REW

REW is a software package that measures the transfer functions of acoustic systems and displays the corresponding frequency, phase
and impulse responses and various quantities derived from them. If that sentence made you ask yourself what on earth is he talking
about? It would be worth taking a few minutes to read through the introduction to Signals and M rements, which explains the basic
concepts. Even if you are already familiar with the terminology a quick browse through that introduction may be helpful.

How REW makes its measurements

REW uses the logarithmic sine sweep measurement method. You can find out a great deal about the log sweep method, and the various
alternatives, by reading the paper "Transfer Function Measurement with Sweeps" by SWEN MULLER and PAULO MASSARANI, but I'll
give a basic explanation here. If you'd rather not know, you can skip the explanation.

To make a measurement we need a sound source (a loudspeaker or subwoofer) and a microphone (SPL meters
contain a microphone and many can be used instead of a mic). A logarithmic sweep signal is sent to the source, which S
is a tone that starts at a low frequency and whose frequency increases steadily to a higher frequency. What makes the

sweep logarithmic is the rate at which the frequency changes, it takes a fixed time to double (for example, the time for AT W I
the sweep to go from 20 to 40Hz is the same as the time to go from 40 to 80 Hz). The mic picks up the sweep, hearing /| ( II fl I| (|
the sound that travels to it directly from the source but also the sound that gets to it by bouncing off surfaces in the == || | I [l |
room first. \ | ||||| ||
VYN || I

When we have captured the sound the mic picked up, the analysis starts. A process called "Fast Fourier Transform" (FFT) is used to
calculate the individual frequencies (their amplitudes and phases) that made up the sweep we sent to the source (its spectrum). The same
process calculates the amplitudes and phases of the frequencies in the signal the mic picked up. By comparing the amplitudes and
phases of the signals the mic saw with those the sweep contained we can work out how each frequency has been affected by the room
we are measuring. This is called the "Transfer Function" of the room from the location of the source to the location of the mic - note that at
a different source position or different mic position there will be a different transfer function, our measurement is only valid for one specific
source and mic position. Having worked out the transfer function we can use an "inverse FFT" to get from the frequency amplitude and
phase information to a time signal that describes the way any signal is changed when travelling from the source to the mic. That time
signal is called the "impulse response"” - like the transfer function it is derived from, it is only valid for one specific source and mic position.

The impulse response is actually exactly the same signal we would see if we could emit a very short but loud click at the
source position and record what the mic picks up afterwards ("very short" meaning lasting just the time of 1 sample at the
sample rate we are using for our analysis, so for a 48 kHz sample rate that would be just 1/48,000 of a second which is 21
millionths of a second). You might ask why we don't just use a click then. One difficulty is that the click, because it is so
short, needs to be extremely loud for us to be able to pick up what happens after the initial click over the background noise
of the room. We could no longer use a speaker to generate that, we would need something like a starting pistol or to pop a
balloon. We would also need a mic that could cope with both the extremely loud click itself and the much quieter echoes of
the click produced by the room. You are likely to find that your family and neighbours are not that keen on you repeatedly
firing a pistol to figure out what your room is doing, and even if they put up with it your results would not be as good as
using a sweep. To be technical about it, you can achieve a much higher signal-to-noise (S/N) ratio by the sweep method.
The S/N is determined by the background noise level and by how much energy is in the test signal, which in turn depends
on how loud the signal is and how long it lasts. An impulse is extremely short, a few millionths of a second, so to get any
significant energy it needs to be very loud. A sweep can last for many seconds, so even at a modest volume its total
energy can approach as much as a million times more than an impulse.

Once the impulse response has been obtained, it can be analysed to calculate information about how the room behaves. The simplest
analysis is the FFT, to show the frequency response between the source and mic positions. However, we have some control over it.
Altering which part of the impulse response is analysed by the FFT changes what aspect of the room's response we see. The early part of
the impulse response corresponds to the direct sound from the source to the mic, the shortest path between them. Sound that has
bounced off the room's surfaces has to travel further to reach the mic, which takes longer, so the later parts of the impulse response
contain the contributions of the room. "Windowing" the impulse response to look at only the initial part shows us the frequency response of
the direct sound with little or no contribution from the room. A window that includes later parts of the response lets us see how the room's
contribution alters the frequency response. The ability to separate the contributions of the direct and later (reflected) sound is a key

difference between the frequency response derived from an impulse response and one we would get from an RTA, for example, which
can only show the total combined response of source and room.

Other information we can get from the impulse response include a "waterfall" plot, which is generated by moving a window in steps along

the response and plotting the various frequency responses in order to produce a 3D picture of the way the response changes over time,

and the room's "RT60" data, which is the time it takes sound in various frequency bands to decay by 60dB (meaning 1,000 times smaller
than it was).

Equipment Needed
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e The first requirement is a way to capture the test signal. There are a few options:

o A USB microphone that comes with a calibration file. Such a mic can be used for low frequency or full range
measurements. If the cal file also has sensitivity data in a format REW recognises, it can also act as a calibrated
SPL meter. The MiniDSP UMIK-1 is recommended and has calibration data in an REW-friendly format, see
www.minidsp.com.

o An alternative to a USB mic is an SPL meter with a line level analogue output. The Radio Shack meter is perfectly
adequate for low frequency room acoustics work, either the analogue or digital display version. The Galaxy CM-
140 meter has better tracking of the C-weight curve and better behaviour above subwoofer frequencies than the
RS meter, but is more expensive. Calibration files for the various models of the RS meter and the CM-140 can be
found in the Downloads area of the Equalization | Calibration forum at www.hometheatershack.com/forums/

o Afinal option is an analog microphone, but most mics will require a preamplifier to produce line level and to supply
the mic with phantom power. An SPL meter is still ideally required to provide a reference SPL figure against which
to calibrate REW's SPL display. For full range measurements the mic must be calibrated for accurate results.

e Atripod to support the mic or meter (hereafter just called "mic"). Small movements of the mic can result in large variations in
the measurements, for repeatable results a means of supporting the mic for a prolonged period is essential. For low frequency
measurements (below a few hundred Hz) the mic can be set pointing straight up. This avoids having to move it to measure
different speakers and makes it easy to read the display on a meter. Use a "90 degree" mic calibration file if pointing the mic
upwards. To make measurements at higher frequencies it is best to point the mic directly at the speaker being measured. Use
a "0 degree" mic calibration file in that case. In both cases the mic should be placed at ear height in your usual listening
position.

e If you are using a USB mic your computer's headphone output can generate the test signals REW uses, no soundcard
needed. If you are using an SPL meter or a mic with a preamp then a soundcard (internal or external) with line inputs and line
or headphone outputs is required. Note that most PC and laptop mic-only inputs are NOT suitable and should not be
used (they have too much gain and most suffer from high noise levels and limited bandwidth) but combination mic/line inputs
can be used successfully. Inexpensive or built-in soundcards are typically adequate, a reference measurement of a loopback
connection can be used to remove the soundcard's frequency response from the measurement.

e (Cables to connect from your SPL meter or mic preamp's output to your soundcard (if you are not using a USB microphone)
and from the soundcard's line or headphone output to an input on your AV processor or equaliser. The leads need to be long
enough to reach from your computer to your listening position (where your mic will be placed) and to your AV processor or
equaliser. If your soundcard has phono (RCA) connectors phono-phono leads will be needed, if the soundcard has 3.5mm
(1/8") sockets you will need a pair of stereo jack plug to stereo phono plug leads (also called Y adaptor cables, Radio Shack
part 42-2550) or stereo audio adaptors (Radio Shack part 274-883), see images below.

If you use Y adaptor cables you will also need two phono socket-to-phono socket adaptors (also called RCA phono plug
couplers, see image below) to connect to the leads that run to your SPL meter and AV processor (Radio Shack part 274-
1553).

If connecting to a BFD Pro DSP1124P or FBQ2496 you will need phono to mono 1/4" jack plug adaptors like that pictured
below (Radio Shack part 274-884).
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e Aninterface to your equaliser if using REW's RS232 or Midi communication capabilities to set up the equaliser's filters.
Requirements for communicating with TAG McLaren AV processors are detailed here, for BFD Pro DSP1124P or FBQ2496
(Midi interface) look here.

Connections

The overall setup for measuring when using an SPL meter is shown below. If you are using a USB microphone you do not need to make
any connections to the soundcard inputs, just connect the mic to a USB port on your computer.

Optional -
Splitter if you RECEIVER
wish to feed both EL?:':L —————————————————— |
left and right
RIGHT CHARnaE: | ARt RIGHT; |
NE AT BTERED Steran to (Right/Leff) Adapter | (in stereo mode only) POWER AMPLIFIER ||
LEFT >
PC LEFT AUX IN I 28 VT LEFT _Jl
SOUNDCARD e e e el s
(internal card or

external USB
card)

O [ ]
-~ E EQUALIZER

Sleraa o (Right/Lefl) Adaptar

LEFT O
4 Y Y

Radio Shack or Galaxy CM-140
SPL Meter ar any meter
with a known calibration

ME N BSTERED

Room EQ Wizard SUBWOOFER

. LEFT RIGHT
Interconnect diagram MAIN MAIN
SPKR SPKR

e When not using a USB mic, one of the soundcard's input channels is used to measure the sound pressure signal from your
mic or meter, it must be connected to the meter's or mic preamp's analogue output. The default is to use the Right input, but
either input can be used. A control in the Soundcard Preferences tells REW which input to listen to.

e One of the soundcard's output channels (typically the Right) must be connected to an input channel on your AV processor or
to the input of your equaliser. Connecting to your AV processor allows you to make measurements that will show the response
of main speakers as well as the subwoofer, and to view the integration between subwoofer and main speakers. The effects of
your AV processor's bass management can be included in the measurements. Connecting to the left or right channel of an
analog input will allow the corresponding main speaker and the subwoofer responses to be measured - turn off or disconnect
the main speaker or the sub to exclude them from a measurement. If your computer and AV processor both support audio
over HDMI you can also use an HDMI connection to carry the audio (the HDMI audio driver needs to be selected as the output
device).

e The other input and output channels do not need to be used for basic measurement. The response of the soundcard itself can
be compensated for by taking a reference measurement with the output connected directly to the input and configuring REW
to subtract that measured response from subsequent room measurements. However, it is also possible to use a loopback
connection from the soundcard's other output to its other input as a timing reference for REW to automatically compensate for
the time delay in the soundcard and operating system when it makes a measurement. A timing reference is required to
compare phase or time delays between measurements or for getting speaker delay settings correct in multi-channel systems.
If you wish to do this you may need an additional RCA phono plug coupler to make the loopback connection. Whether REW
uses one channel as a timing reference is controlled by a selection in the Analysis Preferences. When the input is via a USB
microphone instead of a soundcard an acoustic timing reference can be used. If an acoustic timing reference is used REW will
generate a timing signal on the output that has been selected to act as the reference before it generates measurement
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sweeps on the channels being measured. The timing signal is a high frequency sweep to allow accurate timing, a subwoofer
cannot be used as the reference channel. Measurements will have a time delay that corresponds to the difference in their
distance from the microphone compared to the distance of the reference speaker - if the reference speaker is further away the
delay would be negative. Note that multiple sweeps cannot be used with an acoustic timing reference.

Equaliser Connections

If using an equaliser(such as BFD Pro DSP1124P or FBQ2496) to optimise your subwoofer's response it should be connected between
your AV processor's LFE/Sub output and the subwoofer's low level input. For a BFD Pro the operating level switches on the rear panel
should be pressed in to select the -10 dBV range.

Aux In
Processor LorR | ==
Soundcard
Subwoofer | Line Out
LFE out

Optional loopback connection

BFD Pro DSP1124P

Soundcard
Lire in

Connections for subwoofer
measurement/comection
via an AV processor with a
BFD Pro DSP11MP

If the AV processor input being used has an anti-clipping feature (automatically reducing its sensitivity if it detects large signals) this should
be turned off, as it could shift the measurement levels. The sensitivity of the input should ideally be set to 0.5V, though this is not critical.

The TAG McLaren AV32R DP and AV192R allow the test signal input to be routed to any speaker output via the Test Signal entry within
the TMREQ filter menus for each speaker, which is handy for measuring other speakers (see this note for details). They seem to be the

only AV processors with such a facility, other processors may have 5.1 or 7.1 analog inputs that can be used to similar effect, but in some
cases bass management will not be applied to such inputs, limiting the ability to check sub/main speaker integration.

SPL Meter Range
If you are using an SPL meter as the input the meter's range should be set to the value normally used for speaker level calibration and

must not be altered while using REW. If you are using the Radio Shack meter, select the 80dB range if you calibrate your system at 75dB
(this is the standard level recommended by Dolby™). Set your meter to C weighting and "slow".

If you are using a USB mic or a mic and preamp for measurement, you will need to select the Mic or Z Weighted SPL Meter option in the

REW Overview

Having assembled the equipment required we can look it how REW itself is organised for making and analysing measurements in the
REW Overview.

Help Index
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Signals and Measurements

"What does all this stuff mean anyway?"

To make sense of the measurements you can take with REW it is helpful to have an understanding of what
the measurements are. This topic gives an overview of the basics of signals and measurements and
explains how the various graphs in REW are generated and how they relate to what we have measured.

Signals, Sample Rate and Resolution

The first thing to understand is what a signal is, at least in the context of making acoustic measurements.
The signals we are interested in are sounds recorded through a microphone or SPL (Sound Pressure Level)
meter. The sound pressure generates electrical signals in the mic/meter which are captured by our
soundcard. The soundcard takes measurements of the electrical level at its input. Each measurement is
referred to as a sample. How often it takes its samples is controlled by the sample rate, REW supports
sample rates of 44.1kHz or 48kHz - which means the soundcard is capturing the level at its input either
44,100 or 48,000 times every second. Three seconds of a signal sampled at 48kHz means a sequence of
3*48,000 = 144,000 measurement values. The highest frequency that can be captured at any given sample
rate is half the rate - we need at least two samples for each cycle of the frequency to reproduce it. At 48kHz
sampling that means the highest frequency we can capture is 24kHz. Frequencies higher than half the
sample rate would cause aliasing, they would appear to be lower than they actually were. For example, a
25kHz signal sampled at 48kHz would actually look like a 23kHz signal. To prevent this, the inputs of the
soundcards have anti-aliasing filters that try to block signals higher than can be captured, but they are not
completely effective so we always need to consider the frequency content of the signals we are trying to
capture.

The resolution of the soundcard measurements is typically either 16 bits or 24 bits. 16 bit resolution is the
same as used on CDs, and is the resolution REW supports. Having 16 bit resolution means the individual
measurement values can range from -32768 to +32767 (numbers that can be represented with 15 binary
digits, plus a 16th binary digit to store the sign of the number). Rather than use the measurement numbers
directly, it is convenient to refer to them in terms of how close they are to the largest number, which is
referred to as Full Scale and abbreviated as FS. The full scale values are -32768 and +32767. The smallest
non-zero measurement value is 1, which as a percentage of full scale is 100*(1/32768) or approximately
0.003% FS. Anything smaller than that is seen by the soundcard as zero. The full scale value will correspond
to a certain voltage at the soundcard input - that is usually around 1 Volt. Soundcards that have higher
resolution, such as 24 bit, usually have the same maximum input voltage (around 1 Volt) but can use a wider
range of numbers to measure the voltage. For a 24-bit soundcard the full scale measurement values are
-8388608 and +8388607. That still is only 1 Volt (typically), the largest input voltage has not changed, but the
24-bit soundcard has higher resolution - the smallest value it can detect is 100*(1/8388608) percent of full
scale, 0.000012% FS. It is with the very smallest signals that higher resolution has benefits. The full scale
value is often treated as corresponding to a value of one, and everything below full scale as being the
corresponding proportion of one, so half full scale would be 0.5 and so on.

Clipping

If the signal gets larger than the full scale value the soundcard is unable to follow it - the measurement value
cannot get higher than full scale no matter what is actually happening at the input. When the signal has gone
beyond the range the input can measure it is said to have been clipped. Clipping shows up in input signals
as flat parts of the response. If the clipping happens at the soundcard input it will be at +100% FS or -100%
FS and REW will warn you, but sometimes clipping can happen before the signal gets to the soundcard (in a
mic preamp whose gain is set too high, for example). In that case the measurement values may never reach
the soundcard's FS levels but the signal is clipped nonetheless. Clipping must be avoided when measuring,
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because the captured signal no longer represents what was actually happening at the input and that corrupts
the measurement.

Viewing Signals

One way to look at signals is to plot the measurement values against time. When captured signals are
plotted in REW on the Scope graph they are shown as % FS, a signal that reaches 100% FS is the largest

the soundcard can capture. An example of an REW Scope plot is shown below, displaying a sweep signal
REW has generated and (in red) the resulting signal captured from a microphone.
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We are usually interested in more than just the sample values. The frequencies that make up the signal may
also be of interest. The range of frequencies that make up a signal is called its Spectrum and we can
calculate them using a Fast Fourier Transform or FFT. The FFT works out the amplitudes and phases of a
set of cosine waves that, when added together, would give the same set of measurement values as the time
signal. The amplitudes and phases of those cosine waves are a different way of representing the time signal,
in terms of the frequencies that make it up rather than its individual measurement values. The amplitudes are
easy to understand, a larger amplitude means a bigger cosine wave. The phases indicate the starting value
for the cosine waves at the time of the first sample in the sequence that was measured. A phase of zero
degrees would mean the starting value was amplitude*cos(0) = amplitude. A phase of 90 degrees would
mean a starting value of amplitude*cos(90) = 0. We are more often interested in the amplitudes than the
phases, but we shouldn't forget about the phases entirely - they contain half the information about the shape
of the original time signal.

When an FFT is used to calculate the spectrum it uses a set of frequencies that are evenly spaced from DC
(zero frequency) up to half the sample rate (the maximum that can be properly represented). The spacing
depends on the length of signal we analyse in the FFT. FFT calculations are most efficient when the signal
lengths are powers of two, such as 16k (16,384), 32k (32768) or 64k (65536). To calculate a 64k FFT from a
signal that is sampled at 48kHz we need 65536/48000 seconds of the signal, or 1.365s. The frequencies
would be spaced at 24000/65536 = 0.366Hz. If the FFT were generated from 16k samples the frequencies
would be 1.465Hz apart. The fewer samples used to generate the FFT, the further apart the frequencies are
so the lower the frequency resolution. For high frequency resolution we need to analyse long time periods of
signals.

RTA

A common way of viewing the spectrum of a time signal is to use a Real Time Analyser or RTA. The RTA
shows a plot of the amplitudes of the frequencies that make up the signals it is analysing. However, whereas
the FFT produces signals that are at uniformly spaced frequencies, an RTA groups them together in
fractions of an octave. An octave is a doubling of frequency, so the span from 100Hz to 200Hz is one octave.
So is the span from 1kHz to 2kHz - the actual frequency span of an octave fraction is more the higher the
frequency gets. For a 1/3 octave RTA the span is about 4.6Hz at 20Hz, but is 4.6kHz at 20kHz. For a 1/24
octave RTA the spans are 1/8th as wide. Within the span of an octave fraction many individual FFT values
may be used to produce the single value the RTA assigns to that band of frequencies. Below is an image of
the REW RTA displaying the spectrum of a 1kHz tone and its distortion harmonics.
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Systems and Transfer Functions

Viewing the spectrum of a signal has its uses, but we are also interested in how the equipment we use alters
the spectrum of signals. The way a system changes the spectrum of signals that pass through it is called the
system's Transfer Function. The transfer function has two components, the Frequency Response and the
Phase Response. The frequency response shows how the amplitudes of frequencies are changed by the
system, the phase response shows how the phases of frequencies are changed. A complete description of
the system needs both responses, very different systems can have the same frequency response but their
different phase response lets us distinguish them.

Note that it is important not to confuse a system's frequency response with the spectrum of the system's
output. The spectrum of a signal shows us what that signal is made up of in terms of the frequencies it
contains. The transfer function's frequency response tells us how the system changes the spectrum of
signals. The purpose of measurement software like REW is to measure transfer functions, and REW's SPL
& Phase graph shows the transfer function's frequency and phase responses. The frequency response
amplitude is shown as an SPL trace. Below is a plot of the frequency response (upper trace, left hand axis)
and phase response (lower trace, right hand axis) from a room measurement, showing the span up to
200Hz.
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The Impulse Response

The transfer function shows us, through the frequency and phase responses, how the system affects the
spectrum of signals that pass through it. It characterises the system in what is called the frequency domain.
But what about the signal itself? How do we describe how the individual samples of the signal are changed
by the system, its time domain behaviour? The way a system changes the samples of a signal is called its
impulse response. The reason for the name will become clear. The impulse response (IR) is itself a signal,
consisting of a series of samples. Signals that are input to the system overlap the IR as they pass through,
sliding along it sample by sample. When the signal first appears, its first sample lines up with the first sample
of the impulse response. The system output for that first input sample is the first IR sample value multiplied
by the first signal sample value:

output[1] = input[1]*IR[1]

One sample interval later, the input has a 2 sample overlap with the IR. The output for this time period is the
2nd input sample times the first IR sample, plus the first input sample times the second IR sample:

output[2] = input[2]*IR[1] + input[1]*IR[2]

Another sample period later the input overlaps the IR by 3 samples, the output is

output[3] = input[3]*IR[1] + input[2]*IR[2] + input[1]*IR[3]

And so it goes on, as each successive input sample appears. That process of multiplying input signal
samples by IR samples is called convolution. Typically the impulse response has a fairly short duration,
much less than a second for a measurement of a piece of equipment and a second or two for a
measurement of a domestic-sized room, so eventually the output at each time period consists of the length

of the IR multiplied by the same length of the input signal, with all the individual products added up to give
the output for that time period.

So why call it "impulse response"?

What output would we get if the input signal consisted of a single sample at full scale, to which we will assign
a value of one, followed by zeroes for all other samples? The initial output sample would be

output[1] = input[1]*IR[1] = IR[1]

The next output sample would be
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output[2] = input[2]*IR[1] + input[1]*IR[2] = O*IR[1] + 1*IR[2] = IR[2]
The third sample would be
output[3] = input[3]*IR[1] + input[2]*IR[2] + input[1]*IR[3] = O*IR[1] + O*IR[2] + 1*IR[3] = IR[3]

and so on. The output would consist of each sample of the IR in turn. An input that has just a single full scale
sample followed by zeroes is called an impulse, so the output of the system when fed that input is called the
impulse response.

Relationship between Transfer Function and Impulse Response

As the transfer function and the impulse response are both descriptions of the same system we might
reasonably expect that they are related, and they are. The transfer function is the FFT of the impulse
response, and the impulse response is the inverse FFT of the transfer function. They are both views of the
same system, one in the frequency domain and the other in the time domain. The transfer function is simply
the spectrum of the impulse response.

Viewing the impulse response

The REW Impulse graph displays the impulse response. It shows the values as either % FS or dBFS. The
dB scale is useful to see a wider dynamic range of the signal, rather than plot the values directly it plots the
base 10 log of the values multiplied by 20. The top of the dB plot is 0 dBFS, which corresponds to 100% FS.
A level of 50% FS would be 20*log(0.5) = -6 dBFS. 10% FS is 20*log(0.1) = -20 dBFS. The dBFS scale is
useful to see how the lowest levels of the impulse are behaving and where it gets lost below the noise level
of the measurement. The images below show an impulse response with % FS as the Y axis then the same
response using dBFS. In the second image we can see the impulse takes longer to decay into the noise floor
of the measurement than it might seem from the % FS plot.

wFY

Impulsa
-
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Windowed Impulse |

Windowing the Impulse Response

The system we want to measure might be a piece of equipment, like a loudspeaker, but in acoustics the
system we are actually measuring includes other equipment and environments in the path between the
signal generated for the measurement and the signal picked up for analysis. These include amplifiers, the
microphone, the soundcard and most importantly the room itself. The system we are actually measuring
includes all those elements, so to focus on one part of it we will need ways of removing the influence of the
parts we are not interested in.

The response of the soundcard can be calibrated out by measuring it separately, as can the response of the
microphone. Removing the effect of the room is more difficult. It may be the effect of the room is what
interests us, especially if we are studying what we are hearing at our listening position, but if we are trying to
isolate the performance of a loudspeaker the room's contribution can obscure details of the loudspeaker's
performance.

The signal that reaches the microphone travels along a direct path, which is the shortest route from the
loudspeaker and so takes the shortest time. The sound from the loudspeaker also radiates outwards and
bounces off the room's surfaces. The reflections from those surfaces travel further before they reach the
microphone, so they take longer to arrive. If the signal was an impulse, we would expect to see the direct
arrival first, then the arrivals from the reflections. Those later arrivals are delayed by the extra time taken to
travel the additional distance. The shortest that extra time can be is the time it takes sound to travel to the
nearest surface - if that nearest surface was 3 feet away, for example, it would take at least 3 milliseconds
longer for a reflection from that surface to reach the mic than the direct sound from the speaker (in practice it
would take a little longer than that as the path distance would be a little more than 3 feet).

If we were to examine just the first few ms of the impulse response we would see the part that corresponds
to the initial arrival, which came directly from the loudspeaker without a contribution from the room. Looking
at a small portion of the impulse response in that way is called windowing the response (in the impulse
response images a few paragraphs above the blue trace shows the window). If we calculate an FFT for that
windowed portion of the IR we can see the transfer function for that direct arrival, which would be the transfer
function of the loudspeaker alone. There is a drawback, however. If we take the FFT of a short signal, we
can only see the response down to a limit that depends on how long the signal was. If we had a whole
second of signal we can get a frequency response that goes down to 1Hz. If we only had 1/10th of a second,
we only get a frequency response that goes down to 10Hz. In general, if the length of signal we analyse is T
seconds, the lowest frequency is 1/T - so if our window was only 3ms long, the frequency response would
only go down to 1/0.003 = 333Hz. To see low frequency responses free of room influences the nearest
surface needs to be as far away as possible. To adjust the window settings in REW click the IR Windows
button. By default REW uses window settings that include more than 0.5s of the impulse response, so that
the effect of the room can be seen.
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Waterfalls

The SPL & Phase and Impulse graphs are the most useful for studying the transfer function we have
captured, but there is another graph that gives us useful information about what the room is doing to the
sounds we play in it. That graph is the Waterfall. The waterfall is a plot of how the spectrum of a section of
the impulse response changes as time progresses. It is produced by windowing an initial part of the
response, typically a few hundred ms when looking at room responses, and calculating an FFT of that
windowed section. The FFT produces the first slice of the waterfall. We then move the window along the
impulse response a little and calculate another FFT to produce the second slice of the waterfall. Moving the
window along a little further gives us the third slice, then the fourth and so on. As we move further along the
waterfall we start to lose the initial contribution from the loudspeaker and increasingly see just the
contribution of the room. The room's response is strongest at frequencies where there are modal
resonances, which are frequencies at which the sound bouncing back and forth between the room's
surfaces reinforces itself to produce stable, slowly decaying tones. Those frequencies stand out as ridges in
the waterfall plot, with the worst modal resonances having the highest ridges that take the longest to decay.

Watarfall 00em

L H =] 40 50 ol e B B 0D 0z
That was a very quick introduction to the basic signhal and measurement concepts. If you have stuck with it
all the way to the end, well done. Now you have the information needed to better understand how REW
makes measurements.

Help Index

Copyright © 2010 John Mulcahy All Rights Reserved
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REW Overview

When REW is started it looks like this:
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The main window is blank until we either make a measurement or load some existing measurements. The
SPL Meter, Signal Generator and Level Meters can be used without loading any measurements,

48 SPL J‘\ Igl
83 . 1 H I

SPL Generatar Levels
as can the RTA window, EQ window and the Room Simulator,

| |“|I|| _E. , Il[lll

RTA EQ Room Sim

After making or loading some measurements the main window looks like this:
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The measurements appear on the left, in overlapping panels. The currently selected measurement has a
white background, the others are grey. On the right is the graph area for the current measurement.

All the toolbar buttons are now enabled. They are in 3 groups, firstly the buttons related to measurements:

=W X O

Meazure Open Save Al Remowve &1 Info

These buttons allow a new measurement to be made, existing measurement files to be opened, all the
current measurements to be saved in a single measurement (.mdat) file, all the current measurements to be
removed, and an Info panel to be opened that shows additional information about the current measurement.

The next group has the various tools

W B o I A= e E@ i

IR 'Windows SPL Meter Generator Lewvels  Overlays RTA EZ  Room Sim

The IR Windows button opens a window that allows the type and extent of the Impulse Response windows
for the current measurement to be changed. Next to that are the SPL Meter, Signal Generator and Level
Meters buttons. Then there is a button to open the Overlays graph window, which allows any or all of the
loaded measurements to be plotted on the same graph. The last three buttons are for the RTA window, the
EQ window (which is used to study the effects of EQ on the current measurement) and the Room Simulator.

The final toolbar button brings up the Preferences panel

Ty
s

Preferences

In the graph area there is a button to capture the current graph as an image
I w-
Capture

a selector strip to pick the graph type

ISF’L & Phasel All SPL & Impedance | Distartion | Impulse | Fitered IR | GD | RT&Q | Decay |Wﬂterfall | Spectrogram | Scnpe]

and buttons to turn scrollbars for the graph area on/off, toggle the frequency axis between log and linear, set
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the graph limits and show the graph controls menu.

4 H F

Scrollbars  Freq. &xis Limitz  Controls

Below the graph is a legend area that shows the trace values at the cursor position
Iaphod /a 8110 1/
Min phisse 1/ a8 -B5dey Excess phaze 1/ a8 158deq

Mic:Meter Cal -5.5dB Soundcard Cal 0 e=eees -0.1dB

If smoothing has been applied the octave fraction (1/48 in the image above) appears between the trace
name and its value.

The first step in getting REW running is to set up the audio input and output and calibrate the soundcard.

Help Index
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Getting set up for measuring

When using REW to make measurements it is best to exit any other applications, disconnect from the
internet and disable any wireless networking. Interference on audio inputs from the wireless interface or high
processor demand from other applications, anti-virus updates and the like can cause gaps in the generated
or captured audio signals leading to incorrect measurement results.

The initial steps required to make room measurements are:

Choose the audio input and output
Calibrate the soundcard (not applicable when using a USB microphone)

Check levels

Calibrate the SPL reading (not when using a USB microphone that has REW-compatible
sensitivity cal data)

A wbd PR

The various calibrations and level checks usually only need to be done once. If running REW for the first
time it is best to read through these initial help chapters in sequence rather than jumping directly to the
individual setup steps, however if your computer has already been set up using other acoustic measurement
software you may be able to skip directly to Making Measurements.

Choosing the Audio Input and Output

On Windows platforms REW can use either the Java soundcard drivers or ASIO drivers, on other platforms
only Java drivers are supported. If using the Java drivers REW defaults to using the audio input and output
which have been set as the defaults in your OS. Those defaults may change as you connect or disconnect
audio devices, so it is best to select the specific devices, inputs and outputs you wish to use for
measurement in the Soundcard Preferences panel. Click the Preferences button in the toolbar to display the
panel. The device lists show all soundcards that REW has detected, when a soundcard has been selected
the input and output lists show the available inputs/outputs on that soundcard. ASIO devices appear in the
list if they have an installed driver even if the soundcard is not connected, connect the soundcard to populate
the list of supported sample rates. Note 1: if a USB soundcard is plugged in after REW has been started it
may take up to 1 minute for it to appear in the list of devices - this is a feature of the Java Runtime
Environment. Note 2: if ASIO4All is being used and a change is made in the ASIO4All control panel to select
other devices or inputs/outputs REW will need to reload the ASIO4AIl driver before it can display the newly
available channels. To do that use the Reload button to the right of the ASIO Control Panel button.

When using the Java drivers the lists may include both internal and external devices and default drivers
offered by the operating system.

Featek ACA7 Audio bl
Choose device. ..

JPrimary Sound Capture Driver [
Reatek &4C37 Audio
EDIROL LA-14

Where possible, select the soundcard itself rather than the OS drivers "Primary Sound Capture Driver",
"Primary Sound Driver", "Java Sound Audio Engine" or similar. REW needs direct access to the controls on
the soundcard if it is to automatically adjust levels, this may not be possible if the OS drivers are selected.
Java Sound Audio Engine is also prone to pops and clicks during playback which degrade measurements.

Once the devices have been chosen, the input and output can be selected. When using Java drivers the
input will typically be called "LINE_IN" or "MICROPHONE" and the output will be "SPEAKER" or
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"LINE_OUT", however these names may be different for USB soundcards - for example, the input may be
labelled "Digital Audio Interface". ASIO devices have more specific names for the available inputs and
outputs and each mono channel will be listed separately.

When using a USB mic with a cal file that contains a sensitivity figure REW needs to read the input volume
setting to correctly show SPL, to allow that the input device and input for the mic must be selected (they
must not be left as "Default Device").

Trouble-shooting tip: To prevent REW from accessing soundcard controls, leave the input and output
devices set to "Default Device". The actual input and output used and any level control settings will then
need to be made using the OS volume controls and/or the soundcard's mixer.

Multichannel Output

When using Java drivers a channel may be selected after choosing an input or output. The Java drivers
typically provide stereo inputs and outputs, so the measurement input can be Left or Right and the output
can be Left, Right or, to send the measurement signal to both channels, Left+Right. On Windows the Java
drivers currently (March 2018 using Java 8 update 162) only offer stereo outputs even if the soundcard
connected is configured for or supports multi-channel, for example an HDMI output offering multi-channel
PCM audio. On OS X (and perhaps Linux) a device configured for multi-channel can make all its channels
available. An example of selecting from any of the 8 outputs of a multichannel card on OS X is shown below,
the card is configured for 8-channel, 16-bit data at 48 kHz as shown in the Audio Midi Setup image. Note that
OS X has an unusual channel order for this card, with the back channels appearing in the list before the side
channels. REW labels the channels in order as Left, Right, C, LFE, SL, SR, SBL, SBR but on this card
selecting SL (for example) in REW produces output on the left channel of the connector marked Rear on the
soundcard and SBL produces output on the left channel of the connector marked Side. That oddity aside the
channels are individually selectable, and any unusual channel assignments can be dealt with using the

Output Channel Mapping control.
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Configure Speakers...

Sample Rate Selection

When using ASIO drivers sample rates up to 384 kHz will be offered, if the soundcard supports them. The
Java drivers offer sample rates up to 96 kHz, though devices may only be available for 44.1 kHz and 48 kHz
depending on the OS and the devices. Make sure the input and output devices are configured in the OS
to operate at the rate selected in REW, otherwise the OS will resample between the selected rate and the
rate at which the input or output device is actually running.

It is best to use 44.1 kHz or 48 kHz for acoustic measurements unless the test specifically requires
measurement results above 20 kHz (studying tweeter resonances, for example). Higher sample rates
increase memory use, slow down processing and do not improve accuracy.

Calibrating the Soundcard
This step is not applicable when using a USB microphone as the input, skip directly to Check levels

Once the audio input and output have been selected (or left as default if using the default OS settings) REW
is ready to make a calibration measurement of the soundcard's frequency response. This is important to
check that the soundcard is configured correctly and the result can be used to remove the soundcard's
response from measurements.

1. Connect the soundcard's line or headphone output directly to its line input - use the channel that
will be used to make measurements, which should be the same one that has been selected in
the Input Channel control.

2. Press the Calibrate... button on the Soundcard Preferences panel and follow the instructions in
the help panel at the bottom

3.  The measurement result should be fairly flat (varying by much less than 1dB over most of the
range) but will roll off at the lowest and highest frequencies and will often have some ripple at
the high end. If the result shows excessive variation between 20Hz and 20kHz a warning
message will be shown, such a measurement should not be used. Below is a valid measurement
from a laptop's internal card which rolls off fairly rapidly below 20Hz (graph vertical scale is
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Getting set up for measuring

This is a measurement from another laptop soundcard, showing better low frequency response

and a smoother high frequency response:
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Some results from the measurement are shown in the notes:
alspee ®| Soundcard

_.1

¥ 02-Jan-201020:18:01
hlictieter: Mo Cal
Soundcard: Mo Cal

mrE e

20 20.0k

Sample rate: 44100Hz |~
-3dE point=: 1.0Hz, 2087 7kHz |-‘=-1
Input device: EDIRCL LA-1.4, |

Imput: Digital Audio Interface |
Channel: Right EE

|~ru1|:|re Settings @|

If the measurement looks like this:
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it is probably due to a feedback loop from the Line In to the output. This can happen if the
soundcard has some feature for record monitoring - for example, on the Soundblaster Live 24-bit
External there is a "Monitor" feature for the Line In that must be turned off to get correct results,
on some other Creative soundcards (e.g. Audigy 2 ZS) there is a Record Advanced Controls
setting for "Record without monitoring" that must be selected. It can also happen if "Line In" is
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not muted in the Playback mixer for the soundcard, or if "Listen to this device" has been selected
in the Windows soundcard properties for the input.

Having obtained a measurement it needs to be saved as a calibration file. Press the Make Cal...
button in the Soundcard Preferences and choose a name and location for the file. The file is
saved and then automatically re-loaded as a calibration file to use for all subsequent
measurements. On the next startup the file will be loaded automatically.

The calibration file will be applied to all new measurements made after it has been loaded. To
apply or remove a soundcard calibration file for an existing measurement, use the Change Cal...
button in the measurement panel.

| "] Micheter: RADIOSHACK- =
20 agg| Soundcard: Ediral.cal

| Measured with 1548 sweeps (2 @ 512K)
Mic in main listening position

Change Cal...
o 141354 | €D

2om WS heta site et modst IA

To check that the calibration has been successful:
o Leave the loopback connection from line output to line input in place

o  Uncheck the C Weighted SPL Meter box in the Mic/Meter Preferences and press
the Clear Cal button in the Mic/Meter Preferences to clear any mic/meter calibration
file that has been loaded. These steps are required because the loopback
connection has no C weighting or mic/meter response to compensate for

o  Press the Measure button
oo s

Measzure
to bring up the Measurement panel
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Click the expand button ‘¥ if necessary to show the measurement settings and set
the End Freq to 20,000Hz

Press Start Measuring to make a measurement and check the result - it should be
flat to better than 0.1dB except perhaps below 10Hz, where there may still be slight
roll-off if the soundcard has poor low frequency range. The plot below has a vertical
scale of 0.1dB/division, the green line is the measurement result and the dashed
grey line is the soundcard calibration curve:

n7 I i
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If the C Weighted SPL Meter box has not been unchecked or the mic/meter
calibration data has not been cleared the measurement will show the U shape

of the inverse C weighting curve or the inverse of the mic/meter calibration
data:
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o  After checking the result re-select C Weighted SPL Meter if using one and reload
any mic/meter calibration file that was cleared for the check

9. Remove the loopback connection and connect the soundcard to the mic or SPL meter and AV
processor/equaliser

Note that soundcard measurements made from the Soundcard Preferences panel use the full sweep range
to half the soundcard sample rate, regardless of the sweep end frequency setting, and the soundcard
calibration file is NOT applied to such soundcard measurements

Note also that the soundcard calibration file is only valid for the sample rate at which it was measured, if the
sample rate is changed the soundcard should be re-measured at the new sample rate

Setup information and example measurements for the Creative Soundblaster Live! 24-bit USB External
soundcard can be found here.

The next step is to Check levels

Help Index
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Check Levels

REW measurements are usually made at a level of about 75 dB SPL. This is not very loud, it is the same
level aimed at by most receivers to adjust speaker trims. Using very loud test signals is likely to damage your
speakers and your ears. Do not use test signal levels any higher than you would be comfortable listening to
for long periods. Setting the signal level REW uses during measurement involves generating a pink noise
calibration signal and adjusting the AV processor's volume control and/or the calibration signal level so that
at the measurement point (usually ear height at your main listening position) your SPL meter shows a level
of around 75 dB. Then, if not using a USB microphone, the soundcard's input volume needs to be
adjusted to get a good signal level from the SPL meter or mic preamp when the cal signal is playing.

With a USB microphone the input volume control can be left at the unity gain (0 dB) setting, which is selected
by default when the microphone is first plugged in (and set automatically by REW if the Control input
mixer/volume box is ticked on the Soundcard preferences).

Check Levels Procedure

Open the Soundcard Preferences panel and choose whether to set the levels using your subwoofer or a
main speaker, making the appropriate selection in the drop-down box in the Levels panel. This tells REW
whether to use a subwoofer or speaker calibration signal. If you have connected the soundcard output
directly to your subwoofer or to an equaliser that is connected to your subwoofer then choose Use
Subwoofer to Check/Set Levels here, if you are connected to an AV processor input you can use the
subwoofer or main speaker settings.

Press the Check Levels... button and follow the instructions on screen. The test signal defaults to an RMS
Level of -12 dBFS. If connected to an AV processor, start with the volume fairly low and increase it until the
meter is reading around 75 dB. The exact level is not critical. If connecting directly to an equaliser such as
the BFD, use the Sweep Level control to change the level of the generated signal. In either case, the final
Sweep Level will be used for subsequent measurements - remember to use the same AV processor volume
setting whenever measurements are made.

If input levels are low DO NOT KEEP MAKING THE TEST SIGNAL LOUDER. Input levels should be set
through the volume controls on the input path, not the output, using very loud test signals is likely to damage
your speakers and your ears.

Notes on Soundcard Volume Controls

The output volume control may have no effect on the level of line outputs, but will affect a headphone output
or the PC's speakers - if using a true line output for the measurement signal the output volume control
should be muted to prevent the signal being heard from the PC's own speaker(s).

The following notes are relevant if an output device and output have been selected in REW and the Control
output mixer/volume box is ticked.

e REW sets the soundcard's output volume to half scale. On exit REW restores the volume levels
that were in use when it started up if they are no higher than the levels currently set (this is to
reduce the possibility of creating a feedback loop).

e The range of the REW controls is 0..1, but the underlying gain controls in the soundcard are
generally logarithmic. If you use REW to alter the volume control settings using the arrows on
the spinners, the settings will change in increments corresponding to around 0.5dB, however the
soundcard's own controls will usually have lower resolution, so changes may have no effect on
the output until the next step in the soundcard's control is reached.

e Changes in volume settings outside REW (e.g. in the Windows mixer) are automatically detected
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and reflected in REW's controls.

In the playback mixer (if there is one) it is important to mute the input used for the signal from the
mic or SPL meter (usually Line In), otherwise a feedback loop results as the signal picked up by
the mic/meter is fed directly back to the output. Here is an example of correct playback mixer
settings on a Windows XP system, only Wave is unmuted, the Wave volume is full scale and the
output volume is half scale.

L1l Votume Control = Ev"ﬁ
| Optiors  Help
Volume Control Wave SW Spnth CD Player Lne In
Balance: Balance: Ealarce: Balance: Balarce:
P ¢ -3 ¢ - 49— 4\ —J ¢
Vol - ] Wolurne: Walume Wiolurme: Wolume:
: [ -
|~ | —
- - | - I
Dﬂms:ﬂ' [] Mute [#] Muite [=] Mg [#] Mute
:SI:ILndF'“:‘C Digital Audio

Trouble-Shooting Setting Input Volume

Some soundcards do not provide an input volume control (e.g. some USB cards). If using an
SPL meter or mic and preamp, as long as the signal RMS level is within the -30 to -12 dB range
when the speaker/subwoofer cal signal is playing everything should work OK. If the level is
below -30dB try reducing the meter range to raise the level, but be careful not to reduce the
range to the point the meter is overloaded. If the level is above -12dB try increasing the meter
range to lower the level.

If using a USB mic the signal may be much lower, below -50 dB, this is normal.

Some soundcards do not provide programmatic access to their input volume control so REW
may not find a volume control or it may not be able to alter it. In that case you can use the
controls in the soundcard's mixer or the OS audio level controls to make the required
adjustments manually.

On some soundcards REW may not be able to directly select the required input via its device
and input selectors - for example, on Audigy 2 selecting the Line In is done by selecting "Analog
Mix" in the Record panel of the Basic tab of the Creative Surround Mixer then going to the
Source panel and muting all the sources except for Line In. If it does not seem possible to select
the required input via REW's device and input selectors, or REW does not seem to be making
the correct settings, leave the input device set to Default Device and make the input selection
and input volume adjustments via the soundcard's mixer or the OS audio level controls. An
example of suitable Windows XP volume control settings is shown below, with Line In selected
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Setup information and example measurements for the Creative Soundblaster Live! 24-bit USB External
soundcard under XP can be found here.

After checking levels the next step is to calibrate the SPL reading.

Help Index
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Calibrating the SPL Reading

Calibrating the SPL reading gives REW an absolute SPL reference by entering a reading from your SPL
meter while a speaker or subwoofer calibration signal is playing. Alternatively an SPL calibrator may be
used. This step is not required if you are using a USB mic with a cal file that contains a sensitivity figure.

SPL Calibration Procedure

1. Select the Mic/Meter tab of the Preferences panel

2. If making measurements with a microphone select the Mic or Z Weighted SPL Meter option. If
making measurements using an SPL meter as the microphone set the meter to C weighting and
select the C Weighted SPL Meter option. Set the meter range to suit the measurement level
used in the check levels process (the 80dB range is recommended for the Radio Shack meter).

3. Open the REW SPL meter by clicking the SPL Meter button in the toolbar then press the
Calibrate button

4. On the dialog which appears choose whether to calibrate the meter reading using your
subwoofer or a main speaker driven by a calibration signal generated within REW, or to use an
external test signal you provide, making the appropriate selection in the drop-down box and
clicking OK.

Use REW subwoofer cal signal X

Use REW subwoofer cal signal

Use REW speaker cal signal
Use an external =zignal

5. Enter the reading from your external SPL meter (not the REW meter) in the calibration panel and
press Finished when done

| SPL Reading Calibration X |

Adjust the SPL figure below until it matches the
reading on your SPL meter, then hit "Finished™

78.4° | Finished | [MJ

Bt

For more information about the REW SPL Meter see the SPL Meter help

SPL Calibration Notes

e If you are using a USB mic with a cal file that contains a sensitivity figure SPL calibration is not
required, REW will show this message:.

| Calibration not required . .

SPL calibration is not required, REW is

already calibrated for the USB mic yvou
are using based on the sensitivity data
in the mic cal file.

ok ]
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At the end of the calibration process a message is displayed showing the maximum SPL that
can be measured with the current input level settings. If higher SPL needs to be measured the
input sensitivity must be reduced (by lowering the soundcard input volume setting or, if using an
external microphone preamp, reducing the preamp gain or, if using an external SPL meter,
increasing the range setting) and repeating the calibration

e A warning is shown if measurements are attempted before calibrating the SPL reading as the
results of the measurement would not reflect the actual SPL. The SPL reading is shown in red
until the SPL calibration procedure has been completed

e REW remembers the calibration setting for the next startup, so it will usually not be necessary to
repeat this process, but check the REW SPL reading against your SPL meter or calibrator before
starting a new set of measurements

e If the input volume setting is changed or another soundcard input is selected it will be necessary
to repeat the calibration process (selecting a different input or input device will cause REW to
treat the SPL reading as uncalibrated - the reading goes red)

o if the signal generator is already playing a sighal when you click Calibrate it will continue to play
the same signal

REW is now ready to make measurements.

Help Index
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Making Measurements

Once the audio input and output have been chosen, the soundcard has been calibrated, the levels have
been checked and the SPL reading has been calibrated REW is ready to make room response

measurements.

Connections should be as explained in Getting Started, if connected to an AV processor, select the input to
which the soundcard's output is connected.

Making a Measurement

e Press the Measure button Measure (or Ctrl+M) to bring up the Measurement dialog
»

Pake & mgasurgment

“ Impedance Thming ref lpvel (dEFS) 128 :_

Use acoustic timing nefarence - Timing et headroos

Maasure using 266k log sweep from 0 He to 24,000 Kz at -12.0 db takmng 55 s ®

S3sri Freq(Hzi End Freq{Hz) Lewvel (dBFS) Lenpth Syeepa  Tolai Tme
oS 24,000 -I20ES | 258k | e
Dutpul Timang Refarence Oulpul
LIKE_OUT b |l e | il
| Chack Lavsls St Menkaring Cancel J
Sinr Dalay (8 05 SPL i (dB) =

[+ wad for timing refarence  [W Abori above SPL Bma

[ 2bort f excesswe chopng detected

Reeaedy to measune

%

REW can have 30 measurements loaded at once. If there are already 30 measurements when a
new measurement is requested a warning is given as the first measurement would need to be

removed to make room for the new one:
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Mo Free Positions b4

'.6.' There are no free positions for the "Artist 3+Q20705" measurement,
“Artist 3+0Q20705" in tab 1 will be deleted if yvou continue.

That measurement has NOT been saved.

If you Cancel the measurement will be kept.

l Cancel | lDeIete rtJ l Save it |

Make sure the SPL/Impedance selector at the top of the Measurement panel is set to SPL (see
Impedance Measurement for information about measuring impedance)

A delay of up to 60s can be selected before the measurement sweep starts, use the Sweep
Delay control to configure this
Click the expand button ‘¥’ if necessary to show the measurement settings

Measure using 256k log sweep from 0 Hz to 24,000 Hz at -12.0 dB taking 5.5 3 &

Start Freg (Hz}) End Freq(Hz) Level (dBFS) Length Sweeps  Total Time

0 | 24000 2008 | 2sexw| | U] 5se

Set the Start Freq to the lowest frequency for which you wish to see the response and End Freq
to the highest. The sweep will span the range from half the start frequency to twice the end
frequency (with an overall limit of half the soundcard sample rate) to provide accurate
measurement over the selected range

Level controls the rms signal level at which the sweep is generated, relative to digital full scale.
The maximum value is -3 dBFS, unless the View preference Full scale sine rms is 0 dBFS has
been selected, in which case the maximum is 0 dBFS. Using the maximum value places the
peaks of the signal at digital full scale. The default value is -12 dBFS. This control is normally
preset to the Sweep Level established during the Check Levels process. If you will be comparing
measurements from several speakers, or comparing a series of measurements from a speaker,
make sure they are measured with the same Sweep Level.

Length controls the duration of the sweep signal, specifying the number of samples in the sweep
sequence. The default is 256k. Dividing the number of samples by the soundcard's sample rate
gives the sweep duration in seconds. The overall duration includes silent periods before and
after the sweep

Longer sweeps provide higher signal-to-noise ratio (S/N) in the measurements, each doubling of
the sweep length improves S/N by almost 3 dB. However, the time required to perform the
processing after each sweep will more than double for each doubling of sweep length. If REW is
running on a computer which does not have a fast processor and a lot of memory,
measurements will be much faster using the shortest sweep length (128k samples), at a small
S/N penalty of about 3dB compared to the default. At least 2 GB of RAM and a fast processor
are recommended if using the 1M sweep, invalid measurements may occur on computers which
have insufficient RAM or processor speed

REW allows multiple sweeps to be averaged, although best results are generally obtained by
using single, longer sweeps rather than multiple, shorter sweeps. Do not use multiple sweeps
if the input and output are on different devices (for example, if the input is a USB mic). If
Sweeps is more than 1 REW uses synchronous pre-averaging, capturing the selected number of
sweeps per measurement and averaging the results to reduce the effects of noise and
interference. The pre-averaging can improve S/N by almost 3 dB for each doubling of the
number of sweeps. Averaging can be useful if the measurements are contaminated by
interference tones, whether electrical or acoustic, as they typically will not add coherently in the
averaging and hence will be suppressed by the process
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Warning: some soundcards do not maintain sample synchronisation between the successive
sweeps which produces a corrupt measurement that has multiple, closely-spaced peaks of
approximately the same level in its impulse response, 1 peak for each sweep. This can also
happen if the input and output are on separate devices. If the frequency response with
multiple sweeps is significantly different from the response with a single sweep, stick
with single sweeps

Total Time shows the overall duration of the sequence of sweeps

The Check Levels button generates a few seconds of a pink noise signal that depends on the
frequency range selected for measurement and checks that the input level is not too high or too
low. Pressing Cancel while the pink noise signal is playing will turn it off (it turns off
automatically after 3 seconds). The rms level that was measured is shown on the measurement
panel, with a warning if the level is too high or too low

Level OK
-12.8dB

Ready to measure. .

There are two protection mechanisms for sweep measurements. Abort above SPL limit will
abort the measurement if the SPL exceeds the limit that has been set using the control below
the Cancel button. Note that if the limit set is higher than the input can measure before clipping
occurs it will not offer any protection, but in that case the second mechanism may be triggered.
Abort if excessive clipping occurs will abort the measurement if more than 30% of the
samples in an input block are clipped.

Press Start Measuring to make a measurement. If a delay has been configured time remaining
before the sweep begins is shown

ke & measureamment »

| s |inpedarce Timing ref level (0BFS):| 120

Use acoustic timing neference - Timing et hendroom

Measure asing 266k log sweep from 0 He to 24,000 Kz at -12.0 db takmg 65 s ®

Giacl Frég (HE)  End Freg{Hz) Lewvel (dBFS) LeApth Swesga  Tolal Tme
olg] [ zeomff] [ 20l [z st
Dulpul Tmang Referencs Dulpul
LINE_OQUT | Llef v Mg (v
| Check Levels Saart Meamring Cance
Sinr Dalay (8) W= SPL Ik (0B 100 £

|+ Wad for timing refarence W) Aborl above SPL Bma

[} 2bort i excessive chopng detected

Starting in

26 s

Fomady bo measune

%

When the sweep starts progress is shown on the measurement panel along with a display of the
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measurement headroom

Pakw o rmeasungrment »

_____ ==y

Timing ref headroces: T4,6 0B

Measure asmg 266k log sweep from 0 Hz to 24,000 Bz at -12.0 dB takmng B.6 s ®

Oulput Timng Reference Dulpul

Laft |

Headroom

7.1dB

Remaining sweeps: 1 tme s

I EL]

The result of the measurement is displayed in the graph area, information about the measurement appears
in the Measurements Panel. Measurements are given a default name of the date and time at which they are
made, a more appropriate name can be entered in the box at the top of the measurements panel

NI e R =T =T

wnzzotata @

20 2.0k

2
22-Jun-2008 01:11:30 A
MicMeter: RADIOSHACK- X
= 1| Soundcard: Mo Cal

Notes relating to each measurement can be entered in the notes area, click the Notes button =

area is not visible
" L4 ¥ LU LU ] s Y L LR B gy P LY 4- |

A Soundcard: Mo Cal

Sub+mains Sx1h

Mic height 97 cm, 39cm from svall, Scm harz from
edge of fireplace top

ANP gt -2 | digital output from Mac bini

if the notes

For details of the various ways of viewing the measured data, including averaging multiple measurements,
refer to the Graph Panel help.

Measurement Headroom
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The headroom figure on the measurement panel shows how far away the input is from clipping, and hence
how much the sweep level could be increased before clipping would occur. The figure is red if there is less
than 6dB of headroom (warning that the input is close to clipping), green between 6 and 40 dB (or between 6
and 60 dB for USB mics). A message is shown if the headroom is more than desirable, as increasing the
Sweep Level or the AV processor volume would improve the signal-to-noise ratio in the measurement which
in turn increases the accuracy of the impulse and frequency responses. Note that after making such a
change subsequent measurements will be at a higher SPL on the graphs than those made before the
change.

Low signal level on measured X

The highest level in the measurement is 74 dB SPL (5656 dB F3),

! for greater accuracy increase the input volume, the sweep level
or the AV receiver volume to raize the highest input level above
&1 dB SPL (-50 dB FS}).

l (8134 H Cancel J

If the room's resonances are very large the input signal level may exceed the input range and cause clipping.
If this occurs a warning is displayed, as input clipping will cause errors in the derived frequency response.
The sweep level, AV processor volume or input volume should be reduced and the measurement repeated.
Note that after making the change subsequent measurements will be at a lower SPL on the graphs than
those made before the change.

Clipping detected in measured >
Clipping was detected in the measured input, the freguency
! rezponse may be distorted as a result

Try reducing the sweep level, processor volume setting
or the input volume and repeating the measurement

Hit OK to continue or Cancel to abandon this measurement

[ (81,4 H Cancel J

If the signal levels are very low this may indicate a connection problem:
Wery low signal level on measured >
The highest level in the measured input iz just 54 dB SPL (-87 dB FS)

This i= much lower than it should be. Check the input channel

gelection, connections, input volume and output volume/mute.

The highest lewvel should ideally be above 81 dB SPL (-60 dB FS)

l oK H Cancel J

After measuring the response of a channel you can look at adjusting EQ immediately, or make other
measurements first.
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Note that some resonances which are very pronounced when measuring a speaker alone do not appear if a
pair of speakers (e.g. Left and Right) are run together - this is because the positioning of the speakers in the
room can prevent some resonances being excited (in particular, the odd order width modes will not be
excited by content which is the same on Left and Right speakers if they are symmetrically placed across the
width). Such resonances can often be left uncorrected, to identify them compare measurements from
individual channels with those made with two channels driven at the same time (achieved on AV32R DP or
AV192R by setting the Repeat Sig. entry in the TMREQ filter menu to Yes and selecting the channel
which is to repeat the test signal, or on other processors by connecting both left and right soundcard outputs
to the selected AV processor input or using a Y lead to drive two inputs at once).

Measuring with a timing reference

REW can make use of a timing reference when it measures, according to the setting on the measurement
panel or in the Analysis preferences. The timing reference selection controls whether REW uses a loopback
on the soundcard as a timing reference, or an acoustic timing reference, or no reference. Using a timing
reference allows REW to eliminate the variable propagation delays within the computer and soundcard so
that separate measurements have the same absolute timing.

If a loopback is selected the reference channel signal must be looped back from output to input on the
soundcard and measurements will be relative to the loopback timing. Usually this means measurements will
have a time delay that corresponds to the time it takes sound to travel from the speaker being measured to
the microphone.

If an acoustic timing reference is used REW will generate a timing signal on the output that has been
selected to act as the reference before it generates measurement sweeps on the channels being measured.
The level of the timing reference is set separately from the measurement level using the control at the top of
the measurement dialog. The timing signal is a high frequency sweep to allow accurate timing, a subwoofer
cannot be used as the reference channel. Measurements will have a time delay that corresponds to the
difference in their distance from the microphone compared to the distance of the reference speaker - if the
reference speaker is further away the delay would be negative. When an acoustic timing reference is used
individual measurements taken from the same mic position will have the same relative timing, allowing
trace arithmetic to be carried out on the traces in the All SPL graph. Note that multiple sweeps cannot be
used when using an acoustic timing reference.

If using a timing reference REW can calculate the delay through the system being measured relative to the
reference and show it in the measurement Info panel as "System Delay" in milliseconds, with the equivalent
distance in feet and metres shown in brackets. For speakers the delay estimate is based on the location of
the peak of the impulse response. Subwoofers have a broad peak and a delayed response due to their
limited bandwidth so the delay is instead measured relative to the start of the impulse response. The start of
the impulse response cannot be located as precisely as the peak, however, so delay values are less
accurate for subwoofer measurements.

Help Index
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Offline Measurements

Sometimes it isn't possible or practical to connect a computer to the system you wish to measure. In those
cases REW's measurement sweep signal can be played back through the system by other means, the
response recorded, and the sweep signal and response recording can be imported to generate a new
measurement. This is done using the Import Sweep Recordings entry in the File menu.

Generating the sweep signal

The first step is to produce the sweep measurement signal that will be played back when making the
response recording. It is generated from the Signal Generator.

| £ Generator — X

A

RMS Level dBFS

Meas. Sweep |~ 420

-

Output
v | | SPEAKER | | Both v

Frequency Hz

Freq Hz Length
Start: | I:Il%' | 255k|%|
e [ 2oz ses

Pressing the button to save to a WAV file brings up this dialog:
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Select channels for sweep

E] Left channel
E] Right channel

sweep level dBFS:

E] Add timing reference =signal

@ Left channel
|} Right channel

Ref level dBFS:

Sample rate: 44100

(8131 | Cancel-

!
[4]¥]

REW V5.19 Help

Offline Measurements

Using a timing reference signal is recommended for offline measurement. Set the signal level for the sweep
and the timing reference (typically they are the same) and choose the sample rate at which the sweep signal
will be generated - this should be the same as the sample rate at which the response will be recorded, or an
integer multiple or fraction of the recording rate. Pressing OK brings up the dialog to choose the WAV
sample resolution, 16 bit should be very widely supported, if the system you are measuring can play back

24-bit WAV files choose 24-bit.

WAV file settings

Choose the WAN =ample rezolution

@ 16-bit zamples
\_J 24-bit samples

I_J 32-bit samples

(8101 | Cancel-

Importing sweep recordings

Bring up the import dialog by using the Import Sweep Recordings entry in the File menu (or using the

Ctrl+Shift+N shortcut).
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[£| Import Sweep — >
Import Sweep Recordings "ﬂ__
Stimulus Browse. .

Drag sweep file here or use the Browse button

[E] Apply cal files

| Load stimulus file then load rezponse files

Load the measurement sweep file first, either browsing to the file location or dragging it onto the stimulus
window. You will be asked to choose which channel to import, 1 is the left channel, 2 is the right. If the
current mic and soundcard cal files specified in the REW mic/meter and soundcard preferences should be
applied to the files you are importing (for example, if you made the recordings with a calibrated mic and the
mic cal file is loaded in REW) select the Apply cal files box. An image of the signal waveform is displayed.

Now load the recorded response file. You can browse to the file or drag the file onto the response window. If
you have more than one response recording you can drag them all onto the response window at once and a
separate measurement will be generated for each. If the recording sample rate is an integer multiple or
fraction of the measurement sweep sample rate the recording will be resampled to match the sweep rate
before processing.
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[£| Import Sweep — >
Import Sweep Recordings =
Stimulus l Browse. .. J

256k sweep from 20 Hz to 8.0 kHz with timing reference
18.4 5 of data at 16 kHz =ample rate loaded from
256kMeasSweep 16k_20 to 8000 LR _refL.wav

Response l Browse. .. J

437 5 of data at 48 kHz sample rate downsampled to 16 kHz loaded
from 2017-09-04_SLM_006_clipped.wav

@ Apply cal files

Import complete

Offline Measurements

That's it, a new measurement will be generated from the recordings and can be processed in REW like any
other measurement. The measurement notes will include the file names used to generate it and the

measurement name defaults to the file name of the response recording.

Help Index
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Impedance Measurement

REW can make measurements of impedance by using both inputs of the soundcard. Impedance
measurements of drive units can be used to calculate the Thiele-Small parameters. The general connection
arrangement for impedance measurements is shown below:

Left
PC or soundcard
outputs .
"\ Right )|
\r} Rsense |
_."\_ Left
PC or soundcard |\ 4

The sense resistor, which must be non-inductive, is used to measure the current flowing into the load,
which will be (Vleft - Vright)/Rsense. The voltage across the load is Vright, so the impedance is
voltage/current = Rsense*Vright/(Vleft - Vright). Note that the accuracy of the result is only as good as
the accuracy of the value entered for the sense resistor.

Good results can be obtained using a headphone output to drive the load, with a 100 ohm sense resistor. If a
line output is used the sense resistor typically needs to be much larger as line outputs have high output
impedance and limited drive capability, try 1 kOhm but note that the results will have much higher noise
levels.

An alternative is to drive the load via a power amplifier, which can deliver the lowest noise levels and most
accurate results, but great care must be taken as the levels a power amplifier can generate can easily
damage soundcard inputs. If using a power amplifier the sense resistor can be much lower, 33 ohms or
less, but the soundcard inputs should be connected via a resistive divider providing around 20dB of
attenuation and ideally the inputs should also be protected by back-to-back zener diodes to clamp the input
to less than 5V.

The soundcard input connected to the load must be the same one which has been chosen as the
input in the REW soundcard settings. In the diagram above that is the right input, but if the left is being
used simply swap left and right in the diagram. If the left and right connections are the wrong way around
your impedance measurements will show curves that are shifted up by approximately the value of the sense
resistor. It does not matter which headphone output is used as REW puts the test signal on both outputs.

Making an Impedance Measurement

e Press the Measure button Mgasure (or Ctrl+M) to bring up the Measurement panel and select the
Impedance button
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Mlake 3 rmeasunETENt *

o=
=]

5, Impedance | Faguag 10007 Rugaps nouoE

Measure using 286k log sweep from OC to 30,000 Hz af -A42.0 dB taking 8.5 s =

StariFregiHzl  End Fresg{Hz) Lewel (dB F3) LEngth Swessps  Totsl Tme
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Enter the exact value of the sense resistor. This must be measured accurately with a good
quality, calibrated multimeter or impedance bridge, or a very high precision resistor (0.1%)
should be used. Any error in the value of the sense resistor directly affects the measurement
results.

Click the expand button ‘¥ if necessary to show the measurement settings

Measure using 256k log sweep from DC to 20,000 Hz at -12.0 dB taking 5.5 =

Start Freq (Hz}) End Freqg (Hz} Lewvel (dB FS) Length Sweeps Total Time

offl | 20000 | 1200 | 2sek|x| | ]x| sse

Set the Start Freq to the lowest frequency for which you wish to see the response and End Freq
to the highest. If measuring a drive unit to determine its Thiele-Small parameters measure up to
20 kHz. The sweep will span the range from half the start frequency to twice the end frequency
(with an overall limit of half the soundcard sample rate) to provide accurate measurement over
the selected range.

Level controls the rms signal level at which the sweep is generated, relative to digital full scale.
The maximum value is -3 dBFS, unless the View preference Full scale sine rms is 0 dBFS has
been selected, in which case the maximum is 0 dBFS. Using the maximum level places the
peaks of the signal at digital full scale - some soundcards may distort at the maximum level. For
impedance measurements it is best to use a high sweep level, e.g. -6 dBFS, but if you are using
a power amplifier beware of excessive levels.

Length controls the duration of the sweep signal, specifying the number of samples in the sweep
sequence. The default is 256k. Dividing the number of samples by the soundcard's sample rate
gives the sweep duration in seconds. The overall duration includes silent periods before and
after the sweep.

If Sweeps is more than 1 REW uses synchronous pre-averaging, capturing the selected number
of sweeps per measurement and averaging the results to reduce the effects of noise and
interference. The pre-averaging improves S/N by almost 3dB for each doubling of the number of
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sweeps. Averaging is particularly useful if the measurements are contaminated by interference
tones, whether electrical or acoustic, as they typically will not add coherently in the averaging
and hence will be suppressed by the process.

e Total Time shows the overall duration of the sequence of sweeps

e The Check Levels button generates a few seconds of a pink noise signal that spans the
frequency range selected for measurement and checks that the input level is not too high or too
low. Pressing Cancel while the pink noise signal is playing will turn it off (it turns off
automatically after 3 seconds). The rms level that was measured is shown on the measurement
panel, with a warning if the level is too high or too low.

Level OK
-12.8dB

Ready to measure..

e Press Start Measuring to make a measurement, progress is shown on the measurement panel
along with a display of the measurement headroom.

The result of the measurement is displayed in the graph area, information about the measurement appears
in the Measurements Panel. Measurements are given a default name of the date and time at which they are
made, a more appropriate name can be entered in the box at the top of the measurements panel.

When the mouse cursor is within the graph panel of the Impedance & Phase graph the equivalent series
resistance + inductance or resistance + capacitance and parallel resistance||inductance or
resistance||capacitance of the impedance at the cursor position is shown at the bottom left corner of the
graph, this is useful when making measurements of inductors or capacitors to check their value. For
capacitor measurements the values are most accurate at frequencies where the total impedance has
dropped below a few hundred ohms.
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For details of the various ways of viewing the measured data, including averaging multiple measurements,
refer to the Graph Panel help.

Calibrating the Impedance Rig
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Small gain differences between the soundcard input channels cause incorrect calculation of the load current
and the impedance. These can be calibrated out by making a measurement with the load disconnected and
the sense resistor shorted out. N.B. both soundcard inputs must be connected to the same output
signal.

Left
PC or soundcard
outputs Right
Left

PC or soundcard
inputs Right

e Press the Measure button (or Ctrl+M) to bring up the Measurement panel, select the Impedance
button and set the sense resistor value to zero
Make 3 measungment -
S Impeciarce Ragus | E; R.l.l-b: 333:‘:;
Calibration Mode - Disconnect Load and Short Oui Sense Resision

Measure using 256k log sweep from OC to 20,000 Hz at A2.0 dBtaking .65 =

Etwri FreqiMzi  End Fresg{Hzl  Lewel (dB FS) Lengih Sweaps  Totsl Tme
ot 20,000 120l | 2ssk|w 55
Onrtpud
Wagopr ‘okumg || Highy | w
| Crisck Levels ]! St Measurg | | Carcel
Sxael Dslay (8) oz

Fieay bo mEmsurs

e Press Start Measuring to make a measurement. The completed measurement shows the level
of the measurement channel (usually right) compared to the reference channel, where a reading
of 100 Ohms corresponds to 100%, 99 Ohms would be 99% etc. If the difference between the 2
channels is too large (more than a couple of percent) the calibration is abandoned as it is likely
there is a connection error, re-check the connections and try again.

The calibration factor used for impedance measurements is shown in the measurement info panel next to the
measurement thumbnail, along with the sense resistor value.
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Resistance of Test Leads

When measuring very low impedances the resistance of the test leads may become significant. To measure
this, first calibrate the rig as above, then make a measurement with the leads shorted together at the point
the load is attached (set the R gaps Vvalue to zero before making the measurement). The measurement
should be fairly uniform, perhaps showing variation at very low frequencies depending on the low frequency
limitations of the headphone drive stage. If the result is more than one or two tenths of an ohm, check that
the connections are tight and the leads are not too flimsy. Enter the resistance from the flat part of the
measurement into the R eaps box on the measurement panel.

Input Channels Swapped

If the input channels have been connected the wrong way around the impedance measurements will be too
high by approximately the value of the sense resistor, make a test measurement of a resistor (of less than
100 ohms) to check that everything is wired correctly.

Impedance Measurement Quality

The main source of measurement noise is acoustic noise and vibration during the measurement.
Loudspeakers act as microphones, generating small voltages in response to sounds and vibrations that are
picked up as part of the load voltage. To minimise this effect use high drive levels, low sense resistor values,
avoid noisy environments and isolate the loudspeaker from vibration. Using a power amplifier to drive the
speaker provides high signal levels and allows a low series resistor to be used.

Another source of error is the input impedance of the soundcard, which is in parallel with the load. This limits
the accuracy of the measurement of high load impedances, the method is most suitable for impedances
below a few hundred ohms.

Help Index
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Thiele Small Parameters

The Thiele-Small Parameters window is used to calculate the parameters for a drive unit from
measurements of its impedance. To calculate all the parameters two measurements are required, one in
"free air" and a second with either mass added to the cone or with the unit in a sealed (air tight!) enclosure
(ideally with a volume a little less than the expected Vas). Note that the drive unit must be rigidly supported
during the measurements, and ideally mounted vertically (i.e. so that the cone is firing horizontally as it would
be in a typical loudspeaker installation). Some pre-conditioning of the unit with signals at medium levels
helps to stabilise the behaviour and suspension compliance and reduce memory effects in the suspension
from periods of storage or lack of use. Quiet conditions are important for good measurements, drive units act
as microphones and pick up noise and vibration, affecting the results. The measurements should be made
up to 20kHz so that the lossy inductance of the voice coil can be accurately modelled, and the impedance
calibration step should be carried out before making measurements.

Free Air Measurement Motional Impedance Parameters -

4.0

E:ele-::t a messUrement R (ohim):

1.00
10005

|Select a measurement Ll:Es [mHX:

|

Secondary Measurement CMES [UF: | ESD.DH
|
|

’“"Es [mahim;

Manually Entered Values Blocked Impedance Parameters

Vaice Coll DC Resistance (shm): dR (ohm); | 0.10]
Etfective Area (om?) B 177 Lggluy | 2500
Air Temperaturs (Celsius): 203 LglmHy | 0 500
Air Pressure (mE): | A0325[5  Rgg(ohm) | 0.001
Added Mass (g)  ooos  Kg(SHY | 0100014
Sealed Box Yolume (Litres]: E Simplified Model Parameters -

[ | compensate for Leakage Losses Resultz area

o | Compenzate for Air Load

[
[

| Fesutz area

An Example Run

To show the results of a TS parameter calculation a small bass-midrange drive unit was measured. It has an
effective cone area of 137cm?. The plots below show the impedance measurements made in free air and
then with a mass of 5g added to the cone. REW determines whether the secondary measurement is from a
sealed box or added mass by looking at the resonant frequency, which is lower than free air for added mass
and higher for a sealed box. A least squares fit of an electrical model of the drive unit impedance is carried
out on the free air measurement to determine the model parameters. Another least squares fit is carried out
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on the secondary measurement to determine the modified motional parameters and the TS parameters are
then calculated.
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To calculate the TS parameters the two measurements are selected and the required values are entered:

e the DC resistance of the voice coil (Rpc) in ohms. Accurate measurement of low resistances is
unfortunately not easy (see footnote), but the impedance model REW uses can easily
compensate for a DC resistance which is slightly lower than the actual, so it is recommended to
err on the low side

e the effective area in square centimetres, most driver data sheets include an effective area figure
but if this is not available REW can calculate the figure for you given the effective diameter,
which is the diameter of the cone plus a proportion of the surround, typically 1/3 to 1/2, just click
the calculator icon on the left hand side of the effective area box

e the air temperature in degrees Celsius
e the air pressure in millibar

e the volume of the sealed box in litres, or, if the second measurement was made with an added
mass, the additional mass in grammes

The Calculate Parameters button is then clicked, with the following results.
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1: SPH170 horz

Secondary Measurement

| 2: SPH170 horz+5g

Manually Entered Values

“oice Caill DC Resistance (ohm); |
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137 0
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20[]

Ajr Pressure (mB):

1013251

50013

Added Mass () |
Sealed Box Wolume (Lires): |

1250015

|:| Compensate for Leakage Lozses

o | Compensate for Air Load

Calculste Parameters

REW V5.19 Help

Motional Impedance Parameters

RES ok

290l

3881 (5|

L CES [mHY:

3967 ]

|
Cyaps (UF: |
|
|

’““ES [akirm

Blocked Impedance Parameters

3907 1]

dR (ohm):

010(%

LEB [uH:

63805

1.000/]

HS 5 ok

53691 ]

|
|
Lg (mH): |
|
|

K (S-H):

0.000415]

Simplified Model Parameters

E B30 ohm Lg 964 uH
R 1630 ohm

MES 3681 uF L; 2004 uH

Thiele Small Parameters

R
REs 2327 ohm
c
L

CEs 3967 mH Ry 436 ohm

L; 4628 uH

[ ‘White: Parameters to File J

TS parameters for measurement: SPH170 horz

Re 530 ohm 416 Hz Muis 1439 g

Zn B71 ohm 2242 Chag 1.015 mmml

foin 251 Hz 0507 Figs 1 680 kalz

fy 1473 Hz 0475 Yag 2701 litres

Lelfy) 0470 mH 87.2 Hz Bl 6253 Tm

Ol 13.21 cm a7.13 dB (Wi m) Eta 031 %

S 1370 om? Added mazs 5.00 g

Secondary measurement: SPH170 horz+5g
Air temperature 20.0 C, pressure 1,013.25 mB giving density 1.2041 ng‘mg, c332mis

The first column of results in the bottom of the window show the loudspeaker resistance Rg, which is
generally a little higher than the DC resistance; the minimum impedance Zq, after the peak and the
frequency fmin at which it occurs; f3, which is the frequency at which the impedance has increased to
sqri(2)*Zfmin: the inductance at f3; the effective diameter and the effective area. The second column shows
the resonant frequency fg; the mechanical (Qpys), electrical (Qgs) and total (Qts) Q-factors and the Fyg
figure (fs/Qts). These parameters can also be calculated for any single measurement, without requiring a
secondary measurement to be selected. The Lp figure and the Myis, Cus, Rms, Vas, Bl and Eta (efficiency)
figures in the third column can only be calculated using both measurements.

The "Compensate for leakage losses" and "Compensate for Air Load" check boxes are only applicable for
sealed box measurements, they take into account the leakage loss of the sealed box (which would be shown
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as Q at the bottom of the first column of results) and the air mass load due to the sealed box. These
compensations use the Carrion-Isbert method described by Claus Futtrup in the documentation for his Driver
Parameter Calculator application at http://www.cfuttrup.com/

The results can be copied to the clipboard by right-clicking on the results area, or written to a text file using
the Write Parameters to File button. When writing to file the separator between values, labels etc is as
defined in the File -> Export menu.

FDD Electrical Model

REW uses a driver impedance model that incorporates elements that cater for Frequency-Dependent
Damping. The model is described in detail in the paper by Thorborg, Tinggaard, Agerkvist & Futtrup,
"Frequency Dependence of Damping and Compliance in Loudspeaker Suspensions" J. Audio Eng. Soc., vol.
58, pp. 472-486 (June 2010). The diagram below shows the components of the model.

7T -
*LE "
ROC dR * Lebs KE
RE
e —— |
Ras
HESé CMES == LCESé gomaga'urrmaES
[ |;‘ i

FDD Model

The model is split into two parts. The part at the right hand side models the motional impedance due to the
movement of the driver, with parameters Rgs, CmEes, Lces and Ags. This part reproduces the peak seen in
the impedance plot. It differs from the classical model by the addition of a frequency-dependent resistance
omega*/\gg in parallel with Lcgs. Note that the FDD model Rgg value is higher than that of the classical
model due to the effect of omega*/\gg, which acts in parallel with Rgs.

The other part of the model deals with the blocked electrical impedance of the driver. It is based on a model
developed by Thorborg and Unruh, described in “Electrical Equivalent Circuit Model for Dynamic Moving-Coil
Transducers Incorporating a Semi-Inductor,” J. Audio Eng. Soc., vol. 56, pp. 696—709 (Sept 2008). That
model begins with a drive unit resistance Rg which is the DC resistance Rpc followed by a small additional
resistance dR which models the resistance contribution due to eddy currents. It is followed by a series
inductance Lgg and then a parallel combination of an inductance Lg, a semi-inductance Kg and a resistance
Rgs. Lg represents the inductance of the part of the voice coil located inside the motor gap. Lgg represents
the part of the coil outside the motor gap. The semi-inductance Kg has an impedance that varies with the
square root of omega*j. It models the effects of eddy currents and skin depth in the pole piece. The parallel
combination of Lg and Kg models the transition of the coil's behaviour from largely that of a conventional
inductor at low frequencies to a semi-inductor at high frequencies. The Rgg component models the effect of
electrically conductive material in the magnet system, to be described in the paper by Thorborg and Futtrup
"Electrodynamic Transducer Model Incorporating Semi-Inductance and Means for Shorting AC
Magnetization", JAES Volume 59 Issue 9 pp. 612-627 (Sept 2011). The parameter values REW determines
may be modified if desired and the effect on the modelled impedance and phase traces viewed on the graph,
but the TS parameters which have been calculated will not be altered.

The plot below shows the modelled impedance traces (darker red and dashed) overlaying the measured
values.

Page 49 of 249



REW V5.19 Help

ofm

*»

No smoothing
FDD Model overlaying measuremeant

[

2 f

3 3 4568 B0 A W a5 7O 00 a0 300 500 T ik P X Sk Tk

Thiele Small Parameters

ey

50

st 45

30 0k Hz

When TS parameters have been calculated the derived and simulated motional and blocked impedance
magnitudes and phases can be plotted in addition to the total impedance traces. The simulated traces are
produced using the model parameter values, the derived traces are produced by subtracting the model
values from the measured values (for example, derived motional impedance is produced by subtracting the

modelled blocked impedance from the total measured impedance).
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As frequency-dependent component values are not supported by many circuit simulators REW also
calculates values for an alternative blocked impedance model using two parallel resistor-inductor pairs in
series, labelled R2-L2 and R3-L3, and the conventional Rgs, CmEes, Lces motional impedance model
without the frequency-dependent damping. The values of these components are shown in the "Simplified

Model" box. This diagram shows the simplified model components.
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Measuring the driver DC resistance

Accurate measurement of low resistances is challenging, LCR meters that are in calibration may have a
suitable range and give good results. If you do not have access to a calibrated LCR meter an alternative is to
get an accurate measurement of a higher value resistor, perhaps 50 ohm or so, or purchase a very high
precision resistor (such as a Vishay bulk foil part) and form a voltage divider with a DC source, the reference
resistor and the driver. A decent multimeter can provide accurate voltage measurements, measuring the
voltage across the driver and the voltage across the reference resistor allows the driver resistance to be
determined from (ref resistor) * (driver voltage) / (ref resistor voltage).

Help Index
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Measurements Panel

The Measurements Panel shows the measurements which have been made or loaded and information about
them. The tabs on the panel are used to select individual measurements, they include a thumbnail of the
frequency response. The text next to the thumbnail shows the name of the file the measurement was loaded
from or has been saved to (if it has been saved), the date and time the measurement was made and the
mic/meter and soundcard calibration files that were used (hover the mouse over that text area to bring up a
tooltip that shows the full text width). The order of the measurements in the list can be changed by clicking
on the currently selected measurement and dragging it up or down to a new position in the list.
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Ww 20-n-2008 145132 s
| Mictieter: RADIOZHACK- §

20 anp| Soundcard: Ediral cal

—

' Meazured with -15dBE sweeps (2@ 512K)
Wi in main listening position

| Change Cal... | |
0 lunzt1413ss | €D

AN VE beta ste setmoat

HM-Jun-2008 141354 l
i et e B AN ST

o 2ok 3 [Jun221:11:30 (%

- 5 beta site set.mdat A
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The measurement panel can be made narrower to provide more screen area for the graph, click the
Collapse button to narrow the panel.
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Measurement Controls

The text box at the top of the measurement panel is used to change the name of the measurement. The
length of the name is limited to the width of the box. If a blank name is entered, "No Description” is used. The
name is shown in blue for new measurements or measurements with unsaved changes, otherwise it is black.

OSSN OS] ="

- wn2@otatEd | @

d o . f
2
J\U/\\/H 22-Jun-2008 01:141:30 E
[ Micheter: RADISSHACHK- L
- = Soundcard: Mo Cal

The buttons in the column next to the name box are used to delete the measurement (deleting a
measurement removes it from REW, saved measurement files are not affected), save the measurement, set
the trace colour and expand or collapse the notes area. Trace colours can be reset to their defaults in the
View Preferences.

20 2 0k

Notes relating to each measurement can be entered in the notes area, they are saved with the
measurement. Right-clicking in the notes area brings up a Cut/Copy/Paste menu.

11 " ||I IWIGNIELET . PLALIN AP S

IL.-_. P Soundcard: Mo Cal

Sub+mains Sx1h

Mic height 7cm, 39cm from weall, Scm horz from
edoe of fireplace top

AMWE gt -2 digital output from hac bini

Change Cal

The Change Cal button brings up a dialog to load, update or clear the calibration data files for the mic/meter
or soundcard or to select whether a C-weighted SPL meter was used for the measurement. Note that
changing the calibration data or C-weighted setting will clear any waterfall, decay or spectrogram plots that
have been generated as they would no longer show valid data. Other affected plots will be regenerated using
the new cal data.

|~/ Calibration Data for Sub, No EQ M=) %

Mic/Meter Calibration

File: | RADIOSHACK-33-2055_4050 cal Browse... | | Clear Cal |

 weighted SPL Meter

Soundcard Calibration

File: |Edirol.cal Erowse... || Clear Cal
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Impulse Responses

Interpreting impulse responses is an important part of acoustic analysis. An impulse response measurement can tell
us a great deal about a room and the way sound will be reproduced within it. It can show us what kinds of treatment
will be helpful and whether treatments have been correctly applied to achieve the best results. This page explains
impulse responses, the information that can be extracted from them and how REW can measure and analyse such
responses.

What is an impulse response?

Before we can get very far in interpreting an impulse response we need to understand what an impulse response is.
The impulse response is in essence a recording of what it would sound like in the room if you played an extremely
loud, extremely short click - something like the crack of a pistol shot. The reason for measuring the impulse
response (by more subtle means than firing a gun in the room) is that it completely characterises the behaviour of
the system consisting of the speaker(s) that were measured and the room they are in, at the point where the
measurement microphone is placed. An important property of an impulse, not intuitively obvious, is that it if you
break it up into individual sine waves you find that it contains all frequencies at the same amplitude. Strange but
true. This means that you can work out a system's frequency response by determining the frequency components
that make up its impulse response. REW does this by Fourier Transforming the impulse response, which in essence
breaks it up into its individual frequency components. The plot of the magnitude of each of those frequency
components is the system's frequency response.

When an impulse response is measured by means of a logarithmically swept sine wave, the room's linear response
is conveniently separated from its non-linear response. The portion of the response before the initial peak at time=0
is actually due to the system's distortion - looking closely, there are scaled down, horizontally compressed copies of
the main impulse response there - each of those copies is due to a distortion harmonic, first the 2nd harmonic, then
the third, then the fourth etc. as time gets more negative. The initial peak and its subsequent decay after time=0 is

the system's response without the distortion.
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In a perfect system of infinite bandwidth with totally absorbent boundaries, the impulse response would look like a
single spike at time 0 and nothing anywhere else - the closest you get to that is measuring the soundcard's loopback
response. In a real system, finite bandwidth spreads out the response (dramatically so when measuring a subwoofer
as its bandwidth is very limited). Reflections from the room's boundaries add to the initial response at times that
correspond to how much further they had to travel to reach the microphone - for example, if the microphone were 10
feet from the speaker and a sound reflection from a wall had to travel 15 feet to reach the microphone, that reflection
would contribute a spike (smeared out depending on the nature of the reflection) about 5 ms after the initial peak,
because sound takes about 5 ms to travel that extra 5 feet.

When measuring full range responses from loudspeakers (rather than subwoofer responses) the reflections are
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easier to spot as the higher bandwidth of the full range system keeps the spike of the impulse (and the reflections)
quite narrow, but you need to zoom in on the time axis to see them. They are easier to spot with a linear Y axis (set
to %FS instead of dBFS) and also show up more readily with the ETC smoothing set to 0.

Impulse Response Windows

After capturing a sweep, FFT processing is carried out to derive the system's impulse response and the
corresponding frequency response. There are controls to adjust the position and widths of left and right windows
that define the portion used to derive the frequency response, these controls may be accessed by pressing the "IR
Windows" button on the toolbar.

s

IR Wincowes
@RrRw. — 0O X
Artist 3+Q2070Si
Left: | Tukey 0.25 |*|
Right: | Tukey 0.25 |*]

Left Window (ms): | 125[3]
Window Ref Time (ms): | 0.0]
Right Window (ms): | 500}

Frequency Resolution: 1.60 Hz

Add frequency dependent window
(®) Width in cycles 15 ]

() Width in octaves 1208

: I_ Apply Windows J

| I_ Apply Windows To All J

l Apply Windows To All, Keep Ref Time J

The windows and the region of the impulse response they cover can be viewed on the Impulse graph by selecting
the "Window" and "Windowed" traces. The reference position for the windows is usually the impulse peak
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The default settings for the windows will usually be suitable. In smaller rooms it may be necessary to use a shorter
right-side window duration, around 300-500ms - if the frequency response plot appears noisy and jagged try
reducing the right window period and hit "Apply Windows" to recalculate the frequency response. In very large
rooms the window can be increased to improve the frequency resolution.

The frequency resolution corresponding to the current total window duration (left and right combined) is shown
above the Apply Windows button - the longer the duration, the higher the resolution. Alternative window shapes may
be selected independently for the left and right windows.

In addition to the left and right windows a frequency-dependent Gaussian window can be applied. This is a window
whose width varies inversely with frequency, getting progressively narrower as frequency increases. The width of
the window can be specified as a number of cycles or an octave fraction. If the width is in cycles then the width
(between the half amplitude points of the window) at any frequency will be the number of cycles times the period of
that frequency, for example a 15 cycle window will have a width at 1 kHz of 15 * (1/1000) = 0.015 s or 15 ms. The
corresponding octave fraction has an effect similar to applying a smoothing of the same octave fraction, except the
variable window excludes progressively more of the late arriving sound as frequency increases rather than just
averaging it out - this has similarities with the way the ear increasingly picks out the direct sound from the speaker at
higher frequencies.

If Add frequency dependent window is selected the frequency dependent window is applied after first applying the
selected left and right windows. The FDW is centred on the window reference time - for best results this should be at
the peak of the impulse.

Help Index
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Minimum Phase

In discussions of equalisation, and particularly equalisation applied to attempt to improve the acoustic response in a
room, "minimum phase" will often crop up - generally in the context of whether or not EQ can successfully be used to
address a response problem. So what is "minimum phase”, and why should we care?

There are rigourous mathematical and systems theory definitions of what constitutes a minimum phase system, but |
will not repeat them here. In the context of acoustic measurements a system which is minimum phase has two
important properties: it has the lowest time delay for signals passing through it and it can be inverted.

Minimum Phase and Time delay

The "lowest time delay" property refers to the amount the frequency components of a signal are delayed while
delivering the measured frequency (SPL) response. We can see the delay characteristics directly in the Group Delay
plot of the system. Given a measured frequency response we cannot tell from the SPL response alone whether what
we measured has this "minimum delay" characteristic. If there was a time delay in the overall system somewhere,
such as the time taken for sound to travel from the loudspeaker to the microphone, that delay would render the
system non-minimum phase (in the strictest sense of the term) but would not alter the SPL response we measured.

A time delay causes a phase shift that increases with frequency - for example, a delay of just 1ms results in a phase
shift of 36 degrees at 100Hz but 3,600 degrees at 10kHz, because 1ms is 1/10th of the 10ms period of a 100Hz
signal but is 10 times the 0.1ms period of a 10kHz signal, and each period is 360 degrees. The phase shift caused by
a time delay is linear with frequency, meaning the 1ms example would give 36 degrees of phase shift at 100Hz, and
twice that delay at twice the frequency or three times the delay at three times the frequency etc. If the frequency axis
is set to linear the phase plot of a time delay looks like a straight line droppping down as frequency increases - how
steeply it drops depends on how large the delay is.

Whilst constant time delays make it difficult to interpret the phase response, they can be removed from our
measurements and they do not cause any problems with applying EQ. However, just removing time delays (or their
effects) is not enough to make a system minimum phase, there is more to it than that.

Minimum Phase and Invertibility

Minimum phase systems can be inverted, which means that a filter can be designed that, if applied to the system,
would produce a flat response and correct the phase response at the same time. That is clearly a nice property to
find if we want to apply EQ. If we apply EQ to a system that is not minimum phase, or more particularly in a region
where it is not minimum phase, the EQ will not produce the results we would like. It may still be possible to achieve a
flat response, but correcting the phase response would elude us. It is simply not possible.

A simple example of something that renders a response non-minimum phase is reflections that are as large or larger
than the direct signal (reflections along paths that are different but the same length can combine to produce higher
levels, or a curved surface can focus a reflection). In the simple case of a reflection that is exactly the same
amplitude as the direct signal, we would find there were regularly spaced frequencies at which the reflection is 180
degrees out of phase with the direct sound. When those signals combine, the result is zero amplitude at those
frequencies (an extreme example of the comb filtering often seen in acoustic measurements). That zero level cannot
be restored to what it should have been by any amount of EQ, as the EQ affects the direct and reflected signals
equally so the signals still cancel. If a response has regions in it that are zero it cannot be inverted and it is not
minimum phase. If the reflection is larger than the direct sound the problem is equally tricky, as although we no
longer have a zero level we would end up with a situation where the corrections the EQ is applying would have to
keep getting larger to counter the ever larger reflection and we would quickly run out of headroom.

Identifying Minimum Phase Regions
Room responses are mixed phase, meaning there are some minimum phase regions and some regions that are not

minimum phase. The minimum phase regions tend to be at lower frequencies, but we cannot simply say a response
is minimum phase below some specific cutoff. It is not possible to identify minimum phase regions from looking at the
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wrapped phase response, especially if the measurement has any time delay. The unwrapped response gives some
more clues, plotted against a linear frequency axis, but often covers such a huge span that it is impractical to use.
Even if we remove any time delay in the measurement the phase response alone still doesn't let us easily identify the
minimum phase regions. There is a straightforward method, however. Here is a measurement of a sub+main speaker
in-room:

dB deg
a5 . 810
SPL & Phase, no smoothing
a0 T I T T 1720
a5 L GB30
80 240
75 450
70 360
65 1270
60 1180
a5 Lan
50 o
45 -390
40 180
5.0 -270
0 30 40 0 B0 70 80 100 200 300 400 500 &00 300 9994z

We might hazard a guess that this is largely minimum phase below the room's transition frequency, and non-
minimum phase above, but to avoid the guesswork we can look at group delay. The group delay plot shows us how
much each frequency is being delayed - mathematically, it is the slope of the unwrapped phase plot, so anywhere
that phase is dropping linearly corresponds to a constant group delay region (i.e. that region is delayed by a constant
time). Here is the group delay plot for the measurement:
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That gets us a bit closer, we can speculate that the places where there are particularly wild swings in group delay are
not minimum phase, but it still doesn't let us easily identify the minimum phase regions. To do that, we need to
compare the measurement with a system that has the same amplitude response but is minimum phase and look at
the measurement's excess group delay. The minimum phase response is generated by using the measurement
amplitude and calculating the corresponding minimum phase from it, using a mathematical relationship between the
two that holds for minimum phase systems. By looking at the difference between the measured and minimum phase
(the excess phase) and measuring the slope of that difference to find the excess group delay, we get this plot:
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Now we have something we can work with. Anywhere the excess group delay plot is flat is a minimum phase region
of the response. We can see there are regions even at very low frequencies where the response is not minimum
phase, between about 44 and 56Hz for example. These will usually correspond to regions where there are sharp dips
in the response, and underline the poor results which are often found when trying to lift such regions with EQ. Low
frequency peaks on the other hand are usually in minimum phase regions, the plot is fairly flat in the region of the
28Hz and 60Hz peaks, which bodes well for attempts to apply EQ to them. In general, the peaks in a response are a
result of features that are correctible through equalisation (speaking technically, they are due to the poles of the
response and the equaliser can place zeroes that cancel the poles).

There are regions at relatively high frequencies which are minimum phase, such as 300 to 500Hz, despite the wild
variations of the response in that area, so it would be possible to apply EQ there. However, we need to remember
that the measurement is only valid for the microphone location at which it was made, and as frequency increases the
response changes more rapidly as the microphone moves. EQ that looks good at the original measurement position
may give worse results at other positions, so it is important to check wherever listeners will be. Narrow bandwidth EQ
adjustments should not be used outside the modal range, the higher the frequency the broader the EQ adjustment
needs to be to stand any chance of being useful outside a very small region.

As an aside, the excess group delay plot also clearly shows there is a time offset between the subwoofer and the
main speaker, the sub being about 25ms delayed, which is not so obvious from the overall group delay plot. Excess
group delay is a useful plot for time aligning speakers.

A common cause of non-minimum phase behaviour in rooms

If minimum phase systems are cascaded (connected in series) the overall system remains minimum phase - the
individual transfer functions of the systems are multiplied together and this retains the minimum phase
characteristics. In terms of the paragraph about invertibility above, the minimum phase systems will not have zero
amplitude anywhere and multiplying non-zero values together will not generate a zero value. However, adding the
responses of minimum phase systems gives a result which is typically not minimum phase throughout its response. If
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there are any areas where the responses of the systems we are adding are equal in magnitude but opposite in
phase, their sum will be zero. Here we see the problem for room responses, because the room response we
measure is the summation of many different responses due to the sound radiating into the room and reflecting from
its surfaces. This also applies even at the lowest frequencies, as we can see in the following.

Axial modes in a rectangular room

To provide a simple example of how the summation of the signals in a room can make it non-minimum phase, even
at low frequencies, we can look at the behaviour of axial modes in a perfectly rectangular room. Such results are
easily simulated (in this case by REW's own simple modal simulation tool), giving us a well controlled set of
responses to study. For the responses below the room dimensions are 7.00 x 6.86 x 3.43m, giving length modes
every 24.5Hz, width modes every 25Hz and height modes every 50Hz. The source is against the front wall, 0.25m
from the left wall and 0.15m from the floor. The mic is 1.5m from the rear wall, 4.28m from the left wall and 1m from
the floor. The room surfaces have uniform absorption of 0.20 at all frequencies.

The first plots show the individual SPL and phase responses of each axis. All are perfectly minimum phase, so the
excess phase (the black line) is flat and remains at zero. A linear frequency axis is used to more easily see the modal
effects, which are linearly distributed in frequency.
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Now for the combined response, which shows the minimum phase in grey and the excess in black, followed by the
excess group delay plot:
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The response is no longer completely minimum phase anywhere in the span, as we can see from the excess phase,
but it deviates dramatically in the 70-120Hz region. At 110Hz, where there is a sharp dip in the response, there is a
sharp peak in the excess group delay. Attempting to EQ the response to flat in this region would be foolish. Regions
where the response is far from minimum phase would typically not give the results we might expect and they are best
left alone from an EQ perspective. Non-minimum phase regions are also likely to show greater variation with position
and to be more affected by changes within the room, as a change that affects any of the signals that sum to the
response in the minimum phase region can greatly alter the behaviour there. On the plus side, broadband acoustic
treatments in the room are effective regardless of the room's minimum or non-minimum phase behaviour.

Note that the predicted EQ results REW shows in its EQ window are obtained by applying the chosen filters to the
measured impulse response, and include the effects of non-minimum phase behaviour, so they accurately portray the
results that would be obtained at the point the measurement was taken.

Help Index
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Why Can't | Fix All my Acoustic Problems with EQ?

This topic deals with an important question: why isn't EQ enough to sort out acoustic problems? There are
plenty of products that claim to be able to correct room responses, so why would anyone need to bother with
acoustic treatments and bass traps and absorbers and all that stuff? Technology to the rescue, right?

Those are important questions, and understanding the answers to them can help a lot with better
understanding acoustics in general. There are a few places where the answer gets a little technical, but for
the most part the explanation is fairly easy to follow. Along the way to answering the questions above, we will
touch on the answers to two other questions:

Why does phase matter?

Why should I look at time domain signals instead of just frequency responses?

What does EQ do?

As a starting point we need to take a look at what an equaliser can do for us. The basic function of an
equaliser is to alter the frequency response. We can use it to try and make all the frequencies in the
response equal - the clue is definitely in the name there! Particular equalisers are sometimes described as
operating in the frequency domain, or operating in the time domain, or operating in both. In fact all
equalisers, without exception, operate in the time and frequency domains and have effects in both.

What are the limits of applying EQ?

Location, location, location

Before we start adjusting an EQ to alter the frequency response, we need to see a response to adjust, so we
need to make a measurement. This brings up the first limitation. The measurement is made at a single
position, and the frequency response of that measurement is only valid at that position, moving the mic
elsewhere and making another measurement will produce a different frequency response. It may be a little
different, or it may be (and usually is) a lot different. The changes made by an equaliser in the path to the
speaker are the same no matter where we are in the room, so since the response is changing in different
positions and the EQ isn't, it stands to reason that the EQ is only going to be good in places where the
frequency response is the same as the one we used when setting the EQ.

Reading some of the advertising blurb for EQ products you could be forgiven for thinking that some clever
guys somewhere have figured out a way around this. They haven't. The best you can do is to look at the
frequency responses measured at many positions in the area where you need the correction to work, figure
out which bits of them are sufficiently common, and come up with a compromise EQ setting that helps
somewhat in most places and doesn't do too much harm elsewhere. It can help, but it is no magic bullet.

What if | only listen in one spot?

So if the EQ is only good for one position, and | only sit in one position, what's the problem? The problem is
very small movements make big differences. At high frequencies the wavelength of sound is very short. At
20kHz it is just 17mm, about 5/8". The frequency response varies dramatically at high frequencies over very
short distances, so even if you only sit in one spot, and sit very still, the best you could hope for is an EQ
setting that would work up to a few kHz. For a more reasonable range of motion a few hundred Hz is more
likely.
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Resolution

So we are prepared to make some compromises. One sweet spot will do, and fixing the response up to a
few hundred Hz would actually help a lot, it's usually all over the place down low. So let's break out the EQ
and start adjusting. The next problem we run into is the adjustments don't seem to be working right. Say the
frequency response shows a 6dB dip at 100Hz. We put in 6bB of boost there and tweak the width so it
matches the dip we saw. But the frequency response hardly moved, especially in the middle of the dip.
What's going on? The problem is probably with the resolution of the measurement. If you have used a 1/3
octave RTA, for example, to measure the response, the bar at 100Hz actually spans the range from about
89Hz to 112Hz. That 6dB dip is probably due to a much deeper but very narrow dip within that 23Hz span.
You have to make a high resolution measurement to see what is going on, an RTA isn't going to cut it for this
work.

Headroom

The RTA has left the scene and we are making high resolution measurements. And they look awful. There
are big peaks and some huge, narrow dips. The 6dB dip we saw at 100Hz actually turns out to be a 17dB dip
at 98Hz. Never mind, the EQ allows up to 24dB gain. But listening with the fix in place reveals massive
distortion. We have run right out of headroom, with clipping all over the place. Even after playing around with
the levels to get rid of the clipping the result even slightly out of the sweet spot is much, much worse. Sharp
dips in the response are very sensitive to position, even at very low frequencies. The sensitivity to position
and the headroom problems mean we cannot do anything about them with EQ. The best we can do is deal
with the broad, shallow dips and work on the peaks.

Minimum phase and all that

We know most of the limitations of the equaliser now. We moved things around a bit and used a few
absorbers and got rid of the worst of the dips. After a lot of painstaking tweaking of the EQ the frequency
response is actually pretty flat. But it still sounds awful. So now what is going on?

The next few paragraphs get a little more technical, but it is worth sticking with it. Equalisers are, with a few
exceptions, minimum phase devices (some are linear phase, but that doesn't help with the problem facing
us). When we make an adjustment to the frequency response on the EQ, we also change the phase
response, an often ignored part of the measurement we made. We need to take a short diversion to look at
why we should care about the phase.

Why does phase matter?

Measurement software measures the Transfer Function of the system it is hooked up to. The transfer
function has two parts, the familiar frequency response, and the phase response. Systems can have the
same frequency response but actually have totally different effects on signals passed through them - the
difference lies in their phase responses. As a simple example of how big a difference phase can make,
consider the results from measuring two very different signals: an impulse and a period of periodic noise.
Both of these signals have perfectly flat frequency responses, looking at the frequency responses we could
not tell them apart. The time signals obviously look completely different, so what happened to that difference
when the signal went through an FFT to make the frequency response? It is all in the phase responses. The
impulse has zero phase at all frequencies. The periodic noise has random phase. Just as looking at
frequency response alone cannot tell us what a signal looks like, looking at the frequency response of a
transfer function alone cannot tell us what the system does to signals that pass through it, we have to look at
the phase response as well.

So the answer to why our system, with its nicely flattened frequency response, still doesn't sound right lies in
the phase response. Room responses are, for the most part, not minimum phase. The technical explanation
of that probably would not help with our understanding of the problem we are faced with, but the outcome is
this: we can do almost what we like with the frequency response (within the limits we have discussed
already) but the phase response is beyond the reach of our EQ. Anything we do in the EQ's frequency
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response adjustments will have a corresponding effect in the phase response, and while the frequency
response adjustment we make can be equal and opposite to the room's frequency response, the same is not
true of the phase. That is what it means for the room not to be minimum phase, it has done things to the
phase of the signal that we cannot mirror in our EQ. Fixing the frequency response but not the phase
response means we cannot make the time signal look like it did before the room got hold of it, however much
time we spend fiddling with the EQ. We have hit the limit.

The value of looking at time signals

That brings us to another item | said we would touch on, the value of looking at time signals and not just at
frequency responses. The frequency response is only half of the description of what the system is doing to
signals that pass through it, the phase response is the other half. Trying to understand systems by looking at
the frequency response alone is like trying to understand a book by reading only the even numbered pages.
To really understand you need to look at both. That is a bit problematic, however. The frequency response is
fairly easy to understand, but the phase response doesn't give up its secrets quite so easily. To properly use
it we end up looking at various quantities derived from it, such as group delay or phase delay. It gets
complicated. But there is an alternative.

The systems we measure can be described in two ways: in the frequency domain by their transfer function
(frequency and phase responses) or in the time domain by their impulse response. They are two views of the
same system, the transfer function is the FFT of the impulse response and the impulse response is the
inverse FFT of the transfer function. To study how the system behaves and what it does to signals, we can
look at both. The impulse response has the benefit that it captures all the information in one signal, which
puts it one up on the transfer function, though it is not as immediately intuitive as a frequency response. It
readily gives up information that is less easily spotted in the transfer function though, such as early
reflections or the slow decays of room modes. It is well worth taking some time to become familiar with the
impulse response and some of the quantities derived from it, such as the impulse response envelope (aka
ETC).

Does EQ help or not?

Given all the limitations we have uncovered, and with the problem of non-minimum phase on top, we might
wonder whether the equaliser is any good to us. All is not lost, however. The non-minimum phase behaviour
of the room is connected to the dips in the response. It means we are even less able to deal with them, but
there wasn't a lot we could do about them anyway, so we are really not much worse off. On the plus side, the
peaks of the response are caused by features that lie firmly in the region our minimum phase equaliser can
handle. We can use the equaliser to help tame the peaks, and the lower down they occur, the better the
results we are likely to get - a nice complement to our acoustic treatments, since they start to struggle (or we
start to struggle with the size of them!) at low frequencies. EQ is a useful tool to keep handy when trying to
fix our acoustical problems, but it can only ever be a small part of the solution.

Help Index
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SPL Meter

The SPL Meter is an integrating, logging sound level meter that displays sound pressure level, equivalent
sound level or sound exposure level based on the RMS level of the input channel. It offers A, C and Z
weightings, fast or slow exponential filters, a high pass filter to suppress wind noise, and records minimum,
maximum and unweighted peak levels.

The meter takes into account both the soundcard and microphone calibration files and corrects its readings
accordingly, allowing IEC class 0 performance when used with a calibrated microphone and SPL calibrator.
Note that the maximum boost resulting from the calibration files can be limited by a setting in the Analysis
Preferences to prevent excessive boosting of the noise floor. Data recorded by the meter can be logged,
graphed and saved to a text file.
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The meter displays either sound pressure level (SPL), time-average equivalent sound level (Lgg) or sound
exposure level (Lg) according to the selection made on the buttons below the display. The SPL reading is
filtered with either a "Fast" (125ms) or "Slow" (1s) time constant, selected via the F/S buttons. For general
use the "Slow" setting is best. When the HP button is pressed a high pass filter is applied that eliminates
content below approximately 8Hz.
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Meter Weighting

SPL measurements use weighting curves to shape the signal they receive and emphasise those regions that
are of interest for certain requirements. The A and C-weighting curves are shown in the figure below.
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C-weighting gives the broadest response (apart from the "Flat", "Zero" or "Z" weighting), with -3dB points at
31.5Hz and 8kHz. A-weighting has a much more pronounced low frequency roll-off. It is modelled on the
sensitivity of the ear to low level sounds (about 40dB SPL). A-weighting has the same high frequency roll-off
shape as C, but the curves do not align at high frequencies because they are adjusted to both have zero
gain at 1kHz, which shifts the A-weighting curve up relative to C-weighting.

Meter Display

The meter display shows the currently selected measure, the level and an overload ("OVER") indicator which
is lit if the soundcard input range is exceeded. The OVER indicator can be reset by clicking in the display
area or using the Reset All button. When SPL is selected the display shows dB, the selected weighting in
brackets (A, C or Z) and either F for Fast or S for Slow. When measuring equivalent sound level it shows
LAeq, LCeq or LZeq according to the selected weighting. SEL is displayed when measuring sound exposure
level. The time over which the equivalent sound level or sound exposure level figures have been calculated
is shown in the Elapsed Time display at the bottom of the meter. Note that equivalent sound level is useful
for making measurements of subwoofer levels using your processor or receiver's internal calibration signal,
usually difficult due to the large fluctuations of the level. Equivalent sound level displays a result averaged
over the time since Reset All was last pressed; simply start the test signal, press Reset All and wait for the
reading to stabilise to get a precise level.

dB(C) S

.

.

L] E

The SPL meter window can be resized as required, the main SPL display digits automatically scale to suit
the available space. The meter can also be set to full screen.
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Below the main row of controls a level meter shows the current soundcard input level in dBFS, the peak is
shown by the red bar while the numeric indicator and the coloured bar show the rms level.

dB F& -19.5 Input

Below the soundcard level meter is a MinMax button to display min, max and peak values in the SPL display
and a Reset All button to reset the elapsed time, min, max and peak values, equivalent sound level, sound
exposure level and the overload indicator. The Calibrate button starts the meter calibration process, whilst
the record button turns the meter on or off. When MinMax is selected the values are displayed alongside the
main reading.

dB{C} S

Meter Input Selection
The soundcard input channel which is measured is selected in the Soundcard Preferences. Setting the audio

input is described in Getting Started.

Calibrating the SPL Reading
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Valid readings are not displayed until SPL Calibration has been carried out. The SPL reading may be
calibrated against an external SPL meter or SPL calibrator by pressing the Calibrate button. The text on the
button and the SPL meter digits are red if the meter has not been calibrated. If the soundcard input is altered
in the REW soundcard preferences, or if the input levels are altered, it will be necessary to re-calibrate the
SPL meter reading.

SPL Data Logging

The Logger button opens the SPL Logger graph window. The record button in the top right corner of the
SPL Logger graph starts or stops logging of SPL values. When logging is in progress the SPL meter on/off,
calibrate, weighting, filter time constant and high pass filter buttons are disabled. The logger records the SPL
(with the currently selected weighting and time constant), the minimum and maximum values, the
unweighted and uncalibrated peak value, the equivalent sound level and the sound exposure level. A Save
button above the SPL Logger graph allows the data recorded to be saved to a text file using the text delimiter
set in the REW FEile menu, log files can be loaded using the Open button.

SPL Logger Controls

The control panel for the SPL logger graph has these controls:

Show times as time of day
Log to file using date as filename

If Show times as time of day is selected the time axis shows the time of day of the logged data, otherwise it
shows the elapsed time since logging started. Selecting Log to file using date as filename saves logged
data to files in the REW logs directory automatically whenever the logger is running (the directory location is
shown in the About REW dialog box). Filenames are formatted as SPL-YYYY-MMM-dd.txt, e.g. SPL-2016-
Apr-24.txt. If a file for a day already exists a number will be appended, e.g. SPL-2016-Apr-24-1.txt, SPL-
2016-Apr-24-2.txt etc. A new file is created if the logging continues past midnight, with the new date. Note
that the files can become very large if logging continues for a long period, growing at about 18 kB per
minute. If the option to log to files is selected remember to check the REW log directory to remove files you
no longer need.

The format of the logged data is shown below, in this example the text delimiter is comma and the SPL
meter was set to Z weighting.

SPL log data saved by REW Vv5.19

Note: includes Leq over last minute and last 10 minutes
Soundcard cal:

Mic/meter cal:

SPL cal offset: 104.85347938537598 dB

High Pass Filter: Off

Date: 16-Jul-2018 17:43:10

Start: 1531762990157

Log length: 7061 entries over 1311.6s

Log interval: 0.18575963718820862 seconds

Time[s], LZS, LZSMin, LZSMax, LZpeak, LZeq, LZE, LZeqglm, LZeqlOm

0.186, 84.7, 84.7, 84.7, 95.1, 84.6, 77.3, 84.6, 84.6, 17:43:10.186
0.372, 84.7, 84.6, 84.7, 96.1, 84.7, 80.4, 84.7, 84.7, 17:43:10.372
0.557, 84.6, 84.6, 84.7, 96.1, 84.5, 82.0, 84.5, 84.5, 17:43:10.557
0.743, 84.7, 84.5, 84.7, 96.1, 84.6, 83.3, 84.6, 84.6, 17:43:10.743
0.929, 84.7, 84.5, 84.7, 96.1, 84.6, 84.3, 84.6, 84.6, 17:43:10.929
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Signal Generator
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The Signal Generator can produce signals of the following types:

e Sine Waves
o Optionally including harmonic distortion

e Square Waves
o Variable duty cycle

e Dual Tone
o SMPTE, DIN, CCIF and Custom

e CEA-2010 Burst
o 6.5 cycle Hann-windowed tone burst
o Looping to repeat the burst

e Tone Burst
o  Rectangular windowed tone burst of 0.5 to 100 cycles
o Looping to repeat the burst

e Pink Noise
o  Full range (spectrum to below 10 Hz)
o  Speaker Calibration
o  Subwoofer Calibration
o  Custom filtered
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e Pink & White Periodic Noise
o  Full range (spectrum to below 10 Hz)
o Length to suit RTA FFT length

e Sine Sweeps
o Linear

o  Logarithmic
o  Changing frequency and/or level
o Looping to repeat the sweep

e Measurement Sweep
o  REW's logarithmic measurement sweep

RMS Signal Level

The RMS signal level can be set for any of the signal types with 0.1 dB resolution relative to digital full scale.
The arrow buttons on the RMS Level spinner change the value in steps of 1dB, or any required value can be
typed directly into the level box.

AMS Level dB FS

-20.0>

Saving signals to WAV files

The Save button generates a stereo wave file containing the selected signal in both channels. The file
duration is approximately 1 minute for sine, square, dual tone, CEA-2010 burst (if repeat selected), tone
burst (if repeat selected), pink noise and Pink/White PN signals. If repeat is not selected for the CEA-2010
and tone burst their duration is at least twice the duration of the burst and has a number of samples that is a
power of two. The sweep signal durations are per the settings for the signal. Signal level is per the RMS
Level setting of the signal generator. The signal sample rate is the same as the current soundcard sample
rate. To save a measurement sweep it is best to go through the process of making a measurement with the
desired sweep settings first, that ensures the generator is configured correctly for REW's subsequent
analysis. Note that the measurement sweep may change between REW versions so always use a sweep
generated with the REW version being used for analysis of the captured response.

7|

WAL

Output

Setting the audio output device is described in Getting Started. The output on the chosen device can be
selected in the signal generator. When using Java drivers the signal can also be generated on either or both
channels of the output if it is stereo.

Protections
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(V] Apply SPLGimit  Limit (dB) 100 E

E] Stop if excessive input clipping detected

There are two protection mechanisms for the signal generator, aimed at avoiding excessive levels being
generated. If Apply SPL Limit is selected the generator will be stopped if the input SPL exceeds the figure
set in the Limit (dB) spinner. If Stop if excessive input clipping occurs is selected the generator will stop
if more than 30% of the samples in an input signal block are above the clipping threshold. Note that the
REW input must be running for these mechanisms to function, which means the SPL meter, level meters or
RTA must be active.

Sine Wave

| £ Generator — x

RMS Level dBFS T

Sine Wave = -20.0= Wﬂ

>]

- * | |LINE_OUT ¥ | | Leit -

Frequency Hz
[T tosk fremgueneyio BET (/] add dither to output 16 bits ﬂ '
Ll Freguency tracks cursor | | Add harmonic distortion

(] Apply SPLEmit  Limit (dB) | 100 =

E] Stop if excessive input clipping detected

Sine waves can be generated with frequencies between 1.0 Hz and half the soundcard sample rate, e.g. 24
kHz for a soundcard operating at 48 kHz. The frequency is controlled by entering a value in the Frequency
box, or using the arrow buttons to increment or decrement the value in steps of 0.5 Hz for frequencies below
200 Hz and steps of 1 Hz thereatfter. If the option to lock the frequency to FFT bins has been selected the
actual frequency that has been generated is shown at the bottom right corner of the frequency display when
the generator is running as it will typically differ slightly from the entered frequency.

The RMS level can range from -90 to -3.0 dBFS (-3.0 dBFS is the maximum RMS level for a sine wave
before clipping, unless the View preference Full scale sine rms is 0 dBFS has been selected, in which case
the maximum is 0 dBFS).

Lock frequency to FFT

When the "Lock frequency to FFT" box is checked the generator output frequency is locked to the nearest
FFT bin centre for the current RTA FFT length (meaning the signal is periodic within the FFT length). This
allows a rectangular FFT window to be used for maximum spectral resolution of the RTA plot. The exact
frequency that has been generated is shown at the bottom right corner of the frequency display when the
generator is running.
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1,000.

Frequency Hz Actual: 1,001.3

Frequency Tracks Cursor

The frequency can also be controlled via the graph cursor by checking the "Frequency tracks cursor" box.
When this box is checked the signal generator frequency is linked to the position of the graph cursor and will
change to follow the cursor frequency as it is moved - the changes are smooth with no phase discontinuities.

Add harmonic distortion

When the "add harmonic distortion" box is checked a window is displayed allowing control over the levels
and phases of harmonics from the 2nd to the 9th. Each harmonic can be enabled or disabled using the
check box. The levels are adjusted in dB relative to the level of the fundamental, with the equivalent
percentage value shown in a label alongside. Above the controls is a display of the maximum signal level
that can be used with the current distortion settings without clipping the output. Note that only harmonics that
fall within the range supported by the current sample rate are generated.

[£| Distartion Controls e

Max level before clipping: -4.4 dB FS (approx)
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Add dither to output

When the "Add dither to output" box is selected the generator adds 2 Isb pk-pk triangular dither to the output
to remove quantisation noise spikes. The level at which the dither is added is controlled by the sample width
selector to the right of the check box. N.B. When using the Java drivers audio data is usually limited to
16 bit precision. Dither is beneficial if making very precise distortion measurements of an electronic device
such as a receiver, processor or equaliser. It is usually not required when making acoustic measurements as
the quantisation artefacts it removes are far below the acoustic noise floor. The Graphs below show the
effect of the dither option during a loopback test of a soundcard playing a 1 kHz tone at -6 dBFS. The first
plot is without dither, the second plot is with dither. Addition of dither cleans up much of the noise that was
apparent below -120 dBFS, especially at high frequencies, making the true harmonic distortion levels more
visible.
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Square Wave

| £ Generator = >

>
1000.0. 7. .

LINE_OUT Left

RMS Level dBFS

Square Wave |~ 20.0

4
WA

Frequency Hz

Duty Cycle (%}):

(] Apply SPLimit  Limit (dB) E
|| Stop if excessive input clipping detected
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The square wave generator allows duty cycles between 1% and 99% in 1% steps. The frequency that is
generated is adjusted to ensure there is an even number of samples in the period, so that the spectrum of a
50% duty cycle square wave will only have odd harmonics. The actual frequency that has been generated is
shown at the bottom right corner of the frequency display when the generator is running, at higher
frequencies this can be significantly different to the frequency that was entered.

Dual Tone
| £ Generator — ot
RMS Level dBFS .
Dual Tone ks 20.0 > 4 &
=£U.U [ _| | way

@) SMPTE 60 Hz & 7 kHz 4:1

U < < Output

I.L|_-,..li:l'lr'IZEIZPHI&BIl\i‘l'lzli:“l LINE_OUT ¥ | | Left -
L:,} CCIF 19 kHz & 20 kHz 1:1
| i) Custom [z] Add dither to output 16 bitz =

| B [ES
|:E| (/] Apply SPLlimit  Limit (dB) 1un

E] Stop if excessive input clipping detected

The dual tone generator is to facilitate intermodulation distortion measurements. It has presets for SMPTE,
DIN and CCIF signals and allows custom signals to be generated with ratios of 1:1 or 4:1. Note that for valid
IMD results with custom signals f2 must be higher than f1. The level of f1 is the signal generator rms level,
the level of f2 is according to the signal ratio. Note that this means clipping occurs at levels above -9 dBFS
for 1.1 signals or -6 dBFS for 4:1 signals.

CEA-2010 Burst
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I | £ Generator — ot
|

RMS Level dBFS

CEA-2010 Burst |~ 20.0~

alln

.
5 0 0 N DUtDUt
- * | |LINE_OUT - | |Left -

Frequency Hz
[ Previous 1/3rd octave frequency J D Repeat the burst
l Mext 1/3rd octave frequency J
[;_’] Apply SPL limit Limit (dB} 100 E

@ Stop if excessive input clipping detected

The CEA-2010 Burst generator produces a 6.5 cycle, Hann-windowed tone burst at the selected frequency.
This signal is used for testing the maximum power output of subwoofers by using an RTA in Spectrum mode
to observe the levels of the distortion components produced when the signal is playing, usually testing at 63,
50, 40, 31.5, 25 and 20 Hz. The limits for the distortion components are shown in the table below, where fg is
the test signal frequency.

|Start Freq (Hz)”End Freq (Hz)||Limit (dB)H Comment |
| 16 || 1.59*g || 0 H Fundamental |
| 159y || 25249 |[-10(32%)|  2nd harmonic |
| 252 | 3785 |-15(18%)|  3rd harmonic |
| 3784y || 5619 |[-20 (10%) | 4th and 5th harmonic |
| 5617y || 8507 ||-30(3.2%)| 6th - 8th harmonic |
| 8.50%*fg || 10k || -40 (1%) HHigher order harmonics|

If the Repeat the burst checkbox is selected the burst will be repeated at intervals of not less than 1 second
(the actual interval is chosen to align with the RTA block length). The Previous 1/3rd octave frequency and
Next 1/3rd octave frequency move the generator to a 1/3rd octave centre frequency.

The highest level of the fundamental for which none of the harmonic limits are exceeded is the maximum
output level at that test frequency. The reference level for the limits is the maximum level within 3 Hz of the
test frequency. When the CEA burst signal is playing the RTA shows the limits and the peak level at the test
frequency as an overlay, provided the RTA is in Spectrum mode and the frequency of the burst is not more
than 1,176 Hz. The peak level is shown in red if the limits are exceeded.
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Signal Generator

If the RTA data from a CEA-2010 signal is saved as a measurement the peak level and limits overlay will be
shown on the SPL & Phase graph and the CEA-2010 test frequency and peak level figure will be recorded in
the measurement notes.

The recommended RTA settings for 44.1 kHz or 48 kHz sample rate are:

Spectrum |"| |:| Uze Bars on Spectrum

Smooth 112 |v| [] Uze Bars on RTA

B5536 |v| [ ] Adjust RTA Levels

hocle: |
Smoothing: |
FFTLength. |
Averages: | Mone | - |
Wincowy: | Rectangular | - |
M Owverlag | 93.75% | = |
Updlate Interval:| 1 |v|

For 88.2 kHz or 96 kHz use FFT length of 131,072. Refer to the CEA-2010 standard for details of the
measurement procedure, or search for guides on the Internet.

Tone Burst
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Tone Burst = 20.0 > - ‘ [ |
= || AN
F Y
100.0. =
- ¥ | | SPEAKER w||L+R b
Frequency Hz
[ Previous 1/3rd octave frequency ] Cycles: E
[ Mext 1/3rd octave frequency ] [;_’] Repeat the burst

|| Apply SPL limit

(] Stop if excessive input clipping detected

[l

Signal Generator

The Tone Burst generator produces a rectangular-windowed tone burst of the selected number of cycles at

the selected frequency.

If the Repeat the burst checkbox is selected the burst will be repeated at intervals of not less than 1 second
(the actual interval is chosen to align with the RTA block length). The Previous 1/3rd octave frequency and

Next 1/3rd octave frequency move the generator to a 1/3rd octave centre frequency.

Pink Noise

@ Generator

RMS Level dBFS

. i o —| @
Pink Noise 2002 | wav | | P
() Sub Cal i
(_J Speaker Cal LINE_OUT | |Left -
@ Full range
IC_]I Custom

| |

H (] Appty SPL limit

|| Stop if excessive input clipping detected

@ [ ool

The Pink Noise generator uses white noise filtered through a -10 dB/decade filter generated from a weighted
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sum of a series of first order filters, as devised by Paul Kellet circa 1999. Stated accuracy is within 0.05 dB
above 9.2 Hz at 44.1 kHz sample rate.

The Full Range option outputs the filtered noise directly, giving the widest bandwidth and the greatest low
frequency content. The Speaker Calibration option applies 2nd order (40 dB/decade, 12 dB/octave) filters at
500 Hz and 2 kHz, producing a signal with its energy centred on 1 kHz. Subwoofer Calibration applies filters
at 30 Hz and 80 Hz. Both are broadly in line with the THX test signal recommendations. Custom Filtered
allows low and/or high cut filter frequencies to be set arbitrarily, subject to a minimum bandwidth of 1 octave.

REW automatically adjusts the signal levels for the various options and filter settings so that the RMS values
reflect the setting in RMS Level. Note that as Pink Noise has random variations some clipping of peaks will
occur at RMS levels above approximately -10 dBFS.

Pink and White Periodic Noise

[|£:| Generator — >

RMS Level dBFS K . !
i w Fs

e 200|8 l > J

) Sub Cal Output
\_J Speaker Cal LINE_OUT | | Left "‘

@,.'J Full range

) Custom Seguence Length: !ﬁEE—% |V|
|—|| |—| (V] Apply SPLGmit  Limit (d8) | =

E| Stop if excessive input clipping detected

Periodic Noise (PN) sequences are ideally suited for use with spectrum and real time analysers (RTA'S).
They contain every frequency the analyser can resolve in a sequence length that matches the length of the
analyser's FFT. Their great benefit is that they produce the desired spectrum shape without requiring any
averaging or windowing, so the analyser display reacts much more rapidly to changes in the system than it
would if testing with pink or white random noise, making them ideal for live adjustment of EQ filters. The PN
sequences REW generates are optimised to have a crest factor (ratio of peak level to rms level) that does
not exceed 6 dB for full range sequences, narrower sequences should have crest factors less than 6.5 dB.
Use Pink PN when measuring with an RTA or White PN with a Spectrum analyser.

The Sequence Length control must be set the same as the length of the FFT used by the analyser. If it is
shorter than the analyser FFT there will be notches in the analyser display, as the periodic noise will not
contain some of the frequencies the analyser is looking for. If it is set longer the extra frequencies will give a
noisy display requiring more averaging. When using the REW RTA the sequence length is automatically set
the same as the FFT length.

The images below show the effect of correct and incorrect settings of the PN length for a loopback
measurement with 1/48 octave RTA that is using an FFT length of 65536 (64Kk).

Length 32768, shorter than FFT
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The Full Range option generates noise over a span from 10 Hz (Pink) or the lowest frequency for the
selected FFT length (White) to half the sample rate, giving the widest bandwidth and the greatest low
frequency content. The Speaker Calibration option generates noise from 500 Hz to 2 kHz, producing a signal
with its energy centred on 1 kHz. Subwoofer Calibration generates noise from 30 Hz to 80 Hz. Custom
Filtered allows low and/or high cut frequencies to be set arbitrarily, subject to a minimum bandwidth of 1
octave. In all cases frequencies outside the selected range are suppressed to the extent the soundcard
permits (very sharp roll-offs).

REW automatically adjusts the signal levels for the various options and filter settings so that the RMS values
reflect the setting in RMS Level. Clipping of peaks will occur at RMS levels of -6 dBFS or above.

The Save button generates a 16-bit stereo wave file containing the PN sequence in both channels. The file
duration is approximately 1 minute, the level is per the RMS Level setting of the signal generator. This file
can be used to generate a test disc to be played on a system whose response is to be measured. Make sure
that the current soundcard sample rate corresponds with the format of the disc to be made - for example,
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44.1kHz should be used if generating a CD, or 48kHz for a DVD. When measuring the system the sample
rate and FFT length must be the same as used for the test disc.

4

AN

Linear Sweep, Log Sweep

@ Generator — -
RMS Level dBFS a2
Log Swee hs 2 &
g P WAY
il
| Output
¥ | |LINE_OUT v | |Left -
Frequency Hz
Freg Hz Level dBFS [:I Loop Durn (8} 10.0 E
Start: | 0= | 90k
End | 24,000 | | -9.u|%| (] Apply SPLmit  Limit (dB) E
(] Stop if excessive input clipping detected

The Signal Generator can produce sweeps with configurable start frequency/ level, end frequency/level,
duration and linear or logarithmic progression. Sweep duration can be up to 60 seconds. If the "Loop" box is
checked the sweep will repeat continuously. The sweeps have a 10 ms raised cosine fade in and fade out.

Measurement Sweep
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The Measurement Sweep signal is used by REW when measuring system response. It consists of a
logarithmic sweep from the start frequency to the end frequency. The sweep duration is set using the Length
control. If the start frequency is below 20Hz the signal begins with a linear sweep from DC to 10Hz, followed
by a logarithmic sweep from there to the end frequency. This signal is selected automatically to make sweep
measurements. Measurement sweeps can be saved to WAV files to use for offline measurement. Note that
the measurement sweep may change between REW versions so always use a sweep generated with the
REW version being used for analysis of the captured response.

Help Index
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Level Meters

The Level meters show the RMS level as a coloured bar and a numeric value at the bottom of the meter and
the peak value as a red line and a numeric value at the top of the meter. Levels are in dB below Full Scale.

If the signal generator is playing a sine wave the lower panel shows the gain and phase of the measurement
input relative to the reference input at the signal generator frequency, this may be useful for checking inter-
channel gain and phase if both channels are fed the same signal.

[£) Levels = O >

In to Ref gain 0.0

Into Ref phase 0.1

Page 86 of 249



REW V5.19 Help Graph Panel

Graph Panel

The graph panel shows plots for the currently selected measurement. The plots are selected via the buttons
at the top of the graph area.

SPL & F‘hase] All SPL & Impedance | Distartion | Impulse | Fitered IR | GD | RTEO | Decay |Waterfall | Spectrogram | Scnpe]

The various graph types are:
SPL and Phase

All SPL

Distortion

Impulse
Filtered IR

Group Delay
RT60

Clarity

Spectral Decay
Waterfall

Spectrogram
OscilloScope

Options that affect the appearance of the traces can be found in the View Preferences.

Each trace can be turned on or off via the selection buttons to the left of the trace name in the legend panel.
Trace names are in the same colour as the trace itself, whilst the line style for the trace is shown between
the label and the trace's value at the current cursor position. If a trace has smoothing applied the octave
fraction is shown (1/12th octave in the example below).

Taphod 1/ 4g 81108 1748
Min phase 1/48 _E5deq Excess phase 140 158deq
Miceter Cal —_— -5 606 Sounccard Cal  ==eee- -01dE

Capture Graph Image Button

L

Capture
This button at the top left corner of the graph area allows the current graph view to be saved as an image. A
dialog pops up to set the desired width of the image (click Default to set the image to be the same width as
the graph). If the "Include Title" box is checked the graph type will be shown at the top of the graph. If the
graph has data that can have smoothing applied to it the amount of smoothing (if any) will be shown at the
top of the graph, alongside the title (if selected). If the "Include Legend" box is checked the image includes
the graph legend. "Include Cursor" shows the cursor lines and values on the captured image. "Use IEC 263
25 dB/decade aspect ratio” is only applicable for graphs that have a horizontal logarithmic frequency axis
and a vertical dB axis. It adjusts the vertical size of the captured graph image so that one decade on the
frequency axis (e.g. 20 to 200 Hz) has the same length as a 25 dB span on the dB axis. This ensures a
consistent visual appearance of frequency response data and helps avoid graphs that may seem unduly flat
or have response slopes that appear shallower or steeper than they are. Text typed into the box that shows
"Type any additional text here" will appear on the graph image near the top of the graph, beneath the title
and/or smoothing settings. The graph will be saved as either JPEG or PNG according to the type selected.
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| Save graph image X |
Image width: | 1,zuu|%| [Defaurt (1UU1JJ
(] include Title () JPEG image
E] Include Legend @J PMG image

[z] Include Cursor
E] Use [EC253 25 dB/decade aspect ratio

|_Z pe any additional text here |

. QK . Cancel |

Scrollbars Button

-
=]
-

4 H F

Scrollbars

The Scrollbars button toggles scrollbars for the graph area on/off, hiding the scrollbars provides more room
for the graph. The setting is remembered for the next startup. If the scrollbars are off, the graph can still be
moved by holding down the right mouse button while in the graph area.

Frequency Axis Button

Freg. Axis

The Freq Axis button toggles the frequency axis between logarithmic and linear modes. This function is also
available via a command in the Graph menu and the associated shortcut keys.

Graph Limits Button

Limit=
The Graph Limits button allows desired top, left, bottom and right graph limits to be defined. A dialog pops up

in which the values are entered, they are applied as they are entered or by clicking the Apply Settings
button.

, .
Set Graph Axis Limits
Top
Lett 1050 % 72002 Right
1502 | Apply Settings | 20002
4502 270,02
Eottom

Graph Controls Button
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o
Controlz

The Graph Controls button brings up a menu of control options for the currently selected graph type, if there
are any.

Horizontal Axis Zoom Buttons

&% N

The horizontal axis zoom buttons appear when the mouse pointer is inside the graph area, they zoom in or
out by a factor of approximately 2 centred around the cursor position. You can also zoom with the keyboard.

Vertical Axis Zoom Buttons

o
- "

The vertical axis zoom buttons appear when the mouse pointer is inside the graph area, they zoom in and
out on the Y axis. You can also zoom with the keyboard.

Variable Zoom

REW provides a variable graphical zoom capability by either pressing and holding the middle mouse button,
or pressing the right button then, while the right button is held down, pressing and holding the left button and
dragging the pointer.

When variable zoom is active a cross is displayed, split into quadrants allowing horizontal and/or vertical
zooming in our out depending on the mouse position. The amount of zoom is governed by how far the
mouse pointer is dragged from the start position.

Zoom in Jimpl'rtude

Zoom in freg

Zoom out freg——-

Zoam out jamplitude

Zoom to Area

When the Ctrl key is pressed followed by the right mouse button a zoom box can be drawn by dragging the
mouse. Note that on a Mac it may be necessary to press both the Ctrl and fn keys, or to hold down Ctrl and
drag two fingers on the trackpad. Measurement cursors are shown on the outside of the box, to zoom to the
shaded area click within it. If the shaded area is too small to zoom in to a message will indicate which
dimension is too small for zooming and what the limit is to allow zoom.
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-29 206

Click in shaded area to zoom

Zoom with Keyboard

To zoom in on the horizontal axis press Shift+x, to zoom out press X. To zoom in on the vertical axis press
Shift+y, to zoom out press y. The zoom is centred on the cursor position. You may need to click on the
graph first.

Undo Zoom

To undo the last Variable Zoom or Zoom to Area, press Ctrl+Z or select the Undo Zoom entry in the Graph
menu. This will restore the graph axes to the settings they had when the right or middle mouse button was
last pressed. This Undo feature can be used even if you have not zoomed, just press the right mouse button
when the axis settings are to your preference then you can return to these settings (undoing any subsequent
movements or control changes) by pressing Ctrl+Z.

Arrow Keys

The arrow keys can be used to move the graph cursor in single pixel increments. You may need to click on
the graph first. To move the graph instead of the cursor, hold down the Shift key while pressing the arrow
keys.

Help Index
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SPL and Phase Graph
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The SPL and Phase plot (or Impedance and Phase for an Impedance measurement) shows the frequency
(dB or Ohms) and phase (degrees) responses of the measurement. The frequency response is labelled with
the measurement name, the phase response uses a brighter shade of the measurement colour and the right
hand plot axis. Note that to have valid phase information it is necessary to remove any time delays from the
Impulse Response. A time delay causes a phase shift that increases with frequency - for example, a delay of
just 1ms results in a phase shift of 36 degrees at 100Hz but 3,600 degrees at 10kHz, because 1ms is 1/10th
of the 10ms period of a 100Hz signal but is 10 times the 0.1ms period of a 10kHz signal, and each period is
360 degrees. The time delay of a measurement can be adjusted by changing the zero position of the time
axis using the Impulse graph controls, or by using the Estimate IR Delay control described below.

In addition to the measured phase, the plot can show minimum and excess phase plots that result from
generating a minimum phase version of the response, described further below. The plot also shows any
mic/meter or soundcard calibration data for the measurement. The calibration data can be changed or
removed by selecting Change Cal... on the measurement panel.

Minimum Phase/Excess Phase

If the Generate Minimum Phase control has been used to produce a minimum phase version of the
response the minimum and excess phase traces are activated. They show the minimum phase response
and the difference between the measured phase and the minimum phase (the "excess"). For more about
minimum and excess phase and group delay see Minimum Phase.

Mic/Meter Cal

The Mic/Meter Cal trace shows the frequency response of the Mic calibration data for this measurement (the
calibration file to use for new measurements is specified in the Mic/Meter Preferences). If C Weighted SPL
Meter was selected this curve will show the effect of C weighting (outside the range of the calibration data
file, if there is one). The trace is not shown if there is no mic/meter calibration data. The trace is drawn
relative to the middle of the graph.

Soundcard Cal
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The Soundcard Cal trace shows the measured frequency response of the soundcard relative to its level at
1kHz (if a calibration file has been loaded via the Soundcard Preferences). The trace is not shown if cal data
has not been loaded. The trace is drawn relative to the middle of the graph. Fractional octave smoothing can
be applied or removed via the Graph menu and its shortcut keys. The smoothing is applied to the SPL,
phase and Group Delay traces. This is mainly used for full range measurements, as reflections can cause
severe comb filtering which makes it difficult to see the underlying trend of the response. Smoothing should
rarely be used for low frequency measurements as it obscures the true shape of the response. When
smoothing has been applied an indicator appears in the trace legend.

SPL and Phase Controls

The control panel for the SPL and Phase graph has these controls:

l Unwrap Phase |
| +mw0 || -0 |
l Wrap Phase |

-

l Generate minimum phase

[ Estimate IR delay J

Offzet

| 0.0/ | Addtodata |

|| Show points when zoomed in

|| show modal frequencies

The phase trace normally wraps at +180/-180 degrees. This is because phase is cyclic over a 360 degree
range (+90 is the same phase as -270). The trace can, however, be displayed without wrapping which is
what the Unwrap Phase control does. A difficulty with unwrapped phase is knowing where the correct zero
phase is, another is being able to view parts of the trace where the unwrapped value has become very large.
The unwrapped phase is offset (by a multiple of 360 degrees) so that it is within the range -180..180 degrees
at the cursor frequency. The +360 and -360 buttons will also shift the phase trace in 360 degree steps.

Wrap Phase changes the phase trace back to a conventional wrapped view with vertical lines where the
trace crosses 180 or -180 degrees.

Generate Minimum Phase will produce a minimum phase version of the measurement using the current IR
window settings. The minimum phase trace then shows the lowest phase shift a system with the same
frequency response as the measurement could have, while the excess phase trace shows the difference
between the measured and minimum phase. Using this control also generates a minimum phase impulse
plot and minimum and excess group delay plots, which can be viewed on the respective graphs.

Note that the IR window settings are important as the minimum phase response is derived from the
frequency (magnitude) response of the measurement, which in turn is affected by the IR window settings. If
the window settings are subsequently changed Generate Minimum Phase should be used again to reflect
the new settings. Note also that the shape of the left side window (the window applied before the peak)
affects the minimum phase result, a rectangular window will produce a response with lower phase shift than,
for example, a Hanning window.

If the system being measured was inherently minimum phase (as most crossovers are, for example) the
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minimum phase response is the same as removing any time delay from the measurement. Room
measurements are typically not minimum phase except in some regions, mainly at low frequencies. For more
about minimum and excess phase and group delay see Minimum Phase.

Estimate IR Delay calculates an estimate of the time delay in the measurement by comparing it with a
minimum phase version. The delay it calculates can be removed from the impulse response by pressing the
Shift IR button on the panel shown after the delay is calculated. Note that shifting the impulse response will
clear any spectrogram which had been generated as the plot would no longer be valid.

The Generate Minimum Phase and Estimate IR Delay controls also appear in the Impulse graph control
panel.

The trace offset value moves the graph position, but does not alter the data so the legend values do not
change. If the Add offset to data button is pressed the current offset value is transferred to the
measurement data and the legend readings will update accordingly.

If Show points when zoomed in is selected the individual points that make up the SPL and phase
responses are shown on the graph when the zoom level is high enough for them to be distinguished (which
may only be over part of the plot)

If Show modal frequencies is selected the theoretical modal frequencies for the room dimensions entered
in the Modal Analysis section of the EQ Window are plotted at the bottom of the graph.

Help Index
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All SPL Graph

] & ] H 0 L L] i e

The All SPL graph is an overlay graph that shows all measurements (SPL and/or Impedance) that have been
made. It allows an average to be generated of all selected traces or arithmetic operations to be carried out
on pairs of traces to generate a new trace.

Average The Responses calculates an average of the dB SPL values of those traces which are selected
when the button is pressed. Phase is not taken into account, measurements are treated as incoherent. The
frequency range of the averaging result covers the region where the traces used overlap, for example if one
trace was measured to 200Hz, another to 500Hz and a third to 1000Hz the average would range to 200Hz
(to the lowest end frequency). New measurements (those made after the last average was generated) show
new next to the trace value, whilst those included in the last average show avg.

All SPL Controls

The control panel for the All SPL graph has these controls:

Actions for an individual measurement Trace Arithmetic

| 1: Artist 3+Q20705i |"l"| A | 2: REL Sub, Mo EQ |"|
Offzet (dB): | EI.IJH l Add offset to data J B: | 3. REL Sub+mains |V|
[I'u'linimum phase version J l Excess phase version J |A + B |V| l Generate J
[ Response copy J | H

Actions for all selected measurements

|N|:| smoothing |Y| l Apply smocthing J l_l Show points when zoomed in

[ Time align J l “ector average J [_I Show medal frequencies

The controls are split into 3 groups:

e Those which apply to an individual measurement
e Those which apply to all measurements currently selected in the graph legend
e Trace Arithmetic controls which apply to pairs of measurements
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The Actions for an individual measurement offer the following:

o Offset the selected measurement either temporarily or (by using Add Offset to Data)
permanently

e Make a Minimum phase version of the selected measurement to use in calculations - the copy
has a minimum phase impulse response and the same magnitude response and calibration data
as the original

e Make an Excess phase version of the selected measurement to use in calculations - the copy
is the original measurement divided by a minimum phase version of the measurement

e Make a new measurement with Response copy that has the same response as the selected
measurement - the copy has the same impulse response and calibration data as the original but
does not include distortion data or equaliser settings, for example

The Actions for all selected measurements are:

e A smoothing control that allows the fractional octave smoothing setting for all the currently
selected traces to be changed. The chosen setting is applied using the Apply smoothing button

e Time align, which brings all the currently selected measurements into time alignment. If the
measurements have been made with a timing reference (a loopback connection or an acoustic
timing reference) the impulse response is shifted according to the measurement delay value,
taking into account any IR timing offsets which have been applied since the measurement delay
was calculated. Measurements which have been made without a timing reference are shifted
according to the estimated IR delay. Time alignment can only be applied to measurements that
have an impulse response.

e Vector average, which averages the currently selected traces taking into account both
magnitude and phase. It can only be applied to measurements that have an impulse response.

The Trace Arithmetic controls allow the chosen pair of traces to be added, subtracted, multiplied, divided,
coherently (aka vector) averaged or merged. If both the chosen traces have impulse responses, the result
will also have an impulse response, however the sample rates must be either the same or related by an
integer. For example, traces at 44.1kHz and 11.025kHz can be combined via an arithmetic operation, the
result will have the higher of the two rates. This allows operations on band limited measurements which may
have been decimated to a lower sample rate.

If the traces have incompatible sample rates, or either does not have an impulse response, the result will not
have an impulse response, but it may have both magnitude and phase data if both the traces it was applied
to had magnitude and phase data, otherwise the result will only have magnitude data and the traces will be
treated as incoherent.

The frequency span of the result of an arithmetic operation will be from the lowest start frequency to the
highest end frequency of the traces operated on. Outside their frequency range traces are treated as being
zero valued, with the exception of the divisor in a division operation which is treated as being unity outside its
range. If the measurements actually have significant levels outside the measurement range the zero setting
will generate oscillations in frequency and time domains, for best results use traces that span the full
frequency range.

Trace arithmetic notes

e For meaningful results measurements that have impulse responses or phase data should be
properly time aligned before they are combined. An exception is the Merge operation, for which
REW will automatically align both magnitude and phase at the merge frequency, adjusting the
trace B time delay as required for the phase match. The amounts of the adjustments are shown
in the notes of the newly generated measurement.

e The currently applied impulse response window settings are used for each trace, the result uses
the same window settings as trace A, excluding any frequency-dependent window: applying an
FDW to the result would amount to applying the window twice, as it is already applied to the data
used to produce the result.
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e The result of arithmetic on measurements that have compatible impulse responses is smoothed
using the measurement A smoothing, unsmoothed data is used during the calculations. Other
measurements use whatever smoothing they already had applied during the calculations and the
result is treated as unsmoothed (or 1/48 octave smoothed if data is 96 PPO).

If Show points when zoomed in is selected the individual points that make up the SPL and phase
responses are shown on the graph when the zoom level is high enough for them to be distinguished (which
may only be over part of the plot)

If Show modal frequencies is selected the theoretical modal frequencies for the room dimensions entered
in the Modal Analysis section of the EQ Window for the currently selected measurement are plotted at the
bottom of the graph.

Help Index
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Distortion Graph
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The Distortion graph shows the measurement's fundamental (the linear part of its response), its harmonic
distortion components up to the ninth harmonic, Total Harmonic Distortion (THD) and the level of the noise
floor, which is captured before the measurement starts.

The plots are derived either from analysis of the impulse response or from stepped sine measurements.
Impulse responses measured using logarithmic sweeps separate distortion from the linear part of the system
response. The distortion components appear at negative times, behind the main impulse. Analysing the
frequency content of these components allows plots of distortion harmonics to be generated. The longer the
sweep, the better the distortion components are separated from each other. When measuring a system with
high distortion levels use a long sweep setting (e.g. 1M), at shorter sweep lengths the harmonics may affect
each other giving misleading readings. A spot check can be made at frequencies of interest using the RTA
and the signal generator. If discrepancies are observed consider making a stepped sine measurement
instead.

Although much, much slower than a log sweep the stepped sine measurement can measure low distortion
levels much more accurately than a sweep, particularly at high frequencies and for higher harmonics.
Stepped sine distortion measurements show distortion components up to the ninth harmonic, THD and the
noise floor, in the same way as the sweep-derived results, but also include THD+N (total harmonic distortion
plus noise and non-harmonic distortion) and N (noise and non-harmonic distortion) alone. Note that the noise
floor plot shows the spectral content of the noise measured with no signal playing. The 'Noise' in the N and
THD+N shows the summed level of all non-harmonic distortions and noise measured at each test
frequency. It consequently sits much higher than the noise floor plot.

The harmonic plots can only be generated for frequencies within the bandwidth of the measurement. For
example, if a measurement is made to 20 kHz, the second harmonic plot can only be generated to 10 kHz,
as the 2nd harmonic of 10k Hz is 20 kHz. Similarly the third harmonic plot can only be generated to 6.67 kHz
(20/3). The upper limit for distortion plots is 95% of the Nyquist frequency (which is half the sample rate). For
example, at 44.1 kHz sampling the upper limit is 0.95*44.1/2 = 20.95 kHz.

The lower frequency limit for distortion plots is 10 Hz or the measurement start frequency, whichever is
higher. 10 Hz is the lower limit of the logarithmic part of the measurement sweep. Start frequencies lower
than that use an initial linear swept portion (to avoid spending an excessive proportion of the sweep duration
time at very low frequencies) which means that region cannot be used to generate distortion data.
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Total Harmonic Distortion is generated from the available harmonics. There is a control to select the highest
harmonic to use in the THD calculation, the trace name in the graph legend shows which harmonics are
included. At higher frequencies the THD plot will incorporate fewer harmonics, according to which are
available.

The plots of the Fundamental (the linear part of the measurement) and the distortion harmonics do not
include mic/meter or soundcard calibration corrections. This is to avoid the effect of the corrections
generating a misleading view of distortion levels. For example, mic/meter and soundcard calibration
corrections boost the lowest frequencies of measurements to counter the roll-off of the mic/meter and
soundcard interfaces, but adding those corrections to a distortion plot would make distortion appear to rise at
low frequencies, hence their omission.

The fundamental and harmonic plots derived from sweep measurements are smoothed to 1/24 octave. This
cannot be adjusted. The distortion data can be exported to a text file using Eile -> Export -> Distortion data
as text.

Distortion Controls

The control panel for the graph has these controls:

E] Plot normalised to fundamental
E] Limit norm. to 30 dB below peak
E] Use harmonic frequency as ref

E] IMazk harmonics below noize floor

Diztortion figures:

Highest harmeonic displayed:

Highest harmaonic in THD:

By default the plot shows the actual SPL levels of the fundamental and the harmonics. If Plot normalised to
fundamental is selected the harmonics are divided by the fundamental to show their relative level and the
fundamental appears as a flat line at 0 dB. The legend value for the fundamental will continue to show the
actual SPL, the readings for the harmonics and THD will depend on the Distortion Figures setting.
Normalising the plot will cause the distortion traces to rise at high frequencies if the response of the system
being measured rolls off (as is usually the case). This is exaggerated if Use harmonic frequency as ref is
selected (see next section). The boosting due to low fundamental level can be controlled by selecting Limit
norm. to 30 dB below peak, this sets a lower limit on the fundamental that is 30 dB below the peak level of
the fundamental - for example, if the peak of the fundamental were 95 dB the minimum level used for
normalising would be 65 dB.

The harmonic and THD plots in normalised mode use the level at the fundamental for each frequency as
their reference by default - for example, the distortion figures for each harmonic at 1 kHz will depend on the
level of the fundamental at 1 kHz. If Use harmonic frequency as ref is selected the reference will be the
frequency of the harmonic - for example, at 1 kHz the 2nd harmonic figure will depend on the level of the
fundamental at 2 kHz, the 3rd harmonic will depend on the level of the fundamental at 3 kHz and so on. This
follows a recommendation made by Steve F. Temme in "How to graph distortion measurements" presented
at the 94th AES convention in March 1993. If the response of the system being measured is flat this makes
no difference to the results, but when the response is not flat (as for most acoustic measurements) it can
remove the influence of the loudspeaker's fundamental response from the distortion figures. As an example,
suppose the loudspeaker response was flat apart from a 6 dB peak at 2 kHz. 2 kHz is the 2nd harmonic of 1
kHz, so the 2nd harmonic level shown at 1 kHz will be increased by 6 dB due to the boost in the fundamental
when using the excitation frequency as the reference. Similarly the 3rd harmonic level at 667 Hz (2/3 kHz)
will be boosted by 6 dB. If the harmonic frequency were used as the reference the distortion figures would
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not show this boost. Using the harmonic frequency as the reference also provides a more meaningful view of
distortion at frequencies below the LF roll-off of the system as otherwise the distortion levels are boosted as
the level of the fundamental drops. Note that this option will not affect the traces when the plot is not
normalised, but will still affect the values in the legend if the distortion figures are set to read in percent or in
dB relative to the fundamental.

The Mask harmonics below noise floor control greys out harmonics that lie below the noise floor (at the
frequency of the harmonic). The THD trace is also greyed out if all the harmonics that contribute to it are
below the noise floor. In applying the masking for sweep measurements REW takes into account the
(limited) ability of the sweep to discriminate harmonics that lie a below the noise floor at the harmonic
frequency, which varies from 3 dB for the second harmonic to almost 10 dB for the ninth.

The Distortion figures control selects the units that are used for the harmonic distortion levels displayed on
the graph legend. The choices are dB SPL, which shows the actual sound pressure level of each harmonic;
dB Relative, which shows how many dB the harmonic is below the fundamental; and Percent, which shows
the harmonic level as a percentage of the fundamental. When the plot is normalised dB SPL is not offered as
an option. The frequency at which the fundamental level is taken depends on the setting of Use harmonic
frequency as ref (see above). When the plot is normalised and distortion figures are in percent the Y axis
changes to show percent values.

The Highest harmonic to display control allows the higher harmonics to be hidden if they are not of
interest. For example, if Highest Harmonic were set to 3 only the second and third harmonic traces would
appear on the graph and in the graph legend. The measured harmonics used to calculate THD are controlled
by Highest harmonic in THD.

The Highest harmonic in THD control allows the higher harmonics to be excluded when calculating THD.
This may be desired if they are in the noise floor and so adding noise to the THD calculation.

Distortion Examples - soundcard measurements

Here is a distortion plot generated from a loopback measurement of a soundcard, produced at a high sweep

level (-4 dBFS, which resulted in 2 dB of headroom at the gain settings used). The readings in the legend are
with the cursor at 1 kHz.
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The THD trace has been omitted, as it overlays the 2nd harmonic trace (in red) which is the dominant
component, 0.07%. The 3rd harmonic (in orange) is much lower at around 0.01%, whilst the higher
harmonics are largely within the noise floor.

This is the impulse response for that measurement, the distortion peaks are to the left of the main peak. The
first peak to the left is the 2nd harmonic, the next is the third harmonic and so on.
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The next plot is from a room measurement. The 2nd (red), 3rd (orange) and 4th (yellow) harmonic traces are
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shown, along with the THD (black). Higher harmonics were within the noise floor. The measurement shows a
sharp rise in 3rd harmonic distortion at 94 Hz, and a dramatic rise in all distortion components from about 2
kHz upwards. Further measurements at differing signal levels established that this distortion was being
introduce by the SPL meter used for the measurement.
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This is the impulse response for the in-room measurement, the distortion peaks are clearly visible to the left
of the main peak.
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The plots below show a different soundcard loopback measurement at -4 dBFS measured with stepped sine
(64k FFT, 24 ppo) and with a 1M log sweep. Note the rise in the noise floor with frequency when measuring
with the sweep, all but the 2nd and 3rd harmonic lie below the noise floor. In addition, the 3rd harmonic
measures higher with the sweep than with stepped sine at frequencies above 100 Hz or so. With the stepped
sine measurement the contributions of the 4th, 5th and 7th harmonics are also visible above the noise floor
(dark brown trace). Stepped sine is a much more accurate method when measuring low distortion levels.
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Further insight into the distortion behaviour can be obtained by looking at waterfall or spectrogram views of
the spectrum data captured at each test frequency. Note that these can only be generated for stepped sine
measurements that had the option to Capture spectrum data at each frequency selected. Here is a
spectrogram of the stepped sine measurement above.
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Here is its waterfall plot.
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Here is a stepped sine measurement of another soundcard, superficially looking to have similar performance
to the one above.
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However, its spectrogram makes clear that it has far worse behaviour with significant intermodulation
products with the 1 kHz harmonics of the USB frame rate.
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Its waterfall plot is similarly revealing.
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Distortion Examples - speaker measurements

Speaker measurements, particularly those made in-room rather than with the benefit of an anechoic
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Distortion Graph

chamber, present additional challenges for interpretation. Distortion results for electronic components are
typically shown as percentages, values relative to the fundamental. Plotting these percentages for speaker

measurements can make the results challenging to interpret due to the often highly irregular frequency

response of the speaker. Using the harmonic frequency as reference (see distortion controls above) helps
somewhat, but is by no means a complete solution. My personal preference is to view the distortion results

without normalisation, which helps make the effect of the response irregularities apparent and also

emphasises the acoustic level of the distortion components, which can be helpful in deciding where they are

likely to be audible and where not. When viewing the distortion graph as SPL levels the trace legend can still
be configured to read out distortion percentages using the Distortion figures control.

Here is a measurement of a small desktop speaker (Adam Artist 3). The mic (UMIK-1) was just 15 cm from

the speaker, hence the relatively high SPL measured - the levels correspond to about 85 dB at the listening
position, about 70 cm from the speakers.
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The hump of odd harmonics centred around 80 Hz or so looks to be mild clipping. Above 3 kHz, where the
speaker's ribbon tweeter comes into play, distortion levels drop below the noise floor for the sweep though
the stepped sine tracks them comfortably. As this is a near field measurement room effects are reduced, but
the frequency response variation can still make a normalised view more difficult to fathom. Below is the
response normalised, without using harmonic frequency as ref. The noise floor (dark brown) is included to
help illustrate the effect normalisation has on boosting the noise floor where the response dips.
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It is apparent that the peak in second harmonic distortion around 3 kHz is simply the noise floor being
boosted and so can be ignored - though that would not be so easily identified without the noise floor trace to
guide us. However, distortion at low frequencies is now shown much higher than it should be due to the low
frequency roll off of the speaker's response meaning it is being normalised against a much lower level. That
10% 2nd harmonic might give cause for concern until it is recognised as an artefact of the normalisation.

The normalisation artefacts at low frequencies can be ameliorated by using the level of the fundamental at
the harmonic frequency as the normalisation reference. That gives us the plot below, the low frequency
behaviour is now more accurately portrayed. However, new peaks have appeared in the 2nd and 3rd
harmonics above 1kHz, consequences of the dip in the response centred around 3 kHz. That dip is probably
due to the crossover between mid/bass and tweeter integrating poorly at such a near field measurement
position. It is unlikely that the distortion peaks are real. The view without normalisation is least susceptible to

misinterpretation.
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Impulse Graph

The Impulse graph shows the impulse response for the current measurement. It can also show the left and
right windows and the effect of the windows on the data that is used to calculate the frequency response; a
minimum phase impulse; the impulse response envelope (ETC) and the step response.
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The Y axis used for the impulse response can be selected as % FS or dBFS (FS = Full Scale) via a control
in the top left corner which appears when the mouse cursor is inside the graph area. The dBFS scale is
equivalent to a "log squared” view of the impulse.

Dashed vertical black lines show the extents of the impulse response windows, a dashed red line shows the
reference position. If the window settings are changed the region outside the new area is shown shaded until
the settings are applied. It is best to set the Y axis to dB to adjust the windows as it is then much easier to
see where the response has decayed into the noise.

#BFS

Windowed Impulse |

After each measurement the left window width is automatically set up. For full range measurements (and
down to end frequencies of 1kHz) the width is 125ms, below that it increases to allow for pre-ringing effects
of using a limited sweep range. To change the window settings for a measurement click the IR Windows
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button:
TN
IR Windows

The impulse response is that of the whole system, including the mic/meter and the soundcard. The
mic/meter and soundcard calibrations are only applied when calculating the frequency response.

Minimum Phase Impulse

If the Generate Minimum Phase control has been used to produce a minimum phase version of the current
measurement's magnitude response a minimum phase impulse trace is activated, showing the impulse
response the minimum phase system would have.

Impulse Response Envelope

The envelope of the impulse, also called the energy-time curve or ETC, is useful to identify reflections and
see the overall shape of the impulse response. The plot below shows the envelope, the spikes after the initial
peak are due to reflections from room surfaces, the first spike occurs 3.25ms after the initial peak indicating
that the sound travelled an additional 1.11m or 3.7 feet to reach the microphone.

#BFs

Envalopa (ETC)

Step Response
The step response shows the output which would result if the input signal jumped to a fixed level and stayed

there. It is the integral of the impulse response. If there is an offset in the measurement input chain the step
response will show an overall rise or fall as time progresses, rather than tending back to zero.
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Step Response

Distortion Components

A property of the log sweep analysis method is that the various harmonic distortion components appear as
additional impulses at negative time, with decreasing spacing as the distortion order increases. For example,
this plot shows spikes from distortion components up to the 8th harmonic on a laptop soundcard loopback
measurement:

Here is a similar measurement for an external USB soundcard, it is a 44.1k card rather than 48k, which limits
us to the 6th harmonic in the 1s pre-impulse period - however, only the 2nd, 3rd and 5th harmonic peaks are
evident, the 4th harmonic peak is barely visible above the noise floor (which is about 10dB lower than the
laptop card). The extended lobes after the impulse are due to the card's much lower -3dB frequency, 1.0Hz
versus 22.1Hz (note that the right side of the time axis is 2.0s in this plot compared to 0.5s in the previous

plot):

Impulse Controls

The control panel for the Impulse graph has these controls:
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Plot Responses Normalized t=0 offzet (samples):

|:| Show pointz when zoomed in t=0 offzet (ms): | III.EIEI[IH l.ﬁ.ppl'g.r

|:| Inwert Impulse t=0 offzet (dizstance):

l Generate Minimum Phase J Scale FR Peak to (dB SPL):

[ Estimate IR Delay J ETC Smoothing (ms): ‘E

The impulse response may be plotted with or without normalisation to its peak value according to the setting
of the Plot Normalised control. When normalised plotting is selected the peak will be at 100% or OdBFS.

If Show points when zoomed in is selected the individual points that make up the response are shown on
the graph when the zoom level is high enough for them to be distinguished.
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The response may be plotted inverted according to the setting of the Invert impulse control. Note that this
has no effect when the Y axis is set to dBFS. If the soundcard you are using inverts its inputs that can be
corrected using the Invert checkbox in the Soundcard Preferences Input Channel controls.

Generate Minimum Phase will produce a minimum phase version of the measurement using the current IR
window settings. The minimum phase impulse then shows the response of a system having the same
frequency response as the measurement but with the lowest phase shift such a system could have. This
control also activates minimum and excess phase and group delay traces on the SPL & Phase and GD
graphs respectively.

Note that the IR window settings are important as the minimum phase response is derived from the
frequency (magnitude) response of the measurement, which in turn is affected by the IR window settings. If
the window settings are subsequently changed Generate Minimum Phase should be used again to reflect
the new settings. Note also that the shape of the left side window (the window applied before the peak)
affects the minimum phase result, a rectangular window will produce a response with lower phase shift than,
for example, a Hanning window.

If the system being measured was inherently minimum phase (as most crossovers are, for example) the
minimum phase response is the same as removing any time delay from the measurement. Room
measurements are typically not minimum phase except in some regions, mainly at low frequencies. For more
about minimum and excess phase and group delay see Minimum Phase.

Estimate IR Delay calculates an estimate of the time delay in the measurement by comparing it with a
minimum phase version. The delay it calculates can be removed from the impulse response by pressing the
Shift IR button on the panel shown after the delay is calculated.
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The t=0 offset controls can be used to shift the zero time position by either a specified number of samples, a
specified time or a specified distance. Distances are converted to times using a speed of sound of 343 m/s.
These controls can be used to manually remove measurement time delays or determine the correct delay to
align measurements of different speakers or drive units. Note that shifting the impulse response will clear
any spectrogram which had been generated as the plot would no longer be valid. If a timing reference was
used the System Delay figure (which can be viewed in the measurement Info panel) is shifted by the same
amount as the zero time.

The Scale FR Peak control re-scales the impulse response to achieve a desired maximum SPL figure in the
corresponding frequency response. This may be useful to rescale an imported impulse response.

ETC Smoothing is used to smooth the envelope (ETC) trace using a moving average filter of the duration
specified in the spinner.

Help Index
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Filtered IR Graph

The Filtered IR graph allow octave and one-third octave filters to be applied to the measurement. It is
primarily aimed at examining decay behaviour in different frequency bands and analysing the results per ISO
3382. In addition to the filtered impulse response itself this graph includes traces of the impulse response
envelope (ETC) and the Schroeder integral.
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Schroeder Integral

The Schroeder Integral is a curve obtained by backwards integration of the squared impulse response,
ideally starting from a point where the response falls into the noise and applying a correction (a starting value
for the integral) which assumes the rate at which the Schroeder curve is falling continues for the whole
response. REW uses an iterative procedure to estimate the best starting point for the integration, often called
"Lundeby's Method" (from the paper by A. Lundeby, T. E. Vigran, H. Bietz, and M. Vorlander, “Uncertainties
of Measurements in Room Acoustics,” Acustica, vol. 81, pp. 344-355 (1995)). The slope of this curve is used
to measure how fast the impulse response is decaying, deriving a figure for "RT60" which is the time it would
take sound to decay by 60dB. The curve shown on the Impulse graph is for the currently applied filter, if any.
When calculating decay data for the octave and one-third octave RT60 results the impulse is first filtered to
the corresponding bandwidth and centre frequency before the Schroeder Integral for that band is determined
and the various RT60 measures calculated.
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Filtered IR Controls

The control panel for the Filtered IR graph has these controls:

Fitter =election E] Plot rezponzes normalised

E] 11 IZI 63Hz 11 = III [ | Time-reversed fitering
u 13 |:| |:|:| |:| |__| Zero phase fitering

E] Show data panel

|| show regression line for: =
ETC Smoothing (ms): BE

Octave and 1/3 octave filters can be selected using the 1/1 and 1/3 boxes, which enable the corresponding
set of controls. The required filter frequency can be chosen directly from the drop-down list or stepped
through using the buttons either side. The filter is applied to the Impulse Response upon selection, a label in
the bottom left corner of the graph shows the current filter setting. The filter remains active until "No
Filter" is selected or the boxes are unchecked. The measurement name on all graphs is shown with
an indication of the applied filter, for example "Auditorium [250Hz 1/3]".

The impulse response may be plotted with or without normalisation to its peak value according to the setting
of the Plot responses normalised control. When normalised plotting is selected the peak will be at 100% or
0 dBFsS.

The Time reversed filtering control applies the octave band filters backwards in time, this reduces the
filter's own contribution to the measured decay. When using 1/3 octave filters at low frequencies the filter
decay time can be significant, over 200 ms for a 100Hz 1/3 filter, for example. Applying the filter in reverse
reduces this decay to less than 50 ms, but it does affect the response somewhat, such that Early Decay
Time (EDT) figures using Time-Reversed filters may not be valid. Note that this control is independent of and
does not affect the time-reversed filtering control on the RT60 graph, but it is initialised to the setting last
used for RT60.

Zero phase filtering applies 4th order bandpass filters in two passes through the data, one forwards and
one reversed, to give a response with overall zero phase shift. This may be useful when comparing the
locations of reflection peaks in filtered impulse responses or the ETCs derived from them as the peaks will
not be shifted in time by the effect of the filter's phase response. Note that this control is independent of and
does not affect the zero phase filtering control on the RT60 graph, but it is initialised to the setting last used
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for RT60.

The Show data panel control shows a panel on the graph containing the results for the decay values. The
RT60 figures include the decay range over which they have been calculated and an "r" value, the regression
coefficient, which measures how well the data corresponds to a straight line. A value of -1 would indicate a
perfect fit, values lower in magnitude than -0.98 indicate the corresponding decay figure may not be reliable.
Unreliable figures are italicised and shown orange.

Topt -5..-45dB 0.456 5, r=-0.933
EDT 0.-10dB 0.343 s, r=-0.997
T20-5.-25dB 0.405s, r=-0.957
T30-5.-35dB 0.443s, r=-0997
Curvature 9.3 %

Clarity C50 5.11 dB

Clarity C30 13.97 dB

Defintion O30 89.1 %

Centre time TS 0.020 s

The parameters available are:

EDT

Early Decay Time, based on the slope of the Schroeder curve between 0 dB and -10 dB.

T20

Decay time based on the slope of the Schroeder curve between -5 dB and -25 dB.

T30

Decay time based on the slope of the Schroeder curve between -5 dB and -35 dB.

Topt

An "optimal" decay time based on the slope of the Schroeder curve over a variable range chosen to
yield the best linear fit. If the early decay time is much shorter than T30 the Topt measure uses a start
point based on the intersection of the EDT and T30 lines, otherwise it uses -5 dB. REW tests every
end point in 1dB steps to the end of the Schroeder curve and chooses the one which gives the best
linear fit.

Curvature

(T30/T20 - 1) expressed as a percentage, providing an indication of how the slope of the decay curve
is changing. Values from 0 to 5% are typical, higher than 10% is suspicious and may indicate that the
room has a two-stage decay curve. If curvature is negative the results should be treated with caution
as they may be in error.

Clarity C50
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The early to late energy ratio in dB, using sound energy in the first 50 ms as the 'early’ part. C50 is
most often used as an indicator of speech clarity.

Clarity C80

The early to late energy ratio in dB, using sound energy in the first 80 ms as the 'early’ part. C80 is
most often used as an indicator of music clarity.

Definition D50

The early to total energy ratio as a percentage, using sound energy in the first 50 ms as the ‘early’ part

Centre Time TS

The time of the ‘centre of gravity' of the squared impulse response

The graph can also show the "Regression Line", which is a line obtained by carrying out least squares linear
regression on the Schroeder curve over the range applicable to any particular decay parameter. The selector
for which regression line is to be shown is next to the Show Regression Line check box.

ETC Smoothing is used to smooth the envelope (ETC) trace using a moving average filter of the duration
specified in the spinner.

Help Index

Page 117 of 249



REW V5.19 Help Group Delay Graph

Group Delay Graph

The group delay for the measurement is calculated from the slope of the phase trace. Note that if smoothing
has been applied to the measurement that will also smooth the phase and group delay traces. Smoothing
can be applied or removed via the Graph menu and its shortcut keys. Peaks and dips in the frequency
response will usually be accompanied by corresponding peaks and dips in the group delay. The group delay
will include any delay in the measurement due to time delays in the PC or soundcard, processing delays in
the equipment and delays due to the time sound takes to travel from source to microphone. Delays in the PC
or soundcard can be eliminated by using the Use loopback as timing reference or Use acoustic timing
referenceoptions in the Analysis Preferences. If the group delay is tending towards a level at the upper end
of the measurement that level typically corresponds to the overall measurement delay.
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Group Delay Controls

The control panel for the Group Delay graph has these controls:

l Generate Minimum Phase |

|:| Show points when zoomed in

Show modal frequencies

Generate Minimum Phase will produce a minimum phase version of the measurement using the current IR
window settings. This activates minimum and excess group delay traces that show how the measurement's
group delay compares with the response of a system having the same frequency response but with the
lowest phase shift such a system could have. This control also activates minimum and excess phase and
minimum phase impulse traces on the SPL & Phase and Impulse graphs respectively.

Note that the IR window settings are important as the minimum phase response is derived from the
frequency (magnitude) response of the measurement, which in turn is affected by the IR window settings. If
the window settings are subsequently changed Generate Minimum Phase should be used again to reflect
the new settings. Note also that the shape of the left side window (the window applied before the peak)
affects the minimum phase result, a rectangular window will produce a response with lower phase shift than,
for example, a Hanning window.

If the system being measured was inherently minimum phase (as most crossovers are, for example) the
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minimum phase response is the same as removing any time delay from the measurement. Room
measurements are typically not minimum phase except in some regions, mainly at low frequencies. For more
about minimum and excess phase and group delay see Minimum Phase.

If Show points when zoomed in is selected the individual points that make up the measured and minimum
phase responses are shown on the graph when the zoom level is high enough for them to be distinguished
(which may only be over part of the plot)

If Show modal frequencies is selected the theoretical modal frequencies for the room dimensions entered
in the Modal Analysis section of the EQ Window are plotted at the bottom of the graph.

Help Index

Page 119 of 249



REW V5.19 Help RT60 Graph

RT60 Graph

RT60 Reverberation Time values at each octave or one-third octave centre frequency are displayed on this
graph, with separate traces for the Early Decay time (EDT), Centre Time (TS) and the 60dB decay times
T20, T30 and REW's Topt. See below for descriptions of each of those parameters and the related clarity,
definition and centre time parameters.

RT60 Explanation

RT60 is a measure of how long sound takes to decay by 60 dB in a space that has a diffuse soundfield,
meaning a room large enough that reflections from the source reach the mic from all directions at the same
level. Domestic rooms are usually too small to have anything approaching a diffuse field at low frequencies
as their behaviour in that region is dominated by modal resonances. As a result RT60 is typically not
meaningful in such rooms below a few hundred Hz. Use the waterfall, spectrogram and decay plots to
examine the decay of low frequencies in domestically-sized rooms.

RT60 Calculation

The RT60 values are estimated by calculating the slope of the Schroeder curve, which is a plot of the energy
(squared values) of the impulse response that is backwards integrated (summed starting from the end and
moving backwards). The vertical axis of the plot is in dB. The different RT60 measures (e.g. T20, T30,
REW's Topt) are derived by calculating the slope of a best fit line to the Schroeder curve over different
ranges (detailed below). In a diffuse field the curve with the dB vertical scale is quite linear until it reaches
the noise floor.

The start point for the classical T20 and T30 measures of RT60 is where the Schroeder curve has dropped 5
dB below its peak. That works well in the large spaces for which RT60 is most applicable, particularly if the
source used for the measurement is omnidirectional. In domestically sized rooms using normal, directional
loudspeakers as sources the initial drop of the Schroeder curve is quite sharp (the Early Decay Time is quite
short) meaning the -5 dB point lies within the early decay region rather than the diffuse field region. That in
turn means the T20 and T30 figures underestimate the RT60 time. Where the EDT is much shorter than the
T30 RT60 figure REW's Topt RT60 calculation uses a start point based on the intersection of the EDT and
T30 regression lines, to determine a point that lies within the diffuse field region. It then tests each possible
end point in 1 dB steps and picks the one that gives a regression line with the best linear fit. That produces a
more reliable RT60 figure.

The results are presented within octave or 1/3 octave bands, providing a view of how the rate at which sound
decays changes with frequency. The lowest centre frequency for the RT60 plot is 50 Hz at 1/3 octave and 63
Hz at 1 octave, per ISO3382. For domestic listening rooms and recording studios with volumes of less than
50 cubic metres (1,800 cubic feet) the recommended RT60 value is 0.3 s. For larger rooms, up to 200 cubic
metres (7,000 cubic feet) the recommendation is 0.4 to 0.6 s. In both cases the value should be fairly uniform
across the frequency range, though it will typically tend to increase at lower frequencies.

Important: If you are making RT60 measurements in a large space (bigger than a domestic room) change
the IR truncation setting in the Analysis preferences to make sure enough of the IR is retained for the decay
to reach the noise floor. It may also be necessary to use a longer sweep (with a 256k sweep there are about
6 seconds of IR data after the peak before any truncation is applied).
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RT60 and related parameters

The parameters which are calculated are:

EDT

Early Decay Time, based on the slope of the Schroeder curve between 0 dB and -10 dB. This is not
an RT60 figure, but rather an indication of how quickly the initial sound at the measurement position
decays - it is much more location dependent than RT60. A fast early decay (low EDT figure) indicates
better clarity than at positions where the EDT is higher.

T20
The RT60 decay time based on the slope of the Schroeder curve between -5 dB and -25 dB.

T30
The RT60 decay time based on the slope of the Schroeder curve between -5 dB and -35 dB.

Topt
An "optimal" RT60 decay time based on the slope of the Schroeder curve over a variable range
chosen to yield the best linear fit. If the early decay time is much shorter than T30 the Topt measure
uses a start point based on the intersection of the EDT and T30 regression lines, otherwise it uses -5
dB. REW tests every end point in 1dB steps to the end of the Schroeder curve and chooses the one
which gives the best linear fit.

Clarity C50

The early to late energy ratio in dB, using sound energy in the first 50 ms as the 'early' part. C50 is
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most often used as an indicator of speech clarity.

Clarity C80

The early to late energy ratio in dB, using sound energy in the first 80 ms as the 'early’ part. C80 is
most often used as an indicator of music clarity.

Definition D50

The early to total energy ratio as a percentage, using sound energy in the first 50 ms as the 'early’ part

Centre Time TS

The time of the 'centre of gravity' of the squared impulse response

RT60 Controls

The control panel for the RT60 graph has these controls:

|:| Time-reversed fitering
|:| Zero phase fitering
Show data panel

Show correlation factor

Use bars on plot

|Dne Octave Bands |"|

The Time reversed filtering control applies the octave band filters backwards in time, this greatly reduces
the filter's own contribution to the measured decay. When using 1/3 octave filters at low frequencies the filter
decay time can be significant, over 200 ms for a 100Hz 1/3 filter, for example. Applying the filter in reverse
reduces this decay to less than 50 ms, but it does affect the response somewhat, such that Early Decay
Time (EDT) figures using Time-Reversed filters may not be valid.

Zero phase filtering applies 4th order bandpass filters in two passes through the data, one forwards and
one reversed, to give a response with overall zero phase shift. This reduces the contribution of the filter's
decay time similar to (though not as much as) time reversed filtering but without significantly affecting early
decay time.

The Show data panel control shows a panel on the graph containing the results for the decay values.
Unreliable figures are italicised and shown orange.
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EDT (s) 3.028 2184
T20 (s) 2.308 1.941
T30 (s) 2.167
Topt(s) 2.793 2179
C50 (dB) 049 -855
C80 (dB) 114 -499
D50 (%) 528 122
TS(s) 0.152 0.180

250
1.691
1.459
1.708
1.725
-5.66
-5.910

9.8
0.180

500
1.237
1.156
1.234
1.159
-0.50
2.05
48.5
0.081

1,000
1.119
1.200
1477
1.185
089
1.83
46.0
0.081

REW V5.19 Help

2,000 4,000
1105 1.075
1148 1114
1170 1.143
1471 1.110
0.15 -0.24
345 347
509 486
0.071 0.073

8,000
0.785
0.982

0.932
212
6.17
62.0
0.031

RT60 Graph

If the Show correlation factor box is checked the graph legend names shows the quality of the line fit for
the various decay measures. The "r" value shown after each decay measure is the regression coefficient,
which measures how well the data corresponds to a straight line. A value of -1 would indicate a perfect fit,
values lower in magnitude than -0.99 indicate the corresponding decay figure may not be reliable. Potentially

unreliable values are italicised.

The RT60 plot can show horizontal bars centred on each filter frequency and spanning the filter's bandwidth,

or lines joining the filter centre frequencies, according to the Use bars on plot control setting.

The parameter values (RT60 and clarity) for the current measurement can be written to a text file using the
File -> Export -> RT60 data as text menu entry.

Help Index
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Clarity Graph

The C50, C80 and D50 clarity and definition curves at each octave or one-third octave filter centre frequency
are displayed on this graph. See below for descriptions of each of these parameters.
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Controls

The control panel for the Clarity graph has these controls:

|:| Time-reversed fitering
|:| Zero phase fitering

[] uze bar=z on plot

| One Third Octave Bands |V|

The Time reversed filtering control applies the octave band filters backwards in time, this greatly reduces
the effect of the filter's own delay.

Zero phase filtering applies 4th order bandpass filters in two passes through the data, one forwards and
one reversed, to give a response with overall zero phase shift. This also reduces the effect of the filter's

delay.

The plot can show horizontal bars centred on each filter frequency and spanning the filter's bandwidth, or
lines joining the filter centre frequencies, according to the Use bars on plot control setting. The clarity
measures available are:

Clarity C50

The early to late energy ratio in dB, using sound energy in the first 50 ms as the 'early’ part. C50 is
most often used as an indicator of speech clarity.
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Clarity C80

The early to late energy ratio in dB, using sound energy in the first 80 ms as the 'early’ part. C80 is
most often used as an indicator of music clarity.

Definition D50

The early to total energy ratio as a percentage, using sound energy in the first 50 ms as the ‘early’ part

The parameter values (RT60 and clarity) for the current measurement can be written to a text file using the
File -> Export -> RT60 data as text menu entry.

Help Index
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Spectral Decay Graph

This graph shows spectral decay traces over the region from 10Hz to the end of the measurement sweep.
The plot used logarithmically spaced data at 96 points per octave with 1/48th octave smoothing applied. The
Spectral Decay plots are generated by shifting the impulse response window to the right by the slice interval
to generate each succeeding slice. Two windows are used, a left side window to taper the data prior to the
start of the region being analysed and a right side window that spans the selected window width. The default
window type for the left side is Hann, for the right side it is Tukey 0.25, other types may be selected via the
Spectral Decay entries in the Analysis Preferences. The initial reference point for the windows (end of left
window/start of right window) is the peak of the impulse response.

To produce the Decay plot click the Generate button in the bottom left corner of the graph area.

Decay Controls

Slice interval ims): EUE
Window (ms): TE-I]E 1.3 H=z
Rize Time (ms}: 100

| Smooth 1/48 |~

|| Use CSD Mode

[+] Fill slices

|| Show modal frequencies

l Apply Default Settings |

The time separation of the slices is controlled by the Slice Interval setting, the width of the impulse response
section that is used to generate the slice is set by the Window control. The corresponding frequency
resolution is shown to the right.

The Rise Time control sets the width of the Left Hand window. Shorter settings give greater time resolution
but make the frequency variation less easy to see. The default setting, 100 ms, is aimed at revealing room
resonances. When examining drive unit or cabinet resonances with full range measurements a much shorter
rise time would be used, 1.0 ms or lower, with time spans and window settings of around 10 ms. CSD mode
is often more useful for such measurements as the later part of the impulse response can be noisy,
obscuring the behaviour in the later slices.

The Smoothing applied to the slices can be increased from 1/48th octave (the minimum, and
recommended) to as high as 1/3rd octave.

Use CSD Mode should be selected if the later slices of the decay are contaminated by noise in the
measurement. It would commonly be used when examining drive unit or cabinet resonances. CSD mode
anchors the right hand end of the window at a fixed point and only moves the left side. This does mean,
however, that the frequency resolution reduces (and the lowest frequency that can be generated increases)
as the slices progress, as each has a slightly shorter total window width than the previous slice.

The traces for each slice can be drawn as conventional lines or as filled areas, selected by the Fill slices
check box. The alternative views are shown below.
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If Show modal frequencies is selected the theoretical modal frequencies for the room dimensions entered
in the Modal Analysis section of the EQ Window are plotted at the bottom of the graph.

The control settings are remembered for the next time REW runs. The Apply Default Settings button
restores the controls to their default values.

Help Index
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Waterfall Graph

This graph shows a waterfall plot over the region from 10Hz to the end of the measurement. It can be used to
view the results of sweep measurements, imported audio files or stepped sine measurements for which the
spectrum data has been captured at each measurement frequency. The plot uses logarithmically spaced data at
96 points per octave. To produce the waterfall plot click the Generate button in the bottom left corner of the graph
area.
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The labels at the sides of the plot show the time axis values
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How a Waterfall Plot is Generated

To understand what the waterfall plot shows and how its appearance is affected by the various waterfall controls
it is helpful to first understand how it is generated.

Each slice of the waterfall plot shows the frequency content of a windowed part of the measurement's impulse
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response. 'Windowed' means we take the impulse response and multiply each sample in it by the value of a
window, which is made up of a left side and a right side whose shapes we can choose (the window types are
selected via the Spectral Decay entries in the Analysis Preferences). Here is an example of an impulse response
showing the original impulse, the window shape (in blue) and the windowed response.

WFS
100 1 i
ol | s
0 ' =
50 - i
o0 s
-am S0m 100m 150m 200m 250m 300m 350m s
Sub, Mo EQ 1.4 %FS Windowed 0.0 %FS
Window — 00%FS
|:| Envelope (ETC) WFS |:| Step Responze WFS

Here is a zoomed in view of the early part, where the effect the windowing has on the windowed (lighter red)
trace can be seen.
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After the frequency content of the first windowed part of the impulse response has been obtained it is plotted as
the first slice of the waterfall. The window is then moved along the response and the process is repeated for the
next slice. The amount the window moves is determined by the time span of the waterfall and the number of
slices that are to be plotted, so that the data for the last slice is from a section of the impulse response that is
later than the first slice by the time range - for example, if the time range was 300 ms and there were 51 slices
there would need to be 50 shifts of the window (the first slice has no shift) so each slice would be from data
obtained after moving the window 6 ms along the impulse (300/50).

The window has a left hand side and a right hand side. In the plots above, the left hand window is a Hann type
that ends at the peak of the impulse. The right hand side is a Tukey 0.25 (which means that for 75% of its width it
is flat, then the remaining 25% is a Hann window). The overall width of the window (left side plus right side)
determines the frequency resolution of each slice of the waterfall. The shape of the window, and particularly the
shape and width of the left hand side, affects the way features of the response are smeared out in time.

To understand this, imagine a rectangular window and a perfect impulse, that has one sample at 100% and all
other samples zero. As long as that single 100% sample is within the span of the window the frequency response
will be a flat line. As soon as the left edge of the window goes past the 100% sample that slice and all slices after
it will have no data in them (all the samples will be zero) so the waterfall would disappear off the bottom of the
plot. Here is an example of such a waterfall plotted with a 100 ms left hand rectangular window.
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That waterfall is, in the time domain, a faithful representation of how that perfect impulse response looks - and in
general for any response a rectangular window gives the best time resolution, but that comes at a price. The
price is in the frequency domain behaviour, i.e. the shape of the frequency response in slices of the waterfall. In
real impulse responses, that are spread out over time, using a rectangular window creates a sharp step at the left
hand edge of the windowed data. That sharp step causes ripples in the frequency response, obscuring the actual
frequency content. The waterfall also has an initial period, equal to the width of the left hand window, where the
slices are almost identical, creating a flat portion. Here is an example of a measurement with a 100 ms
rectangular left hand window, despite its appearance it is the same measurement as shown at the top of this help
page, only the shape of the left hand window has been changed.
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To avoid the damaging effects of that sharp step in the windowed response, a tapered window is used to
smoothly attenuate the samples, but now a feature that does actually have a rapid change in the impulse
response will linger on in the waterfall, because it will not entirely disappear until the whole left hand window has
gone past it. Here are the perfect impulse and the real measurement again, this time with a 100 ms Hann left
hand window.
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REW's sweep measurement waterfalls are aimed at examining room resonances. To help make those
resonances easy to see in the response, a wide left hand window is used - in REW V5.0 and earlier its width was
half the setting entered as the Window time, and the right hand window had a width equal to the window time.
However, that meant increasing the Window setting increased both the frequency resolution (the main reason for
wanting a longer window) and also stretched the response out in time, due the increased left hand window width.
That was not very helpful, as it meant the time range had to be increased to get back to a useful view of the
behaviour.

After V5.0 the waterfall behaviour has been enhanced to improve control over its appearance and extend its use
to include the analysis of drive unit and cabinet resonances. The left hand window width is specified
independently, using a setting labelled Rise Time. Changing the Window setting only alters the Right Hand
window, which means that the Window setting now controls only the frequency resolution of the waterfall - longer
settings give higher resolution - without altering the waterfall's time domain behaviour. There are also controls to
select how many slices the waterfall should have (up to 100) and to select the smoothing to apply to each slice.

In addition to the standard waterfall mode, which slides the window along the impulse response, there is a CSD
(Cumulative Spectral Decay) mode, which anchors the right hand end of the window at a fixed point and only
moves the left side, which may be useful when examining cabinet or tweeter resonances over very short time
spans if the IR data descends into the noise floor soon after the region being examined. Using CSD mode in
those cases prevents the later slices from including increasing amounts of noise floor. This does mean, however,
that the frequency resolution reduces (and the lowest frequency that can be generated increases) as the slices
progress, as each has a slightly shorter total window width than the previous slice. Note also that it does not
make sense to have a time range greater than the window width in CSD mode as the window, with its fixed right
hand edge, reaches zero width after stepping along by a time interval equal to the window width and there will be
no data for subsequent slices. In CSD mode window width should be greater than the time range. CSD mode is
often not required for measurements that have good signal to noise ratio, not using it allows frequency resolution
to be maintained throughout the time range of interest.

Waterfall Controls

Slice L;J 53 Total slices: E Colour Scheme: =
E] X D 12 Window (ms): 20Hz Top (dB).
E] o R;J 50 Time Range (ms}: E Bottom (dB):
Wz O 150 Rise Time (me): Range (dB): | 605
|| Only show frontmost slice [ Use C5D Mode |__| Banded colours
| Owerlay Transparent |V| |5muuth 1748 |V| @ Match top of scale to peak
Transparency (%) E
Owerlay: |Nn overlay !V| l Apply Default Settings |

The Slice slider selects which slice is at the front of the plot - as the slider value is reduced the plot moves
forward one slice at a time. The trace value shows the SPL figure for the front-most slice, the corresponding time
for that slice is shown at the top right of the graph.

The x, y and z sliders alter the perspective of the plot, moving it left/right, up/down and forwards/backwards
respectively. The check boxes next to the sliders allow the perspective to be disabled in that axis. Disabling the x
axis can make it easier to see the frequencies of peaks or dips. Disabling the z axis turns off all the perspective
effects which makes the plot like a filled spectral decay. Here is the same plot as above but with the x-axis
perspective effect turned off.
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If Only show frontmost slice is selected only the slice at the front of the waterfall will be shown.

The waterfall allows another measurement's plot to be overlaid on the current measurement. The overlay is
generated slice-by-slice, plotting a slice of the current measurement's waterfall, then a slice of the overlay, then
the next slice of the current measurement and so on. For this to be possible the waterfalls must cover the same
time range and have been generated from measurements with the same sample rate. N.B. before a
measurement is available to overlay it is necessary to generate the waterfall data for it.
4 .
Watarfall ]

= o

i

R

Y ] 40 0 il T 80 oF 100 i

The overlay is selected using the Overlay selector. Measurements which do not have waterfall data are shown in
grey in the selection list. To generate the data for a measurement select it as the current measurement and use
the Generate button.

Transparency can be applied to the main plot, the overlay, or both. When transparency is set to 0% both plots
are solid. In the image above the main plot is drawn at 75% transparency, allowing the overlay to show through.
The transparency mode can be switched between main/overlay/both to ease comparison between the plots.

The Total Slices control determines how many slices are used to produce the waterfall. Fewer slices mean faster
processing and lower memory use, but make it less easy to see how the response is varying over time. The
actual number of slices in a plot may be up to 20% fewer than the total slices requested to allow the slice interval
to be an integer number of samples, which speeds up processing.

The width of the impulse response section that is used to generate the waterfall is set by the Window control
(this control sets the Right Hand window width). The corresponding frequency resolution is shown to the right of
the window setting. Longer window settings provide better frequency resolution.
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The Time Range control determines how far the impulse response window is moved from its start position to
generate the waterfall.

The Rise Time control sets the time duration of the Left Hand window. Shorter settings give greater time
resolution but make the frequency variation less easy to see. The default setting, 100 ms, is aimed at revealing
room resonances. When examining drive unit or cabinet resonances with full range measurements a much
shorter rise time would be used, 1.0 ms or lower, with time spans and window settings of around 10 ms. CSD
mode may be more useful for such measurements as the later part of the impulse response can be noisy,
obscuring the behaviour in the later slices. The 'rise time' terminology dates back to the late 80s and MLSSA. In
MLSSA it referred to the 10% to 90% rise time of a left hand window formed by convolving a window function with
a unit step (in essence, the step response of the chosen window function). The actual width of the window was
much greater, depending on the window type - about twice the rise time for a Hann window, for example, or about
3 times the rise time for Blackmann-Harris. In REW the term is used to refer to the overall width of the left hand
window, somewhat misusing it in the interest of retaining terminology that is in common use for CSD plots whilst
adopting a definition that provides a clearer indication of what parts of the response lie inside and outside the
chosen window settings. To obtain similar results to the MLSSA-style definition use an REW setting that is twice
as long.

Use CSD Mode should be selected if the later slices of the waterfall are contaminated by noise in the
measurement. It would commonly be used when examining drive unit or cabinet resonances. CSD mode anchors
the right hand end of the window at a fixed point and only moves the left side. This does mean, however, that the
frequency resolution reduces (and the lowest frequency that can be generated increases) as the slices progress,
as each has a slightly shorter total window width than the previous slice. In CSD mode window width should be
greater than the time range (otherwise the window width would be zero at times in the range later than the width
of the window).

The Smoothing applied to the waterfall slices can be increased from 1/48th octave (the minimum, and
recommended) to as high as 1/3rd octave.

The control settings are remembered for the next time REW runs. The Apply Default Settings button restores
the controls to their default values.

Waterfalls can be generated with the slices filled in the same colour as the measurement or with a colour gradient
that varies with SPL. The Colour Scheme selector is set to None to use the measurement colour or to the
chosen scheme. Here is an example using the Heat colour scheme:

x ] ) 5 2] ® L R i} MH

The Top, Bottom and Range controls adjust how the plot colours correspond to the values in the waterfall data.
Any values higher than the Top are drawn in the colour at the top of the scale, any values lower than the Bottom
are drawn in the colour at the bottom. If the Top setting is changed the Bottom will be adjusted to keep the same
Range. If the Bottom is changed the range will be adjusted to keep the same Top. If the Range is changed the
Bottom will be adjusted, keeping the same Top.
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If Banded colours is selected the colour scale has discrete steps rather than a continuous blend from one colour
to another - there are 11 colours in that case to provide 10 bands across the scale range.

Match top of scale to peak adjusts the Top value so that it corresponds to the highest level found in the data.

Waterfall Controls - Audio Files

Slice Total slices: E Colour Scheme: =
E] X R_) 12 Window (ms): 20Hz Top (dB):
W) e -Cr 50| Gaussian | ¥ | Bottom (dB): |  32/%
W z- - 150 Range (dB): | 602
u Onhy show frontmost slice |_| Use CSD Mode l_I Banded colours
| Owerlay Transparent |V| |5muuth 1748 |V| E] Match top of scale to peak
Transparency (%) E
Owerlay: |N|:| overlay |V| l Apply Default Settings J

The controls are slightly different for imported audio files. There is no Time Range control, the waterfall is
generated for the full range of the imported file. There is no rise time control. A single, centred window is used to
generate the waterfall, the window type used is selected from the controls.

Waterfall Controls - Stepped Sine Measurements

Slice Colour Scheme:
[ = o 12 Top (dB}): .
o v - 50 Bottom (dB): E
W z- - 150 Range (dB): | 602
u Onhy ghow frontmost slice |_| Banded colours
|| Reverze slices E] Match top of scale to peak

l Apply Default Settings J

Stepped sine measurements have a reduced set of controls and some additional options that are only used for
stepped sine data. Each slice in a stepped sine measurement waterfall shows the spectrum data for a test
frequency.

The Slice and X, Y, Z perspective controls work in the same way as for sweep measurements. Only show
frontmost slice hides all slices except the frontmost, which can be selected using the Slice slider - this is a
convenient way to view the spectrum for a single test frequency. The test frequency for the current slice is shown
in the top right corner of the graph and on the left and right side walls. Reverse slices switches the order of the
slices with the exception of the noise floor, which is the last (frontmost) slice in the set.

Note that waterfalls can only be generated for stepped sine measurements that had the option to Capture
spectrum data at each frequency selected.
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Spectrogram Graph

This graph shows a spectrogram plot over the region from 10Hz to the end of the measurement. It can be
used to view the results of sweep measurements, the frequency content of imported audio files or the results
of stepped sine measurements for which the spectrum data has been captured at each measurement
frequency.

The spectrogram is like a waterfall viewed from above, with the level indicated by colour. The scale showing
how colour relates to level is displayed to the right of the plot. The vertical axis of the plot can show time,
increasing towards the top of the plot, or frequency with time on the horizontal axis. When viewing sweep
measurements the time starts before the peak of the impulse so that the onset of the response can be seen.
The areas where the response is decaying more slowly show up as streaks along the time axis. The dashed
line shows the peak level in the plot at each frequency.
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The spectrogram plot is generated in the same way as the Spectral Decay plot, shifting the impulse
response window to the right by a proportion of the time range to generate each succeeding slice. The
window type is selected in the graph controls. The plot uses logarithmically spaced data at 96 points per
octave.

To produce the spectrogram plot click the Generate in the bottom left corner of the graph area (shortcut
Alt+G). The legend panel shows the plot value at the intersection of the vertical and horizontal cursor lines.

An ideal Spectrogram decays very rapidly off the bottom of the scale range. Here is an example of a plot
produced from a soundcard loopback measurement in Fourier mode.
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Spectrogram Controls - Sweep Measurements

( :.1-:“:!&: i Fourier |v |T Amplitude: |;II._ug (dB SPL) |v |
Window (ms}: | 00 |$|2.IZI Hz Frequency axis: |K axis |"|
Window type: | Gaussian |"|
Span before peak (ms): | 200 |2 Colour Scheme: | cubehelbx |v| =&
Span after peak (ms): | 1,000 Scale Top (dB): | 90 [2]

Scale Bottom (dB): | 5021
|

EJ Draw contours | 5|%| 4IZI|%|

Scale Range (dB):

Spectrogram Graph

[:J Mormalize to peak at each frequency
[_1'] Fill spectrogram floor

EJ Show modal frequencies

[E] Match time zcale to window and range
E] IMatch top of scale to peak
EJ Banded colours

@ 30 enhancement

. [ Apply Default Settings J

Mode selects the type of spectrogram plot that will be produced, which can be either Fourier or Wavelet. In
Fourier mode the plot uses fixed width windows, which mean the plot has the same time resolution at all
frequencies. If the plot spans a wide range of frequencies this usually means the time resolution is either too
low at high frequencies or too high at low frequencies. A 100 ms window, for example, gives 10 Hz
frequency resolution. At low frequencies that is a big octave fraction (1/1.4 octaves at 20 Hz), at high
frequencies a very, very small octave fraction (1/1386 octaves at 20 kHz). For a time-frequency plot it would
be more useful if the tradeoff between time and frequency resolution varied with frequency, using a constant
octave fraction for frequency resolution rather than a constant number of Hz and so giving higher time
resolution at high frequencies and lower at low frequencies. A wavelet transform can achieve that,
specifically a constant Q Continuous Wavelet Transform (CWT). A constant Q wavelet transform is
mathematically equivalent to using a frequency-dependent window to produce the spectrogram, which is
what REW does. This method is faster than typical CWT calculations, but may produce some artefacts in
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parts of the response that extend to frequencies close to half the sample rate - using a higher sample rate
shifts these beyond the usual range of interest.

Here is a 1/6 octave Wavelet spectrogram of the same soundcard loopback measurement shown above. It
becomes narrower as frequency increases, reflecting the increasing time resolution of the wavelet plot.

me

Ideal impulse wavelet spectrogram
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Here is the same measurement from the first image above as a 1/12 octave Wavelet spectrogram.

Wavwelef spectrogram 1/12 octave
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The difference between the Fourier and Wavelet spectrograms can be more easily seen when looking at
responses with reflections. Here are two plots of a response which has a series of reflections at 1 ms
intervals after the peak. In the Fourier spectrogram, using a 10 ms window and a 10 ms span after the peak,
the effect on the frequency response and decay are clearly visible, with peaks at 1 kHz intervals. However,
the reflections themselves cannot be distinguished.
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Fourier spectrogram
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The wavelet plot also shows the frequency response and decay effects, but thanks to its greater time
resolution at high frequencies the reflections themselves become visible as horizontal bars.
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In Wavelet mode a Freq. Resolution control replaces the Window control and allows resolutions between 1
octave and 1/24th octave to be selected.

The Window type control selects the window that is used for each slice of a Fourier spectrogram, Hann is
well suited to viewing the content of imported audio files, Gaussian provides a more optimal time/frequency
tradeoff for sweep measurements.

The Span before peak and Span after peak controls determine how much spectrogram data will be
generated around the impulse response peak for a sweep measurement. There are no span controls for
imported audio files, the spectrogram is generated for the whole span of the file.

Draw contours adds contour lines at the dB interval set in the adjacent spinner.
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Normalise to peak at each frequency scales (boosts) the plot at each frequency so that it has the same
peak value. This can be useful when examining energy decay or the time alignment between drive units as it
removes the level differences. Note that using 3D enhancement with normalisation may result in artefacts

along the frequency axis.

| Normalised wavelet spectrogram
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Fill spectrogram floor fills the floor of the plot with the colour at the bottom of the scale range. When the
floor is filled the grid is drawn on top of the spectrogram, it can be shown/hidden using the Show/Hide Grid
toggle in the Graph menu or using the Ctrl+Shift+G shortcut.
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If Show modal frequencies is selected the theoretical modal frequencies for the room dimensions entered
in the Modal Analysis section of the EQ Window are plotted at the bottom of the graph.

The Amplitude control offers a choice between linear and logarithmic scales. The log scales are dB SPL
and dBFS, the linear scales are % peak and % FS. Using the linear % peak scale with a Wavelet plot makes
it easier to see timing shifts. The dBFS and % FS scales may eb useful when viewing imported audio files.

Frequency axis determines whether frequency is along the X or Y axis. Spectrograms of audio data
typically have frequency along the Y (vertical) axis, having frequency along the X (horizontal) axis allows
easier visual comparison with waterfall plots.

The Colour Scheme for the plot can be changed, the plots above use the "Heat" scheme, here is a plot
using the "Copper" colour scheme with 3D enhancement active.
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One of the colour schemes is based on cubehelix by Dave Green, see
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https://www.mrao.cam.ac.uk/~dag/CUBEHELIX/. It is based on a helical path around the diagonal of an RGB
colour cube, taking into account the perceived intensity of colours to create a scheme that perceptually has
monotonically increasing brightness. The cubehelix scheme can be configured to change its appearance
using the settings panel below, which is activated by clicking the icon to the right of the colour scheme
selector:

Start hue (deg):

!!
aoyan

Rotation (deg}:

Hue factor: E

l Reset to defaults

Start hue is the hue in degrees at the base of the plot. Rotation is how many degrees the helix travels
around the cube diagonal, setting rotation to zero produces a scheme with a single hue. Rotation can be
positive or negative. Hue factor is a scaling applied to the colours, a factor of 1.0 ensure perceptual
uniformity but higher values produce a more colourful scheme. The original scheme covers the whole span
from black to white, but the Min grey and Max grey controls allow starting at a level above black, making the
start hue visible, and ending before white, leaving some colour at the top of the scale.

The Scale Top, Scale Bottom and Scale Range controls adjust how the plot colours correspond to the
values in the Spectrogram data. Any values higher than the Scale Top are drawn in the colour at the top of
the scale, any values lower than the Scale Bottom are drawn in the colour at the bottom. If the Scale Top
setting is changed the Scale Bottom will be adjusted to keep the same Scale Range. If the Scale Bottom is
changed the Scale range will be adjusted to keep the same Scale Top. If the Scale Range is changed the
Scale Bottom will be adjusted, keeping the same Scale Top.

Match time scale to window and range adjusts the time axis range so that it starts at the Window width
before zero (e.g. -300 ms for a 300 ms Window setting) and ends at the Time Range (e.g. 1000 ms for a
1000 ms Time Range) so that the plot shows all the generated data.

Match top of scale to peak adjusts the Scale Top value so that it corresponds to the highest level found in
the data.

Select Plot the peak energy curve to overlay a line showing where the highest SPL occurs at each
frequency, this can highlight variations in peak energy arrival time versus frequency - an ideal peak energy
curve would be a straight line with the same time value for all frequencies.

3D enhancement gives the plot a more three-dimensional appearance.
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If Banded colours is selected the colour scale has discrete steps rather than a continuous blend from one
colour to another - there are 11 colours in that case to provide 10 bands across the scale range.

b6 Banded colours
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The control settings are remembered for the next time REW runs. The Apply Default Settings button
restores the controls to their default values.

Spectrogram Controls - Stepped Sine Measurements
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Stepped sine measurements have a reduced set of controls, to select the amplitude, frequency axis, colour
scheme and the SPL range. The equivalent of the time axis for stepped sine measurements is the test
frequency at which the spectrum data was captured, those frequencies are shown along the axis. When a
stepped sine measurement is selected the axis is automatically scaled to show all of the test frequencies in
the measurement, but it can subsequently be zoomed in or out using the axis zoom buttons. Note that
spectrograms can only be generated for stepped sine measurements that had the option to Capture

spectrum data at each frequency selected.
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Oscilloscope Graph

This graph shows the generated sweep test signal and the raw captured system response as acquired via
the soundcard, which may be useful for troubleshooting. This is not a live display, it updates with new
content after a sweep has completed. Only the signals for the last measurement are shown. The Y axis is
the percentage of digital full scale. The generated sweep is shown normalised so that its peak value is
100%. If the captured trace reaches +100 or -100% it is clipping and the sweep level or AV processor
volume should be reduced.
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Scope Controls

|:| Imvert captured traces

Showy pairts when zoomed in

These traces may have an giigsed
Fopegiance at frequencies
geprogching half the sampling rate that
Is hot 3 trie representation of the

| correspanding contintons time signal

A check box is provided to invert the captured trace for easier comparison with the test signal if the
soundcard input is inverting. As a more permanent solution for this select the Invert checkbox in the
soundcard Input Channel settings. If Show points when zoomed in is selected the individual time samples
will be shown if the horizontal zoom level is high enough to distinguish them.

Help Index
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Overlays Window
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The overlays window shows plots for all the currently loaded measurements. It is shown by pressing the
Overlays button in the toolbar of the main REW window.

A%

Owerlays

The overlay plots are selected via the buttons at the top of the graph area.

|SPL & Impedancel Predicted SPL | Phase | Predicted Phase | Distortion | Impulse | ETC | Step | GD | RTEQ | Clar'rt'gr]

The various graph types are:

SPL

All the measurement SPL traces

Predicted SPL

The predicted SPL for each measurement after applying any EQ filters that have been defined for the
measurement in the EQ Window.

Phase

All the measurement phase traces

Predicted Phase

The predicted phase for each measurement after applying any EQ filters that have been defined for
the measurement in the EQ Window
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Distortion

Distortion traces for each measurement, showing the distortion measure selected in the graph
controls, which can be THD, any available harmonic up to the 10th or the fundamental

Impulse

All the measurement impulse responses

ETC

All the measurement impulse response envelope traces

Step

All the measurement step responses

GD

All the measurement group delay traces

RT60

All the measurement RT60 traces

Clarity

All the measurement clarity/definition traces

Separate Traces

The basic controls for the overlay graphs are described in the main Graph Panel help, but the Overlays
window has one additional button.

G

The Separate Traces button to the right of the graph selector offsets each trace downwards from the
preceding trace to make it easier to distinguish individual features when the traces are at similar levels.

Graph Controls

The SPL graph has controls to apply smoothing to all the currently selected traces, a control to offset any of
the traces and a box to select whether data points should be plotted. The trace offset moves the graph
position, but does not alter the data so the legend values do not change. If the Add offset to data button is
pressed the current offset value is transferred to the measurement data and the legend readings will update
accordingly. If Show points when zoomed in is selected the individual points that make up the measured
phase responses are shown on the graph when the zoom level is high enough for them to be distinguished
(which may only be over part of the plot)
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The Predicted SPL, Phase, Predicted Phase and Group Delay overlays also have a smoothing control. The
Phase and Predicted Phase overlays have additional controls to wrap or unwrap the currently selected
phase traces. The Phase, Impulse, Step and Group Delay overlays have a control to show data points when
zoomed in.

Right clicking in the legend area of an overlay graph brings up a small menu that allows all traces to be
selected or all selections to be cleared.

31dB [¥] 2 Jun 21 1413
23dB|  Select Al i)
3 Bl Clear sele::'ti::nns

Hovering the cursor over the name of a measurement in the legend panel will bring up a tool tip showing the
measurement notes.

Help Index
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The RTA window allows Real Time Analyser (RTA) or spectrum analyser plots to be generated, updating as
the input signal is analysed. It is shown by pressing the RTA button in the toolbar of the main REW window.

RTA

The RTA trace is activated by pressing the record button ®  in the top right hand corner of the graph area,
after which it will continuously analyse blocks of input samples and display the frequency spectrum of each
block. Sometimes the analyser would be used without a test signal, for example to look at the frequency
content of background noise, but more often it would be used together with the REW generator or an
external generator or signal source. If the generator is playing a pink noise signal (or even better, pink
Periodic Noise) the RTA display will show the frequency response of the room, updated live so that the
effects of changing EQ settings can be immediately seen.

Playing a sine wave test tone on the generator allows the levels of the tone and its harmonics to be observed
on the analyser and distortion percentages to be calculated, whilst using the dual tone generator allows
intermodulation distortion measurements.

The RTA plot shows the currently selected measurement as a reference and the live RTA or spectrum. A
Peak trace is also available, which is reset by the Reset Averaging button. If Inverse C compensation is
being applied the icon is shown after the trace value. If Mic/Meter calibration file or soundcard calibration file
have been loaded they are applied to the results. The current Input RMS value is shown to the left of the
record button, in dB SPL or dBFS according to the setting of the Y axis. This figure excludes any DC content
in the signal. A and C weighted values are shown below the unweighted rms figure. If clipping is detected in
the input the RMS value turns red.
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A dBc Y axis option is offered which places the peak level of the input at 0 dBc, or places the peak of the
fundamental at O dBc when the distortion panel is active.

Spectrum/RTA controls

The controls for the plot are shown below.

Distortion High Pass (Hz): EUH Enable high pazs

EDDDUH Enable low pass

Mode: | Sp&ctrum|"| |:| Uze bars on spectrum
Smoothing: | Mo 5muuthing|"’| |:| Uze bars on RTA
FFT Length: | 63536 | Y| |:| Adjust RTA levels
Averages: | Fure'.fer|"'| |:| Show phase of harmonics
Window: | Blackman-Harris T|"’| |:| Use S4-bit FFT
Max Overlap: | 93.75% | ¥ |
Update Interval: | 1 |Y|
Peak Hold (=) | o|>|
Peak Decay (dBis): | o>

|

|

Distortion Low Pass (Hz):

The Mode can be set to Spectrum for a spectrum analyser plot or to various RTA resolutions from 1 octave
to 1/48 octave. The difference between spectrum and RTA modes is how the information is presented. In
spectrum mode the frequency content of the signal is split up into bins that are all the same width in Hz. For
example, with a 64k FFT length and 48 kHz sample rate the bins are 0.732 Hz wide. The plot shows the
energy in each of those bins. In RTA mode the bin widths are an octave fraction, so their width in Hz varies
with the frequency. For example, a 1 octave RTA plot has bins that are 70.7 Hz wide at 100 Hz (from 70.7
Hz to 141.4 Hz) and 707 Hz wide at 1 kHz (from 707 Hz to 1.414 kHz). The plot shows the combined energy
at each frequency within each bin. This is closer to how our ears perceive sound. The different presentations
mean signals with a spread of frequency content will look different on the plot. The best known examples are
white noise and pink noise. White noise has the same energy at each frequency. On a spectrum plot, which
shows the energy at each frequency, the white noise plots as a horizontal line. On an RTA plot it appears as
a line that rises with increasing frequency, as each RTA bin gets wider it covers more frequencies and so
has more energy. The bin widths double with each doubling of frequency so the energy also doubles, which
adds 3 dB on the logarithmic plots we use to show level. White noise sounds quite ‘hissy’, we perceive it as
having more energy at higher frequencies.

Pink noise has energy that falls 3 dB with each doubling of frequency. On a spectrum plot it is a line that falls
at that 3 dB per octave rate, on an RTA plot it is a horizontal line as the energy in the signal is falling at the
same rate as the bins are widening. We perceive pink noise as having a uniform distribution of energy with
frequency.

Single tones are a special case, they will appear at the same level on either style of plot as their energy is all
at one frequency, so on a spectrum plot they show as a vertical line, on an RTA plot they show (typically) as
a bar of the width of the bin at their frequency, but the height of the bar is the same as the height of the line
on the spectrum as all the energy is at that one frequency.

In Spectrum or RTA modes the plot can either draw lines between the centres of the FFT bins or draw
horizontal bars whose width matches the FFT bin or RTA octave fraction width, this is controlled by the Use
bars on spectrum and Use bars on RTA check boxes.
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In Spectrum mode smoothing can be applied to the trace according to the setting of the Smoothing box.
Smoothing is not applicable for RTA modes.

FFT Length

The FFT Length determines the basic frequency resolution of the analyser, which is sample rate divided by
FFT length. The shortest FFT is 8,192 (often abbreviated as 8k) which is also the length of the blocks of
input data that are fed to the analyser. An 8k FFT has a frequency resolution of approximately 6Hz for data
sampled at 48kHz. As the FFT length is increased the analyser starts to overlap its FFTs, calculating a new
FFT for every block of input data. The degree of overlap is 50% for 16k, 75% for 32k, 87.5% for 64k and
93.75% for 128k. The overlap ensures that spectral details are not missed when a Window is applied to the
data. The maximum overlap allowed can be limited using the Max Overlap control below to reduce
processor loading at higher FFT lengths.

Window

The FFT resolution is also affected by the Window setting. Rectangular windows give the best frequency
resolution but are only suitable when the signal being analysed is periodic within the FFT length or if a noise
signal is being measured. The Rectangular window should always be used with the REW periodic noise
signals. Most other signals, e.g. sine waves from the REW generator or test tones on a CD, typically would
not be periodic in the FFT length. Using a rectangular window when analysing such a tone would generate
spectral leakage, making it difficult to resolve the frequency details - the plot below shows an example of a
1kHz tone from an external generator with a Rectangular window.
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Here is the same tone analysed with a Hann window.
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The window allows the harmonics of the tone to be resolved. However, the tradeoff is that windows cause
some spreading of the signal they are analysing, which reduces the frequency resolution. To use a
rectangular window with the REW signal generator use the generator's Lock frequency to FET option.

The Hann window is well suited to most measurements, offering a good tradeoff between resolution and
shoulder height. If very high dynamic range needs to be resolved (very small signals close to very large
signals) use the 4-term or 7-term Blackman-Harris windows. If the spectral peak amplitudes must be
accurately measured use the Flat Top window, this will provide amplitude accuracy of 0.01 dB regardless of
where the tone being measured falls relative to the bins of the FFT. The other windows only show the
spectral amplitude accurately if the tone is exactly on the centre of an FFT bin, if the tone falls between two
bins the amplitude is lower, with the maximum error occurring exactly between two bins. This maximum error
is 3.92dB for the Rectangular window, 1.42dB for Hann, 0.83dB for the 4-term Blackman-Harris and 0.4dB
for the 7-term Blackman-Harris.

Max Overlap

The spectrum/RTA plot can be updated for every block of audio data that is captured from the input,
overlapping sequences of the chosen FFT length. This can present a significant processor load for large FFT
lengths. The processor loading can be reduced by limiting the overlap allowed using this control.

Update Interval

The spectrum/RTA plot is updated by default for every block of audio data that is captured from the input.
This can cause a significant processor load, particularly if the RTA window is very large or for large FFT
lengths. The processor loading can be reduced by updating the plot less often, which is set by the Update
Interval control. An update interval of 1 redraws the trace for every block, an interval of 4 (for example) only
updates the trace on every 4th block.

Peak Hold and Peak Decay
The Peak Hold and Peak Decay controls set how long, in seconds, a peak value is held and how quickly, in

dB per second, the peak values decay. If Peak Hold is set to 0 the peak values are not held at all. If Peak
Decay is set to 0 the peak trace does not decay.

Distortion High Pass and Low Pass

The Distortion High Pass and Low Pass are used to set the lowest and highest frequencies that will
contribute to the calculation of THD and THD+N. They are only applied when the Enable high pass and
Enable low pass boxes are selected and the Distortion button is pressed. Either can be enabled
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individually. When they are active the region of the plot which is excluded from the calculations will be
greyed out and the THD and THD+N figures will show the range over which they have been calculated.

Adjust RTA Levels

The RTA plot shows the energy within each octave fraction bandwidth. As the RTA resolution increases,
from 1 octave through to 1/48 octave, the octave fraction bandwidths decrease and, for broadband test
signals such as pink noise, the energy in each octave fraction decreases correspondingly. Whilst the RTA is
correctly showing the actual level within each octave fraction, this variation of trace level with RTA resolution
can be awkward when using the RTA with a pink PN noise signal to adjust speaker positions or equaliser
settings. The Adjust RTA Levels option offsets the levels shown on the RTA plot to compensate for both the
bandwidth variation as resolution is changed and the difference between a sweep measurement at a given
sweep level and a pink PN RTA measurement at the same level, allowing direct comparison between RTA
and sweep plots. Whilst the levels shown are not the true SPL in each octave fraction, they are more
convenient to work with. N.B. This option should only be used with broadband test signals, such as pink
noise or pink PN.

Show phase of harmonics

If this option is selected the distortion data panel includes the phase of each harmonic relative to the
fundamental.

1,000.0 Hz, -9.9 dB F§

THD: 33.3% THD+N: 31.6%
2nd: 31.6% 10 deg 3rd: 10.0% 20 deg
4th: 3.16% 30 deg Sth: 1.00% 40 deg

Gth: 0.317% 30 deg Tth: 0.100% 60 deg
gth: 0.0318% 70 deg gth: 0.0102% &0 deg

Use 64-bit FFT

If this option is selected the RTA uses a 64-bit FFT to process the incoming data instead of 32-bit. This is
useful when analysing purely digital 24-bit data paths to view behaviour below -160 dBFS. It has no visible
effect when analysing signals that have an analog connection at any point along the data path or when
dealing with 16-bit data, as in those cases noise and quantisation effects far exceed any numerical
limitations of 32-bit processing. Here are some examples showing the difference the 64-bit FFT makes when
analysing undithered and dithered 24-bit data over an S/PDIF loopback connection from REW's signal
generator producing a 1 kHz sine wave at -20 dBFS. Note that the 2nd harmonic spike at -173 dBFS in the
dithered data appears to be an artefact of data handling within the S/PDIF loopback connection (via
Windows 10). The vertical divisions are at 20 dB intervals, the bottom of the plot is at -220 dBFS.
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Averaging

The plot can be set to show the live input as it is analysed or to show the result of averaging measurements,
according to the selection in the Averaging control. Selecting a number for averages results in that many
measurements being averaged to produce the result, with the oldest measurement being removed from the
average as each new measurement is added. There are several Exponential averaging modes, which give
greater weighting to more recent inputs. The figure shown in the selection box is the proportion of the old
value which is retained when a new measurement is added, the higher the figure the more heavily averaged
the display becomes. There is also a Forever averaging mode which averages all measurements with equal
weight since the last averaging reset.

The Reset Averaging button above the graph restarts the averaging process (keyboard shortcut Alt+R).
Averaging is needed when measuring with pink noise or when there is noise in the signal being measured.
Note that if measuring a response using pink noise the best results are obtained using REW's periodic noise
signals, which can be exported as wave files from the signal generator to produce a test disc for the system
to be measured if direct connection to the PC running REW is not possible.

The Save button converts the current display into a measurement in the measurements pane (keyboard
shortcut Alt+S). It is converted in the current mode of the analyser, so if the analyser is in Spectrum mode
the measurement shows the spectrum, if it is in RTA mode it shows the RTA result. The saved
measurements can be used as references for subsequent spectrum/RTA measurements. If distortion data is
available it is copied to the comments area of the saved measurement.

Distortion Measurements

When the Distortion Panel button (keyboard shortcut Alt+D) is selected the analyser calculates and
displays harmonic or intermodulation distortion figures for the input, including THD, N (noise and non-
harmonic distortion), THD+N and the relative levels of the 2nd to 9th harmonics.

Harmonic Distortion

Harmonic distortion results are only valid when the system being monitored is driven by a sine wave
at a single frequency. If the REW signal generator is playing a sine signal the generator frequency is used
as the fundamental frequency of the input, otherwise the highest peak is used to determine the fundamental.
The fundamental and its level are displayed. In calculating the power for the fundamental and harmonics the
energy in the FFT bins within the relevant span of the nominal frequencies appropriate for the RTA window
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selection is summed and then corrected according to the window's equivalent noise bandwidth.

The THD figure is based on the number of harmonics whose levels are displayed and is calculated from the
sum of those harmonic powers relative to the power of the fundamental. Individual harmonic figures are also
calculated from their power relative to the power of the fundamental. The THD+N figure is calculated from
the ratio of the input power minus the fundamental power to the total input power (note that it is possible for
THD+N to be lower than THD using these definitions). The N figure is calculated from ratio of THD+N minus
THD to the total input power. The upper limit for data used in distortion calculations is 95% of the Nyquist
frequency (i.e. 95% of half the sample rate) or the Distortion Low Pass, if enabled. The lower limit is the first
FFT bin or the distortion High Pass, if enabled.

The example below shows data for a 1 kHz sine input. The positions of the harmonics are shown on the
spectrum or RTA plot. The Distortion High Pass and Distortion Low Pass have been set to 20 Hz and 20 kHz
respectively, hence results are based on data from the span 20 Hz to 20 kHz.

1,000.0 Hz, -9.9 dBFS
Span: 20..20,000 Hz THD: 0.12%

M: 0.0073% THD+N: 0.12%
2nd: 0.099% Jrd: 0.0580%
4th: 0.025% Sth: 0.013%
Eth: 0.0063% Tth: 0.0032%
ath: 0.0016% Gth: 0.0012%

Intermodulation Distortion

Intermodulation distortion results are only valid when the system being monitored is driven using
REW's Dual Tone test signal. The generator provides preset signals for SMPTE, DIN and CCIF
intermodulation measurements and a ‘Custom' option allowing a user-selected pair of frequencies at a 1:1 or
4:1 ratio. When the signals are in 1:1 ratio the IMD figure is calculated from the level at f2-f1 (also called
Difference Frequency Distortion or DFD), the reference level for the percentage figure is twice the level at f2.
For signals with 4:1 ratio the IMD is calculated from the 2nd order (d2) and 3rd order (d3) components, the
reference level for the percentage figure is the level at f2. REW displays the overall IMD figure and, where
appropriate, the individual d2 and d3 levels, labelled as follows:

|C0mponent” Freq |
| d2L || f2-11 |
| d2H | 2+ |
| d3L [[f2- 241
| d3H  [[f2+ 21

IMD 0.0655%%
1.  250Hz
f2 §,000Hz
ref. 12 level
dZl: 0L0462%
d2H: 0.0463%
d3l: 0.0030%
d3H: 0.0031%
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Stepped Sine Distortion

When the Stepped Sine Measurement button is pressed a dialog appears to configure and run a stepped
sine distortion measurement.
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-Stepped Sine Measurerment >
FFT Length: | 65535 | v |

Averages: | El"’l

Start frequency (Hz): | 200~

End frequency (Hz): | 20000.0 ||
Frequency step (PPO): | Zdlvl
Level (dBFS). | P

Silence interval (mz); | )=

E] Capture spectrum at each freguency

E] Stop measurement if excessive clipping occurs

Warning: Stepped sine testing at high signal
levels can damage drive units, especially
tweeters. Use the silence interval to provide
cooling time and keep levels moderate,

| 240 measurements reguired |

v

Cancel

>

Start

T H‘ -3

REW's signal generator is used to produce the measurement frequency. Note that the currently applied
signal generator settings are used, so dither will only be applied if selected (it is selected by default and is
recommended). The frequency can be stepped in intervals of between 1 and 96 points per octave over the
selected span. To avoid scalloping loss effects the test frequencies use the closest FFT bin frequency, that
ensures the peaks of the fundamental and all harmonics are captured in the plots.

At each frequency step all the distortion data is captured, when all points have been captured a new
measurement is generated. The levels of the fundamental (brown), 2nd harmonic (red) and 3rd harmonic
(orange) are shown on the RTA graph while the measurement progresses. If the Stop button is pressed a
measurement is generated from the data collected up to that point. Stepped sine measurements typically
take many minutes. The Pause button pauses the measurement, turning off the signal generator. Press it
again to resume the measurement. The Back button removes the last point measured and re-measures it.
Back can be used when the measurement is running or paused. Cancel discards the measurement.

If Capture spectrum at each frequency is selected a 96 PPO log spaced copy of the spectrum data at
each measurement frequency will be captured. That spectrum data can be viewed on the Waterfall or
Spectrogram graphs or exported to a text file. Note that exported spectrum data should not be used to try
and calculate distortion levels as it does not have sufficient frequency resolution to accurately calculate the
energy in each harmonic.

If Stop measurement if excessive clipping occurs is selected the measurement will be stopped if more
than 30% of the samples in an input block are clipped. That corresponds to an input level about 2 dB above
the clipping threshold.

The minimum start frequency depends on the FFT length and the sample rate - for example, for an 8192
point FFT and 44.1 kHz sample rate the minimum start frequency is approx 60 Hz, for a 32768-point FFT at
44.1 kHz the minimum start is approx 15 Hz. The spreading effect of the RTA window would obscure the 2nd
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harmonic level at frequencies lower than the minimum and prevent a valid reading of distortion. The
measurement frequencies are chosen so that they correspond to bin frequencies for the selected FFT
length, this prevents window scalloping loss from affecting the amplitudes of the fundamental or harmonics.

At the beginning of each measurement the noise floor is captured and used to (optionally) mask distortion
results that are below the noise floor (see the distortion graph help).

The progress bar shows the approximate time remaining to complete the measurement. Stepped sine
measurements are faster when using ASIO drivers as the input and output buffers are smaller than when
using Java drivers, hence less time is required for the buffers to flush through when changing frequency. The
distortion results can be viewed on the Distortion graph. Note that, as with the log sweep distortion
measurements, calibration files are not applied to the stepped sine distortion results, but they are included
in the SPL values for the resulting measurement.

Although much, much slower than a log sweep the stepped sine measurement captures N (noise and non-
harmonic distortion) and THD+N (neither is available with a log sweep) and can measure low distortion
levels more accurately than a sweep, particularly at high frequencies and for higher harmonics. This makes it
well suited to measuring the distortion of electronic components. The plots below show a soundcard
loopback measurement at -12 dBFS measured with stepped sine (64k FFT, 24 ppo) and with 8 repetitions of
a 1M log sweep. Note the rise in the levels of harmonics with frequency when measuring with the sweep.
This reflects the rise in the noise floor of the device (as can be viewed with the RTA in RTA mode), the
sweep cannot separate distortion from noise as well as the stepped sine measurement.

20 Mo smoothing
[ 1 Glepped sing, 4 dBFS

am

1 e, —e _— -

aree
aom
4

1
A A AL A DA AR Ay it

el A4S ED M D ] R T 3 » W% BT B0 SOk He

Page 162 of 249



REW V5.19 Help

b

- Mo smoothing

™ T sweesp 4 UBFRS

Lol

a

0

1

15

az

ai
s
s
am —F
Py S ————— E————— R e
0 g I
ol
AEd
=®E

m n 40 3 ED TQOBD 10D 2 m %] N0 SM HO 1k 3 = 4 2 B R 10k 0B Hr

=1 @A WE 8 1m m i 4m a0 @0 Ak Ik #* 4 [k kThAE 10K 0.0k He

Page 163 of 249

RTA Window



REW V5.19 Help RTA Window

1:] 1 o 40 51 3 ™A 1\ 0 30 43 580 B0 1k > = 4 =R TR O 24 Hr

Help Index

Page 164 of 249



REW V5.19 Help EQ Window

EQ Window
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The EQ Window is used to determine what EQ filters to apply to a response and to see the effect those filters
would have on both the frequency and time domain behaviour. It always shows the response currently selected
in the main REW window, which can be changed from the REW main window or by pressing ALT + a
measurement number (e.g. Alt+3 selects the third measurement) or using ALT+UP/ALT+DOWN to move
through the measurements.

The window has 3 main areas: a "Filter Adjust" graph of frequency responses, a second graph area showing
the impulse response and waterfall, and a panel on the right with various settings related to the EQ functions
and modal analysis. The right hand panel can be hidden/shown using the button at the top of the scroll bar.

Filter Adjust

The Filter Adjust plot shows the measured and predicted (equalised) response for the current measurement
along with the target response and the response of the equaliser filters with and without the target. This plot, in
common with all plots that have a frequency axis, also shows where any filters have been defined, displaying
the filter's number along the top margin of the plot at the position corresponding to its centre frequency.
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The frequency response of the measurement is labelled with the measurement name. The Predicted response
shows the predicted effect of the measurement's filters. The Target trace shows the target frequency response
for the measurement, including any desired House Curve response shape. If a House Curve has been loaded
the & symbol will be displayed by the trace value. The Target response includes the Bass Management curve
appropriate to the speaker type selected for the measurement in the Target Settings. The Filters trace shows
the combined frequency response of the filters for this measurement, along with the individual filter responses if
this has been selected (see Filter Adjust Controls below). The Filters+Target trace shows the frequency
response of the filters overlaid on the Target response. Selecting the filter responses to be drawn inverted and
adjusting the filters so that this curve matches the measured response will result in the predicted response
matching the target.

Filter Adjust Controls

The control panel for the Filter Adjust graph has these controls:

|N|:| Smoathing | = |

Irvert fiter responses
Fill fitter responzes
Shovw each fiter

L] Fill each fiter

The smoothing selector operates in the same way as those on the other graphs. When Invert filter responses
is selected the responses of the filters are drawn inverted. This is useful for graphically matching the shape of a
filter to the shape of the peak it is being used to correct, when the shapes match the overall response in that
region will be flat. Fill filter responses fills the overall filter response. Show each filter draws the individual
filter response shapes separately in different colours. Fill each filter fills the individual responses.
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EQ Filters Panel
The EQ Filters panel is displayed by clicking the button at the top of the EQ window.

| EQFiters |

Waterfall

The Waterfall plot shows a waterfall for the measurement and for the predicted result of applying the current
filters to the measurement. The Predicted waterfall can be configured to update automatically as filters are
adjusted (see Waterfall Controls below).

d8

Waterfall | 300ms

oo

Waterfall Controls

Slice 51 Total slices:
K 16 Time: F‘.ﬂnge(ms}:
[+] v 50 Window (ms); 2.0Hz
z 150 Rise Time (ms):
| Main transparent v| | Smooth 1,43 |V|
Tranzparency (%) E |:| Uze CSD Mode
Predicted Waterfall Live Update [ Apply Default Settings J

The Slice slider selects which slice is at the front of the plot - as the slider value is reduced the plot moves
forward one slice at a time. The trace value shows the SPL figure for the front-most slice, the corresponding
time for that slice is shown at the top right of the graph.

The X, Y and Z sliders alter the perspective of the plot, moving it left/right, up/down and forwards/backwards
respectively. The check boxes next to the sliders allow the perspective to be disabled in that axis. Disabling the
X axis can make it easier to see the frequencies of peaks or dips. Disabling the z axis turns off all the
perspective effects.

The Predicted plot can be overlaid on the current measurement. The overlay is generated slice-by-slice, plotting
a slice of the current measurement's waterfall, then a slice of the overlay, then the next slice of the current
measurement and so on.

Transparency can be applied to the main plot, the Predicted overlay, or both. When transparency is set to 0%
both plots are solid. The transparency mode can be switched between main/overlay/both to ease comparison
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between the plots.

If Predicted Waterfall Live Update is selected the waterfall will be regenerated as filters are adjusted - it may
take a few seconds for the update to appear, depending on the speed of the computer and the frequency span
of the measurement.

The Total Slices control determines how many slices are used to produce the waterfall. Fewer slices mean
faster processing, but make it less easy to see how the response is varying over time.

The Time Range control determines how far the impulse response window is moved from its start position to
generate the waterfall.

The width of the impulse response section that is used to generate the waterfall is set by the Window control
(this control sets the Right Hand window width). The corresponding frequency resolution is shown to the right of
the window setting. Longer window settings provide better frequency resolution.

The Rise Time control sets the width of the Left Hand window. Shorter settings give greater time resolution but
make the frequency variation less easy to see. The default setting, 100 ms, is aimed at revealing room
resonances. When examining drive unit or cabinet resonances with full range measurements a much shorter
rise time would be used, 1.0 ms or lower, with time spans and window settings of around 10 ms. CSD mode is
often more useful for such measurements as the later part of the impulse response can be noisy, obscuring the
behaviour in the later slices.

The Smoothing applied to the waterfall slices can be increased from 1/48th octave (the minimum, and
recommended) to as high as 1/3rd octave.

Use CSD Mode should be selected if the later slices of the waterfall are contaminated by noise in the
measurement. It would commonly be used when examining drive unit or cabinet resonances. CSD mode
anchors the right hand end of the window at a fixed point and only moves the left side. This does mean,
however, that the frequency resolution reduces (and the lowest frequency that can be generated increases) as
the slices progress, as each has a slightly shorter total window width than the previous slice.

The control settings are remembered for the next time REW runs. The Apply Default Settings button restores
the controls to their default values.

Impulse

The Impulse plot shows the impulse response of the measurement and of the predicted result of applying the
current filters to the measurement.
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EQ Settings

The area to the right of the graphs contains a group of collapsible panels containing settings that affect the EQ
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Equaliser Panel

REW V5.19 Help

Equalizer: Generic =
() TMREQ () DSP1124P

() FBO2496 () DCX2496

() SM3-1 () R-DES

() DSP_30 () USHK 810

() MiniDSP () MiniDSP-96k

() nanoAVR () DSP A8

() ADA PEQ () XP2040

() uMc-200 () ¥Me-1

O Dual Core @ Generic

EQ Window

The Equaliser panel is used to select the type of equaliser that will be applied to the current measurement.
Changing the equaliser type updates the filter panel, applying the settings appropriate to the selected equaliser.
Filters already defined are retained where possible, but parameter values will be adjusted if necessary to
comply with the ranges and resolutions of the chosen equaliser. The currently selected equaliser is shown in

the panel title and in the EQ Filters panel. Details of the various equaliser types can be found here.

Target Settings
Target Settings

Speaker Type:
Crossover:
Cutoff (Hz):

LF Slope:

LF Cutoff (Hz):

LF Rise Start (Hz):
LF Rize End (Hz}.

LF Rize Slope (dBfoctave):

HF Fall Start (Hz):

HF Fall Slope (dB/octave):

Target Level (dB}):
Set Target Lewvel

Full Range
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The Target Settings panel is used to tell REW what you expect or want the response to look like, so it knows
what to aim for when applying EQ. The first selection (Speaker Type) is what kind of speaker the measurement
is from. If it's a Full Range ("Large") speaker the basic target is flat. If it's from a Bass Limited ("Small") speaker
the target has low frequencies rolled off to include the effect of the bass management filter, then the Crossover
setting lets you tell REW how steep the bass management filter is and Cutoff is what frequency it is set to,
typically 80Hz in Home Theatre systems. Same for Subwoofer, except the high frequencies are rolled off. The
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crossover slope would typically be 24dB/octave for a subwoofer and 12dB/octave for a bass limited speaker,
however the 12dB/octave figure for a speaker is used because the speaker itself is expected to have around a
12dB/octave acoustic roll-off, hence the overall effect of the filter and the speaker's roll-off is around
24dB/octave - the 24dB setting may be a better match to the measured response in those cases.

For Subwoofers and Full Range speakers the LF Cutoff and LF Slope settings also come into play. They are to
allow for the fact that although we might like to have speakers or subs that are flat right down to 0 Hz, in
practice they have a lower limit so it is better for the target to reflect that. For a typical 'Full Range' speaker that
might be 40 Hz, for a typical sub it might be 20 - 30 Hz. You can usually see from the measurement where it is
rolling off and adjust these settings for the target until it matches. Setting the LF Cutoff to zero results in a target
response that remains flat to OHz.

The LF Rise and HF Fall settings are there to allow a house curve to be superimposed on the response, the LF
rise is used to have bass rising as frequency gets lower, which is often subjectively preferred, while the HF fall
is used to reflect the downward tilt in HF which is normal for most listening position speaker measurements.
The target curve will rise below the LF Rise start frequency at the slope selected until reaching the LF Rise end
frequency. Similarly, the target curve will fall above the HF Fall start frequency at the slope selected.

Finally the Target Level control lets you move the whole target response up or down until it sits in the right place
relative to your measurement. When the target is right the bits that go above it are the peaks you want to tame
and it usually runs more or less through the middle of the measurement. Set Target Level automatically adjusts
the level of the target response to provide a good match to the measurement over the range selected for EQ,
but don't be afraid to manually adjust the level to suit.

The default speaker type, crossover slope, cutoff, LF rise and HF fall to use for new measurements are
specified in the Equaliser Preferences.

Filter Tasks

e

Filter Tasks

Match Range: Il to Hz

Individual Max Boost:

[=5
o

Owerall Max Boost:

Flatness Target: 1 E dB

ST ST ]
[=8
o

EJ Allow narrow fiters below 200 Hz

Match response to target

Manual optimization controls
Optimize gains

Optimize gains and Qs

Optimise gains, Qs and freguencies

Save fitter coefficients to file
Export fitter settings as text
Res=et fiters for current measurement

The Filter Tasks panel is used to control REW's automatic filter adjustment feature. REW can automatically
assign and adjust filter settings to match the Predicted response to the target response.

The Match Range defines the frequency span over which REW attempts to match the target response, and
within which filters will be assigned. REW can apply filters anywhere across the band, but it is usually best to
limit filters to low frequencies (less than 200 Hz or so) unless you are compensating for some general
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characteristic in the speakers (an example might be a dip in the mid range or a bit too much HF) - that is using
EQ as a fancy tone control.

Individual Max Boost sets the maximum boost that REW will allow for any individual filter. This can be set to
zero to prevent REW assigning any boost filters.

Overall Max Boost sets the maximum boost that REW will allow for the combined effect of all the filters. This
can be set to zero to prevent REW allowing any overall boost, but individual filters may still have boost.

In addition to the gain limits, boost filters are subject to Q limits to avoid inadvertently creating artificial
resonances. The Q of boost filters is not allowed to exceed a value which would cause the filter's 60dB decay
time to exceed approximately 500 ms (the actual Q limit value depends on the filter's gain).

The Flatness Target controls how tightly REW tries to match the Predicted response to the Target Response.
The lower the Flatness Target, the more filters will be required.

Allow narrow filters below 200 Hz determines whether target match uses filters narrow enough to counter modal
resonances at low frequencies. This should be selected when applying EQ to a room measurement, but is best
not selected when applying EQ to a device response (headphone EQ, for example). When this option is not
selected the highest Q used will be 5.0.

Match Response to Target starts REW's automated filter assignment and adjustment process. REW assigns
filters to match the Predicted response to the Target Response, beginning with the area within the Match Range
where the measurement is furthest from the target. After assigning filters, REW adjusts the settings of the filters
to get the closest match. It is best to apply the 'variable' smoothing to the response before running the target
match.

For best results it is essential to first ensure the shape of the target response is correctly selected to suit the
type of speaker whose response is to be equalised and set the Target Level so that REW does not end up
applying filters to try and correct a level difference - equalisers are not volume controls!

Note that REW will not apply filters below the frequency at which the measurement first exceeds the target or
above the frequency at which the measurement last drops below the target to prevent trying to boost a
response beyond its natural roll-offs, if you wish to lift the low or high end response this can be done with
manually applied filters but beware of exceeding the excursion limits or headroom of the woofer or power
handling limits of the tweeter.

The Filter Tasks panel also includes a set of controls to optimise the settings of the current filters. Note that only
filters that lie within the Match Range will be adjusted. Optimise gains will adjust the gains of all 'Automatic'
PK and modal filters to best match the target response. Optimise gains and Qs will adjust the gains and Qs of
all '‘Automatic' PK filters and the gains of all 'Automatic' modal filters. Optimise gains, Qs and frequencies will
adjust the gains, Qs and centre frequencies of all 'Automatic' PK filters and the gains of all 'Automatic' modal
filters - it is equivalent to Match response to target without the automatic assignment of filters. Centre
frequencies will be adjusted to within 10% of their initial setting and will remain within the match range.

If REW can read from the equaliser Retrieve filter settings from equaliser will be enabled, selecting it will
read the settings either directly from the equaliser or from a file exported by the equaliser, depending on the
equaliser type. Send filter settings to equaliser will transfer the current filter settings to the equaliser if the
equaliser offers that capability. Save filter coefficients to file writes the biquad coefficients for the current
filters at the selected sample rate in a form the equaliser can import. Export filter settings as text generates a
text file with the filter types and settings. Reset filters for current measurement will clear all the filters.

Modal Analysis

REW can analyse the low frequency part of the measured response to search for modal resonances. The
search is controlled by the settings in the Modal analysis panel. To determine the modal characteristics a
parametric analysis of a segment of the impulse response is carried out to identify the frequencies, amplitudes
and rates of decay of the resonant features that make it up. Such an analysis is not constrained by the
frequency resolution limits of an FFT, allowing precise values for each mode's parameters to be determined.
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However, the accuracy of the results depends on the signal-to-noise ratio of the measurement. The better the

measurement, the better the results. To get the highest measurement quality for modal analysis set the sweep
end frequency to match the highest frequency of interest, use the longest sweep and adjust levels so that the

peaks of the captured signal are around -6 to -12 dB.

Modal Analysis

Measurement Units: metres

Room Length: E
Room Width:
Room Height: E
Start Frequency (Hz):

End Frequency (Hz):
Analysiz Length (ms):

; IEI
[=] [=]
Ooian|mn|an

MNoise Threshold:
Find Rezonances

The modal analysis panel includes selections for the room dimensions. These are used to determine the room's
theoretical modal frequencies up to 200 Hz, which may be plotted on the SPL & Phase, Group Delay, Spectral
Decay, Waterfall and Spectrogram graphs. If any dimension is set to zero the corresponding modal frequencies
will not be plotted, if all the dimensions are zero no modal frequencies will be plotted. The colours used for the
modal frequencies are the same as those used in the Room Simulator.

The panel controls select the range to search for resonances (which will be restricted to the range of the
measurement if smaller), the duration of the impulse response to analyse and a threshold for filtering out
spurious resonances due to noise in the measurement. Best results are obtained by keeping the frequency
span to around 100 - 200 Hz. The Analysis Length, 500 ms by default, may be reduced if the measurement is
noisy or increased if the measurement has particularly low noise (noise floor of the impulse more than 60 dB
below the peak).

Small alterations of the analysis length, 10-20 ms or so, can help establish whether the modal resonances
identified are accurate - modes with consistent frequency, amplitude and decay time at differing analysis
lengths indicate reliable data. When Find Resonances is clicked the analysis begins, it usually completes after
a few seconds. The results are shown in the Resonances panel.
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ResOnances =
Min TED {ms: E
hax TED (ma): 300015
Min SPL (dE): | es3
l Clear Selection J
Freq Hz Peak dE TGO m=
250 a09 2497 |
20 a7a E09
306 G753 923 |
456 635 528
1.0 a4 341 |
0.7 957 447
61.4 ans 249 |
7r2 701 461
926 752 37a |
14581 3.0 373
184 9 701 1,649

The Resonances panel includes controls to filter the results list according to the T60 decay times of the
resonances and their amplitude. The list of resonances may be sorted by frequency, SPL ("Peak dB") or T60
decay time by clicking on the column headers in the table. Clicking on a resonance in the table will show a plot
of its shape on the Filter Adjust graph, multiple resonances can be selected by clicking and dragging or using
Ctrl+click or Shift+click. Clear Selection clears any selections made.

48

No smoothing

o Resonances detected by REW

50

[5]x] e an 40 ] &0 T B0 80 100 00Hz
Filters which accurately counter specific resonances can be generated by selecting the "Modal" filter type and
setting the Target T60 value to the T60 time determined by REW. Modal filters are normal parametric EQ filters

whose Q or bandwidth is adjusted by REW as their gain is changed to ensure they target the specified T60
value as closely as the equaliser settings resolution permits.

Pole-Zero Plot
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REW provides a Pole-Zero plot as an alternative way of viewing the results of the modal analysis. This may be
an entirely unfamiliar way of viewing a response to many, but it does have some virtues when looking at
resonances and filters. However, little would be lost by ignoring this section.
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System Poles System Zeroes
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The pole-zero plot is a graph of complex numbers with the real part along the horizontal axis and the imaginary
part along the vertical axis. There is a circle on the plot with a radius of one unit (referred to as the "unit circle")
which corresponds in a way to the frequency axis of a frequency response. The plot shows results up to a
frequency a little above the end of the modal analysis search, the upper frequency span of the plot is shown just
to the left of the unit circle, near the point (-1, 0). As we move around the upper half of the unit circle the
frequency increases from zero at the right side to the upper limit of the plot at the left. The lower half of the
circle corresponds to negative frequencies, but for the signals we are looking at the bottom half is always a
mirror image of the top half and can be ignored.

The plot shows poles, represented by crosses, and zeroes, represented by circles. Poles are places where the
response becomes infinite, zeroes places where it becomes zero. The closer a pole gets to the unit circle, the
more it pulls the frequency response upwards. Conversely, zeroes pull the response towards zero. Poles and
zeroes at the same location cancel each other out completely, poles and zeroes close to one another partially
counter each other's effects. If the plot has many pole/zero pairs that overlap they can be reduced by increasing
the Noise Threshold setting. Poles outside the unit circle would correspond to an unstable system, none should
appear there. Zeroes outside the circle would mean the response is not minimum phase, but the analysis may
not start at the zero time of the impulse so this plot is not necessarily a good indicator of whether a response is
minimum phase, for the correct method of determining that (using the excess group delay plot) refer to the
Minimum Phase help topic.

Each modal resonance has a corresponding pole (actually a pair, the second is a mirror image below the axis).
The frequency of the pole can be seen by drawing a line from the (0,0) point out through the pole to the point it
reaches the unit circle, in the plot above the pole is at approximately 92.7Hz. REW shows the frequency value,
and the SPL level at that frequency (81.3dB above). The closer a pole gets to the unit circle, the longer its T60
decay time. REW shows the T60 time corresponding to the cursor position, in the example above it is 440ms. If
a resonance is selected in the Resonances panel its pole will be highlighted on the plot. The plot can be
zoomed in on to get a closer view, clicking the button just above the x axis zoom buttons will reset the axis
ranges to show the upper half of the unit circle.
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Filters also have poles and zeroes, a parametric EQ filter has a pair of poles and a pair of zeroes (one pole and
one zero above the axis, the other below). The locations of the filter's poles and zeroes vary as the filter's
settings (frequency, Q/bandwidth and gain) are adjusted. If the settings of a filter are adjusted so that its zero is
directly over the pole of a resonance, it completely counters the effect of that resonance in the time and
frequency domains. Seeing how filter zero locations compare to response pole locations is where the pole-zero
plot can be useful. In the case of the "Modal" filter type REW makes the adjustments that keep the filter's zero
at a distance from the unit circle that matches the filter's target T60 time.

Filter poles and zeroes are shown in colour on the plot, corresponding to the colour used for that filter on the
filters panel and the Filter Adjust plot. An example of a set of filters is shown below. Filters that cut (negative
gain) have their zeroes closer to the unit circle than their poles, filters that boost have their poles closer to the
unit circle than their zeroes.

Filter Poles and Zeroes
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Pole-Zero Controls

Showy cursor annatations

|:| Showy S00ms TEO boundary

[ ] showy 1000ms TEO boundary

|:| Showy Resonance Poles Only
Show cursor annotations controls whether REW draws a line from the origin through the cursor position to the
unit circle and labels the frequency, response SPL and T60 values. If Show 500ms T60 boundary or Show
1000ms T60 boundary are selected REW will draw circles on the plot corresponding to those T60 times, any
pole outside those circles has a T60 time greater than the circle value. If Show Resonance Poles Only is

selected the pole-zero plot will only show the poles for the resonances displayed in the Resonances panel,
otherwise it shows all poles found during the analysis.

Help Index
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EQ Filters Panel

The EQ Filters panel is displayed by clicking its button at the top of the EQ window.
| EQFiters |

EQ Filters

The panel shows the filters settings for the current measurement. Buttons at the top of the panel allow the
filter settings to be sorted, loaded, saved or deleted and the sort direction and key to be specified. The

equaliser type can be changed in the Equaliser selector at the right of the EQ window.

- -
|2/ EQ Filters =Jo&d
Sub, No EQ 1 =2 i X |Sn:|r‘t Diescending |"| |b':.f Ares |'| [v] &bwvays On Top
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M1 — [BGe |~ |lpe || 480/ 50 -4 il 1208 1as a5 305
]2 — (EEE |~ (e |7 34 5:*' 32 +17 -6 1|:|:*' 2.1 382 192
M3 — (BGel ~ |lpe || s9s[3] 62 -5 a3l sl we 560 148
Wi~ ilpe  |v| sssi3] 50 49 BT 52 79 405 157
AGE - jlps || 27 3:*' 25 +7 112 a:*' 2.0 1074 203
M — (BGEl ~ |lre || s30[2] e0 +3 5= /%] 187 105 187
[v]7 BEel |~ pe || 208[3] 32 -6 -6 Tl 4 637 318
i ~re v # 5:*' 40 +3 -4 P 11:31I 10.8 257 162
] Ade | - |lpa | =] 25 I:l'f*' 25 105 at'ffI 2.4 1,650 525
i0— (HGEl |~ |(pe  |v| o20/2] 100 -s -8 32 es 5365 213
M1 — |BEEl ~ |lpe || 47} 63 +2 -5 P s 7s 385 218
1z — (EEE |~ (Fs |7 45 I:l'f*' 40 +10 -5 4:31 42 691 280
Zeneric _Cu:untru:u_l Type - Freguency  Gain 2 Hz Target TED Mode TED Filker TEO
M1 — Bl v« v sesi| a0l il sa s52 124

Each filter has:

e A check box to select/deselect it

¢ Anidentifying number and coloured line showing how the filter will be displayed when showing

individual filter responses

e A "Control" setting which should be set to "Automatic" for filters REW is allowed to configure or

"Manual" for filters it must leave unaltered.
e A'"Type", which for TMREQ and Generic filters can be:
o  PK for a peaking (parametric) filter
o LP for a 12dB/octave Low Pass filter (Q=0.7071)
o HP for a 12dB/octave High Pass filter (Q=0.7071)
o LS for a Low Shelf filter
o HS for a High Shelf filter
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NO for a notch filter
o Modal for a Modal filter

The Generic and DCX2496 also have shelving filters implemented per the DCX2496
o LS 6dB for a 6dB/octave Low Shelf filter
o HS 6dB for a 6dB/octave High Shelf filter
o LS 12dB for a 12dB/octave Low Shelf filter
o HS 12dB for a 12dB/octave High Shelf filter

The Generic equaliser setting also has
o LPQ, a 12dB/octave Low Pass filter with adjustable Q
o HPQ, a 12dB/octave High Pass filter with adjustable Q

For most other equalisers the only types available are PK and Modal, although the labelling for
the PK filter varies. The MiniDSP equaliser setting supports all the filter types that Generic
supports.

e Centre Frequency/Corner Frequency, Gain and either Q, Bandwidth or Target T60 controls as
appropriate for the filter type and selected equaliser. The filter bandwidth in Hz at the half-gain
points is shown alongside the Q or Bandwidth control for PK filters.

e Displays of the 60dB decay time in milliseconds for a mode the current filter settings would
match and the 60dB decay time of the filter itself, which is the decay which would remain after
cancelling the decay of a modal resonance of the indicated modal decay. These correspond to
the locations of the zeroes and poles of the filter.

The DSP1124P mode has an additional display showing frequency in the form in which is must be entered
on that unit, i.e. as a one-third octave centre and a fine adjustment which ranges from -9 to +10 (63 -5 in the
example below).

DEP1124P  Control Type Freguency ain BvyiE0 Hz Target TG0 Mode TED Fitker TEO

v]1 — |Zuta P [pef| s9e 2l 63 -5 1315 g

- .9 550 123

The Modal filter type is a peaking filter whose bandwidth or Q is adjusted by REW to match a Target T60
time, it is used to accurately counter a modal resonance whose T60 time is known. To match a specific T60
time the filter's bandwidth or Q must be altered as its gain or centre frequency change. REW chooses the
bandwidth or Q setting supported by the selected equaliser that most closely matches the target T60.

GENEric Coantrol Type Frequency  Gain L8] Hz Target TEOD Wode TGO Fiter TGO
[w]1 — |BEEERN (w|(MO sl 598 | 1305 g4| s550/%4 552 124
Help Index
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Equaliser Selection

Equalizser: Generic S
() TMREQ () DSP1124P

() FBOZ2495 () DCx2496

() SME-1 () R-DES

) DSP-30 (JUSM 810

) MiniDSP () MiniDSP-95k

() nano&VR () DSP AR

() ADA PEQ () XP2040

() UMC-200 () XmMe-1

() Dual Core (®) Generic

The Equaliser panel is used to select the type of equaliser whose responses REW is to model. Changing the
equaliser type updates the filter panel, applying the settings appropriate to the selected equaliser. Filters
already defined are retained where possible, but parameter values will be adjusted if necessary to comply
with the ranges and resolutions of the chosen equaliser. The currently selected equaliser is shown in the
panel title and in the EQ Filters panel.

TMREQ

The TMREQ equaliser setting offers the full range of filters and filter settings supported by TMREQ
(peaking = parametric, low pass, high pass, low shelf, high shelf and notch). For the Peaking filters the
bandwidth in Hz between the half gain points is given by:

Bandwidth = centre frequency/Q

The TMREQ setting allows 8 filters. The adjustment ranges are:

|Parameter HMinimum ||Maximum HResqution ‘
|FrequencyH 20 || 20000 H 1Hz ‘
| Gan || 15 || +6 | o01aB

| Q@ | o1 || s0 | o1 |

BFD Pro DSP1124P/FBQ1000

The DSP1124P equaliser setting supports the DSP1124P's parametric filters, allowing 12 filters. Note
that this equaliser is now sold under as the FBQ1000. The adjustment ranges are:

|ParameterHMinimum ||Maximum HResqution‘

|Frequency“ 20 || 20000 H see below‘
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| Gan || -48 || +16 || 1dB |
| Bweo | 1 || 120 | 1 |

The frequency control adjusts in the pseudo-1/60th octave steps DSP1124P supports (20 evenly
spaced subdivisions of the ISO one-third octave intervals), with the one-third octave and fine
adjustment values DSP1124P uses shown alongside the actual frequency in the EQ Filters Panel.

The "BWI/60" control replicates the effect of the DSP1124P's bandwidth setting. This control sets the
bandwidth of the filter between the half-gain points with:

Bandwidth (Hz) = centre frequency*(BW/60)*sqrt(2)

For example, at a bandwidth setting of 60/60 a filter centred on 1kHz with a gain of -6dB will have a
bandwidth of 1,414Hz between the points where its response crosses -3dB. This bandwidth remains
constant as the filter's gain is adjusted (Note that the Behringer DSP1100 software package does
NOT correctly reproduce the way the bandwidth control actually operates, its bandwidths are too small
by a factor of sqrt(2)).

Defining filter bandwidth in this way is not uncommon (the TMREQ filters use a similar definition). The
relationship between Q and BW for the DSP1124P is

Q = 60/[(BW/60)*sqrt(2)]

so the bandwidth range of 1/60 to 120/60 gives a Q range from 42.4 to 0.35.

BFD Pro FBQ2496

The FBQ2496 equaliser setting supports the FBQ2496's parametric filters, allowing 20 filters. The
adjustment ranges are:

|ParameterHMinimum||Maximum H Resolution ‘
| Frequency H 20 || 20000 H 1/60th octave ‘
| Gan || -3 || +15 [0.5dB(1dBbelow-15dB)]
| Bandwidth H 1/60 || 10 H octaves, see below ‘

The frequency control adjusts in approximately 1/60th octave steps (more precisely, 1/200th of a
decade).

The bandwidth control adjusts in 1/60 of an octave steps from 1/60 to 5/60 of an octave, then goes
through 1/10, 1/9, 1/8, 1/7, 1/6, 1/5, 1/4, 1/3, 1/2, 3/4,1, 1.5, 2, 3, 4, 5, 6, 7, 8, 10 octaves.

The relationship between Q and BW in octaves for the FBQ2496 is

Q =sqrt(2)/BW

so the bandwidth range of 1/60 to 10 octaves gives a Q range from 84.85 to 0.14.

DCX2496
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The DCX2496 equaliser setting supports parametric filters (labelled "BP" for Band Pass) and low and
high shelving filters (with 6 and 12 dB/octave slopes). It allows up to 9 filters per channel, depending

on the other processing the unit is doing. The parametric filter bandwidth in Hz between the half gain
points is given by:

Bandwidth = sqrt(gain)*centre frequency/Q

The adjustment ranges are:

|ParameterHMinimum||Maximum H Resolution |
|Frequency H 20 || 20000 H106 steps per decade|
| Gain | -15 || +15 | 0.1dB |
| Q H 0.1 || 10 H 20 steps per decade |

The frequency control adjusts in steps of 1/106th of a decade. The Q control adjusts in steps of 1/20th
of a decade, i.e. there are 20 Q values between 0.1 and 1 and another 20 between 1.0 and 10.

SMS-1

The SMS-1 equaliser setting supports parametric filters only, allowing 8 filters. The filter bandwidth in
Hz between the half gain points is given by:

Bandwidth = centre frequency/Q
N.B. The SMS-1 filter shapes have not been verified against an actual unit.

The adjustment ranges are:

|ParameterHMinimum ||Maximum HResqution‘

|Frequency“ 15 || 120 H 1Hz ‘
| Gan || 13 || + | o05dB |
| Q@ | 03 || 200 | o1 |

R-DES

The R-DES equaliser setting supports parametric filters only, allowing 5 filters. The filter bandwidth in
Hz between the half gain points is given by:

Bandwidth = 1.766*centre frequency/Q
N.B. The R-DES filter shapes have not been verified against an actual unit.

The adjustment ranges are:

|ParameterHMinimum ||Maximum HResqution‘

|Frequency H 20 || 120 H 1Hz ‘
| Gan || -10 || +10 | o01dB |
Lo | ¢ || 15 || o1 |
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QSC DSP-30

The DSP-30 equaliser setting supports parametric filters only, allowing 20 filters. The filter bandwidth
in Hz between the half gain points is given by:

Bandwidth = centre frequency/Q

N.B. The DSP-30 filter shapes have not been verified against an actual unit.

The adjustment ranges are:

|ParameterHMinimum||Maximum||Reso|ution‘
|Frequency|| 20 || 20000 || 0.1Hz |
| Gain || -120 || +12 | o01dB |
| Q@ | 03 || s0 | o001 |

Crown USM-810

The USM-810 equaliser setting supports parametric filters only, allowing 10 filters. The filter bandwidth
in Hz between the half gain points is given by:

Bandwidth = sqrt(gain)*centre frequency/Q
N.B. The USM-810 filter shapes have not been verified against an actual unit.

The adjustment ranges are:

|ParameterHMinimum||Maximum||Resqution‘

|Frequency|| 20 || 20000 || 1Hz |

| Gain || 24 || +24 | o01dB |

| Q@ | o1 || 3 | o001 |
ADA PEQ

The ADA equaliser setting supports parametric filters only, allowing 12 filters. The filter bandwidth in
Hz between the half gain points is given by:

Bandwidth = centre frequency/Q
N.B. The ADA filter shapes have not been verified against an actual unit.

The adjustment ranges are:

|ParameterHMinimum||Maximum||Resqution‘

|Frequency|| 20 || 20000 || 1Hz |

| Gain || -10 || +10 | o05dB |
I I
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Xilica XP2040

The XP2040 equaliser setting supports parametric filters only, allowing 16 filters. The filter bandwidth

is specified in octaves, but the corresponding bandwidth in Hz is shown in the filter controls panel. The
adjustment ranges are:

|ParameterHMinimum||MaximumH Resolution ‘

|Frequency| 20 || 30000 || 1Hz |

| Gan | -30 || +15 | 025dB |

| BW H 0.02 || 3.61 H0.0loctaves‘
MiniDSP

The MiniDSP equaliser setting supports the same filter types and resolutions as the Generic setting,
but for 6 filters operating at 48 kHz. It is aimed at the MiniDSP plug-in Advanced mode, which allows
filters to be specified by their biquad coefficients. The Save Filter Coefficients to File action writes
the filter coefficients to a file in a format suitable for use with the MiniDSP software (note that the al
and a2 coefficients are negated per the MiniDSP format). An advantage of this is the very high filter
frequency and Q resolution it allows, permitting exact targeting of modal resonances. The MiniDSP
plug-in has an Import REW File button on its Parametric EQ configuration screens to load the files.

MiniDSP-96k

The MiniDSP-96k equaliser setting supports the same filter types and resolutions as the Generic
setting, but for 5 filters. It is aimed at MiniDSP plug-ins that operate at 96 kHz.

MiniDSP 2x4 HD

The MiniDSP 2x4 HD equaliser setting supports the same filter types and resolutions as the Generic
setting, but for 10 filters at 96 kHz.

nanoAVR

The MiniDSP nanoAVR equaliser setting supports the same filter types and resolutions as the Generic
setting, but for 10 filters at 96 kHz.

waveFLEX DSP A8

The DSP A8 equaliser supports the same filter types and resolutions as the Generic setting, but for 5
filters operating at 96 kHz.

Emotiva UMC-200

The UMC-200 equaliser setting supports parametric filters only, allowing 11 filters. The filter bandwidth
in Hz between the half gain points is given by:

Bandwidth = sqgrt(gain)*centre frequency/Q
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N.B. The UMC-200 filter shapes have not been verified against an actual unit.

The adjustment ranges are:

|ParameterHMinimum||Maximum||Reso|ution‘
|FrequencyH 20 || 20000 || 256 steps ‘
| Gain || -15 || +3 | 025dB |
| Q | o025 || 24 | o125 |

Emotiva XMC-1

The XMC-1 equaliser setting supports parametric filters only, allowing 11 filters. The filter bandwidth in
Hz between the half gain points is given by:

Bandwidth = centre frequency/Q

The adjustment ranges are:

|ParameterHMinimum||Maximum||Reso|ution‘

| Frequency H 20 || 20000 || 1Hz ‘

| Gan | -64 || +6 | 05dB |

| o || o6 || s0 | o001 |
Dual Core

The Dual Core equaliser setting supports parametric filters only, allowing 16 filters. The filter
bandwidth in Hz between the half gain points is given by:

Bandwidth = sqgrt(gain)*(-3dB BW)

Q = centre frequency/(sqgrt(gain)*(-3dB BW))

The adjustment ranges are:

|ParameterHMinimum||Maximum||Reso|ution‘
|FrequencyH 5 || 20000 || 1Hz ‘
| Gan || 3 | +12 | o01dB |
|-3dBBW || 1 || 10000 | 1 |

Rockford Fosgate 3Sixty.3

The 3Sixty.3 equaliser setting supports parametric filters only, allowing 20 filters. The filter bandwidth
in Hz between the half gain points is given by:

Bandwidth = sqgrt(gain)*centre frequency/Q

The adjustment ranges are:
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|ParameterHMinimum||Maximum||Resqution‘

|Frequency|| 20 || 20000 || 0.1Hz |

| Gain || 24 || +24 | o01dB |

o o1 [ s | oo |
rePhase

The rePhase equaliser setting supports parametric filters only. It allows up to 17 filters per channel.
The parametric filter bandwidth in Hz between the half gain points is given by:

Bandwidth = sqgrt(gain)*centre frequency/Q

The adjustment ranges are:

|ParameterHMinimum||Maximum||Resqution‘
|Frequency|| 10 || 24000 || 0.01Hz |
| Gain || 9 | +96 | o01dB |
| Q@ | o1 || 10 | o001 |

Outlaw Audio Model 976

The Model 976 equaliser setting supports 10 filters. The first filter is a low shelf, the last is a high shelf.
The shelf filters have 12 dB/octave slope. The other 8 filters are peaking filters where the bandwidth in
Hz between the half gain points is given by:

Bandwidth = centre frequency/Q

The filter adjustment ranges are:

|ParameterHMinimum||Maximum|| Resolution ‘

| Frequency“ 10 || 20000 || 1 Hz up to 200Hz, then 10 Hz up to 2 kHz, then 100 Hz ‘

| Gain | -20 || +3 | 0.5dB |

| Q | 05 || 14 |valuesare0.5,10,14,20,24,209 3.6 48 7.2and 14]
Generic

The Generic Equaliser supports a full range of filters and filter settings (peaking = parametric, low
pass, high pass, low shelf, high shelf and notch) based on the Robert Bristow-Johnson ‘Cookbook'’
equations. The Save Filter Coefficients to File action writes the filter coefficients corresponding to
the selected sample rate to a file in a format compatible with MiniDSP software (note that the al and
a2 coefficients are negated per the MiniDSP format). For the Peaking filters the bandwidth in Hz
between the half gain points is given by:

Bandwidth = centre frequency/Q

The Generic setting allows 20 filters. The adjustment ranges are:
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|ParameterHMinimum||Maximum|| Resolution |

|Frequency|| 10 || 22000 |{0.01 Hz below 100 Hz, 0.1 Hz below 1 kHz, 1 Hz above 1 kHz|

| Gain | -120 || +30 | 0.1dB |

| o || o1 || s0 0.01 |
Help Index
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Room Simulator

The Room Simulator generates frequency responses for multiple sources at multiple locations in a
rectangular room. It uses a frequency domain method based on the rigid boundary solution to the wave
equation, modified for lossy boundaries. Results are equivalent to those obtained by the image source
method in the time domain (Allen and Berkley 1978). Sources and listening positions can be altered by
dragging on plan and elevation views of the room.

The Room Simulator window looks like this when first opened:
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The left hand panel shows a view of the room with controls for room dimensions and the acoustic
absorptions of the room's surfaces. The right hand side shows the frequency response at the main listening
position and additional positions around it and has controls for which modal resonances are shown, the
positions at which responses are to be calculated, the sources to be modelled and and how they are
managed. The entire window can be resized and the divider between the left and right panels can be
dragged to adjust the proportion allocated to each. The small triangles at the top of the divider allow either
panel to be collapsed completely.

Room Panel

The dimensions and properties of the room are configured in the controls at the top of the room panel. The
controls may be collapsed by clicking on the chevrons at the top right of the panel.
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Room 'Y
Units: Surface Absorptions
Length: Front E
Width: Back |  0.1003
Height | 240m3  Let | 0.0
Room Volume: 4280m Right E
|:| Room iz sealed Ceiling E
lResﬁre Elilefaurt Seftings | Floor

Dimensions may be displayed in metric or imperial units according to the selected Units. Regardless of the
units selected, the dimension controls accept input in metric or imperial units, for example 2.5m, 250cm,
2500mm, 8.2ft, 8ft 2in, 8' 2", 8f2i, 8f2 and 98in are all valid entries. If an entry is a number without any units it
is assumed to be in the selected measurement units.

If the room is well sealed select the Room is Sealed box, this increases the response boost at the lowest
frequencies.

The surface absorptions define how sound is absorbed when it meets the surface. The absorptions are
independent of angle or frequency. The higher the absorption figures, the more sound is absorbed at that
surface and the more damped the room's modal resonances become.

Below the room panel controls are the views of the room, in plan and elevation.
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The elevation view can be hidden by un-ticking the Show Elevation View box at the bottom of the panel.
The main listening position is indicated by the head. Crosses around the head show the locations of any
additional points selected for responses to be generated, in the image below the positions to left, right, in
front and behind the main listening position have been selected.
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Room and Sources ¥

4.00m

E Front illi

52.00 m

|:| Showe Elevation Wiew

A source can be selected by moving the mouse cursor over it. The source will be highlighted and can be
moved by left-clicking and dragging or by using the arrow keys, the arrow keys allow finer adjustment of
position. If the shift key is held down while dragging, movement will be restricted to either horizontal or
vertical only. The source can be rotated by right-clicking or by pressing the R key (clockwise rotation) or L
key (anticlockwise rotation). Note that rotating the source does not alter its response, all sources are treated
as omnidirectional. The main listening position can similarly be moved using the mouse or, after highlighting

it, the arrow keys, as can any of the additional listening positions. When a source or listening position is
highlighted its location is shown:
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Room Simulator

When a source is highlighted the dimensions shown are to the acoustic centre, which is located at the centre
of the front face. When a source is highlighted its individual contribution to the combined response at the
main listening position is shown on the response graph.

Room and Sources

Response Panel

Frort
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Room Simulator

The modal distribution for the room is shown on the response panel using lines that are colour-coded

according to the axes they include:

Frequency Responses and Modal Distribution

105

a5 1

as

85

a5

dB 45

20 30 40 50 20 100
Main = [ ] ToLeit [ ] To Right [ ]in Front
[ ] Behing ] [ ] Belaw

The Modal Resonance Lines controls identify the colours of the individual lines and allow their transparency

to be adjusted. Any lines which are not selected will not appear on the graph.

Modal Resonance Lines ﬂ

Lime Transparency [ E

sl Length -
2xial Wit —
A.xial Height =
Tangential Lengthisicth —
Tangential LengthHeight —
Tangential WidthHeight —

[w] Ciblicyuie —
| Colour H Mode ‘
| Red H Axial Length ‘
| Green | Axial Width |
| Blue H Axial Height ‘

| Orange H Tangential Length, Width ‘

|MagentaHTangentiaI Length, Height‘
| Cyan H Tangential Width, Height ‘
| Grey H Oblique ‘

The Microphone Positions controls set the distances for the additional listening positions from the main

position. They can also be adjusted by dragging the crosses on the room view.
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Microphone Positions

Distances from hain

l »

Left of main 0.30m
Right of main 0.30 m
Im fromt af main 0.30m
Behind main 0.30m

Above main 0.30m

Belowy main 0.30m

The Speaker Controls allow a number of sources to be selected, including up to 4 subwoofers. The low
frequency extension of each source can be configured independently - this is the frequency at which the
source begins to roll off, it is not the bass management frequency, which is set using the Crossover Filter
control. The room responses shown are the sums of the contributions of all the selected sources.

Speaker Controls =
l Move subs to corners J
l Move subs to wall midpoints J

|:| Show Anechoic Responzes
Time Align Speakers and Subs
[ ] align Subs Individually

Crossover Filter (Hz) | &0 E

I_ Zero Delays and Gains J

Sources LF -3dB {(Hz} Enclosure Inwert From Main Time Align Delay (ms)  Gain (dB)
V5wt | 30[3| (Ported |¥| [] 346m104ms o00ms | 0 | off
[ ]5ubz
[ ]5ub3
[ | Sub4
[ ]Left
[ ] Right

Subwoofers can be relocated to the corners or wall midpoints by pressing the appropriate buttons. If Show
Anechoic Responses is selected the response plots remove the room contributions, leaving only the
responses of the sources themselves. Sources can be time aligned at the main listening position and, if
multiple subs are being simulated, the effect of time aligning each sub individually can be observed (note
that if a symmetric placement of multiple subs is being used to minimise modal excitation the subs should
not be individually aligned). The distances and times of flight to each source are shown and the effect of
adding a time delay or gain adjustment to each source can be observed by altering the relevant controls.

Note that the simulation automatically level aligns sources to the main listening position, but that all the
simulated subwoofers generate signals at the same level - this is necessary if they are arranged
symmetrically to minimise modal excitation and reduce seat-to-seat variation.

Help Index
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Importing Measurement Data

REW can import frequency response and impedance measurement data from other applications, including
the ETF5 measurement system (http://www.acoustisoft.com). Most ETF5 export formats are supported,
along with generic comma, space or TAB-delimited text files. Note that when making measurements with
ETF5 it is best to use the calibrated SPL option to allow level comparisons between channels.

ETF *.pcm Format Impulse Responses

Full range ETF measurements allow the impulse response to be exported in a .pcm raw data format, using
the File -> Write Impulse As *.pcm option. Use REW's File - Import Impulse Response command to load
these files. Importing the impulse response allows REW's Spectral Decay and Waterfall plots to be
generated from the data (this is not possible when importing frequency response text files). REW loads the
first 128k samples from the file (approx 2.73s at 48k sampling).

WAV or AIFF Format Impulse Responses

The File - Import Impulse Response command can also be used to load impulse responses that have been
saved as .wav or .aiff format. REW loads the first 256k samples from the file (approx 5.46s at 48k sampling),
if the file contents are shorter than 1 second the response is padded out to 1 second with zeroes.

Frequency Response and Impedance Text Files

The File - Import Frequency Response and File - Import Impedance Measurement commands accept
text files with extension .txt, .frd, .dat or .zma. If the extension is .zma the data is always treated as
impedance, otherwise it is treated as SPL if loaded via Import Frequency Response or impedance if
loaded via Import Impedance Measurement. The following formats are accepted:

e Generic comma, TAB, space or semicolon delimited files

o Data must be presented as freq, magnitude (SPL or impedance) and (optionally)
phase in degrees, one set of values per line

o  Samples can be at arbitrary frequency spacing, but each line must have a higher
frequency than the one before and there must be at least 5 data entries

o Only lines which begin with a number are imported, others are ignored

o In comma-delimited files there must be at least one space after the comma

o  Spaces before values are ignored

o To add a comment on a data line put a tab, comma or space after the last value

e ETF5 Export Data option for the Low Frequency Room Response window

e ETF5 Export Bode Response option

e ETF5 Export Data option for the Logarithmic Frequency Response window
o  Cubic spline interpolation is used between sample points

Comma-delimited File Format
Here is an example of a valid format for comma-delimited SPL data without phase:

SPL measurements acquired by REW V3.08
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Source: D:\REW\test files\testfile.txt
Format: Comma delimited data

Dated: 05-Mar-2005 17:53:56

Channel: Left, Bass limited 80Hz

20.0, 65.01
21.0, 65.77
22.0, 67.50
23.0, 67.93
24.0, 68.22
25.0, 67.88
26.0, 67.92
27.0, 68.31, this line has a comment
28.0, 69.14
29.0, 69.16
30.0, 69.29

If comma is used as the decimal delimiter in your locale it is best for clarity to use TAB, space or semicolon
as the separator.

Space-delimited File Format
Here is some impedance data in space-delimited format, with phase

* Measurement data saved by REW V5.00

* Source: Line (ESI MAYA44 Audio), no input selected, Right channel,
volume: no control

* Format: IM Log Swept Sine, 1 sweep at -30,0 dBFS

* Dated: 31-Dec-2010 11:26:49
* Sense Resistor: 100.0

* Lead resistance: 0.000

* Calibration factor: 1.0028
* Note: horizontal

* Measurement: SPH170 horz

* Frequency Step: 0.36621094 Hz
* Start Frequency: 1.8310547 Hz
*

* Freq(Hz) Z(Ohms) Phase(degrees)
1.831 6.423 5.392

2.197 6.444 6.426

2.563 6.481 7.302

2.930 6.522 8.049

3.296 6.558 8.714

3.662 6.586 9.368

4.028 6.609 10.076

4.395 6.632 10.864

4.761 6.664 11.706

5.127 6.705 12.549

5.493 6.753 13.346

5.859 6.803 14.082

6.226 6.851 14.777

6.592 6.896 15.467

6.958 6.939 16.180

7.324 6.985 16.919

7.690 7.034 17.669

8.057 7.089 18.409

8.423 7.147 19.126

8.789 7.207 19.822

9.155 7.269 20.505

9.521 7.332 21.181

9.888 7.398 21.851
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Communicating with AV32R DP or AV192R

AV32R Dual Processor and AV192R support serial communication via a TAGtronic Programming Cable. The
serial format is 115.2kBaud, 8 data bits, no parity, 1 stop bit. The Programming Cable converts RS232 levels
to the RS485 levels of the TAGtronic bus. Only connect the black plug (to the "out" socket) for
communication with REW.

nlp FERR

Owners of AV192R with the front panel inputs option can connect to the unit's front panel programming
connector using the RS232-jack plug lead.

The serial interface allows REW to read loudspeaker configuration and filter settings from the unit and to
send filter settings to the unit.

REW only supports serial communication on Windows platforms. The COM port is set via the Comms panel
in the Preferences dialog.

Communicating with a TAG McLaren AV Processor

Connect to the AV processor using the programming lead. If using the rear panel connections, plug the black
lead into the "out" socket. Do not connect the red lead.

Backup TAG McLaren AV Processor Settings

Before proceeding further it is advisable to back up the settings in your AV32R DP or AV192R using
the TMA User Settings Backup utility.

Read and Save Current Filter Settings

Use the Retrieve Channel Filter Settings from Unit (Ctrl+F) entry in the Equaliser menu to retrieve
the current TMREQ filter settings for a channel from the processor then save them as a .req file
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using the Save Filters entry in the File menu.

Selecting the Test Signal Input on AV32R DP or AV192R

Select the AV processor input to which the soundcard's output has been connected then go to the TMREQ
menu. If the channel you wish to measure already has filters defined, they can be disabled temporarily by
pressing the eject key on the remote control (the record key is used to re-enable them).

Go into one of the filter menus for the channel and set the Test Signal to Current R. Set Repeat Sig.
to No (this is only used when you want to measure the effect of running two speakers at the same time). Set
Bass Redir. to No, which prevents the subwoofer being activated when measuring a Bass Limited
speaker - the signal which would normally be redirected to the subwooofer is discarded. After making
corrections, re-measuring with Bass Redir. setto Yes will allow the integration between the speaker and
the subwoofer to be checked.

Help Index
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Communicating with the BFD Pro DSP1124P and FBQ2496

The BFD Pro DSP1124P and FBQ2496 models support Midi communication for setting up their filters and
operating modes. To communicate with the units over Midi a Midi Interface is required, for example the
Edirol UM-1X USB-Midi interface or the M-Audio UNO.

Connect the plug labelled "OUT" on the Midi interface to the socket labelled "IN" on the BFD (on the UM-1X
the adaptor OUT plug has the text "Connect to Midi IN" moulded into it). It is not necessary to connect to the
Midi OUT of the BFD.

The Midi Output port is selected via the Comms panel in the Preferences dialog, REW will not be able to
communicate over Midi until the port has been selected. The selection is remembered for the next power-up.

Midi communication is supported on Windows platforms. Linux platforms will require Tritonus
(www.tritonus.org) to support Midi comms. Mac OS X platforms with JRE V6 or later installed should support
Midi.

Configuring DSP1124P for Midi Communications
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In the DSP1124P default configuration Midi comms are disabled. To enable the Midi features used by REW,
the unit's Midi menus need to be set up as follows (all buttons referred to are on the DSP1124P front panel):

1. Press the IN/OUT and STORE buttons together to access the Midi menus, the LEDs in both
buttons start flashing and the display changes to show:

2. This is the Midi channel menu (indicated by the "c" in the right hand digit), when the channel
shows "-" midi is off. Use the jog wheel to change the channel to 1:
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Press the IN/OUT button twice to change to the Controller menu ("C" in right hand digit) and use
the jog wheel to select mode 3:

Press the IN/OUT button again to change to the Program menu ("P" in right hand digit) and use
the jog wheel to select mode 3:

Press the IN/OUT button again to change to the Store Enable menu ("S" in right hand digit) and
use the jog wheel to set the value to 1:

This enables REW to save settings to the DSP1124P's presets
Press the IN/OUT button 2 more times to exit the Midi menus

The DSP1124P is now configured for Midi communications. This configuration, with the exception of the
Store Enable setting, is remembered for the next power-up and does not need to be entered again.

Configuring FBQ2496 for Midi Communications

Midi comms are enabled by default in the FBQ2496. If Midi comms has been turned off, or the channel has
been set to something other than 1, proceed as follows (all buttons referred to are on the front panel):

1

2.

Make sure the unit is NOT in PEQ mode (i.e. the LED in the PEQ button must be off, if it is on
press the PEQ button to turn it off). Press the BANDWIDTH and BYPASS buttons together to
access the Midi menus, the LEDs in both buttons start flashing as does the MIDI LED below the
numeric display. The display itself shows the Midi on/off status, if it shows OFF turn the knob
until it changes to on. Then press the BANDWIDTH button to change to the Midi channel menu,
shown in the display by C followed by the channel number. Turn the knob to select channel 1.

Press any button except BANDWIDTH or BYPASS to exit the Midi menus.

The FBQ2496 is now configured for Midi communications. This configuration is remembered for the next
power-up and does not need to be entered again.

Notes

1

Store Enable is turned off by the DSP1124P when it powers up, REW will prompt you to turn on
Store Enable for each measurement session when using DSP1124P. If you do not turn on Store
Enable REW will not be able to save filter settings to presets - after downloading filters to the
DSP1124P the red LED in the STORE button will be flashing as a warning that changes have
been made but not stored. You can manually save to presets by pressing the STORE button,
using the jog wheel to select the preset to store to, then pressing the STORE button again (just
press the button twice if you are already on the preset you want to use).
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2. The IN/OUT button LED on DSP1124P flickers during Midi communications, on FBQ2496 the
MIDI LED flickers.

3. When filters are downloaded to FBQ2496 REW will configure the unit to have 20 parametric
filters on the channel being downloaded and, after the download, will turn off the bypass (if it is
on).

4. Downloading a set of filters takes about 1 second per filter.

Help Index
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Soundcard Preferences

Soundcard Preferences

The Soundcard Preferences panel is used to configure the audio input and output used for measurement,
calibrate the soundcard and establish the correct levels for making measurements.

A Preferences
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The various controls on the panel are as follows:

Drivers

On Windows platforms there is a choice of Java or ASIO drivers for the soundcard. The Java drivers
on Windows support 44.1, 48, 88.2 and 96 kHz sample rates and 16-bit data. On Linux 192 kHz is
also offered, though may not behave well. On MacOS and Linux 24-bit data is used if the interface
offers it. Java drivers permit the input and output to be on different devices and allow volume control
from REW.

The ASIO drivers support up to 384 kHz and 24-bit data depending on the soundcard. ASIO drivers
support one ASIO device which must be used for both input and output and REW has no control over
levels. Pseudo-ASIO drivers such as ASIO4All create an ASIO wrapper around the WDM drivers for
devices, allowing input and output through different devices.

Sample Rate

With Java drivers the sample rate may be set to 44.1, 48, 88.2 or 96 kHz, the default is 48kHz. To
prevent resampling in the OS make sure the audio interface is configured to operate at the sample
rate selected in REW. With ASIO drivers the choice of sample rates offered will reflect those the
soundcard supports, with a maximum sample rate of 384 kHz. Note that the lists of input and output
devices only include those devices that report they support the selected sample rate, if your device
does not appear in the lists try changing the sample rate.
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Inputs and Outputs (Java drivers)

The input and output device lists show the physical devices that Java has found that report they
support the selected sample rate, along with some OS virtual devices. The lists of inputs and outputs
are specific to the selected input device and output device. The Default Device settings tell REW to
request the defaults that have been set in your OS (in the Sounds and Audio Devices control under
Windows or the Audio and Midi Setup utility under OS X). When the default devices have been
selected REW leaves all control of the audio inputs and outputs and their associated volume controls
to you, use the controls provided by your soundcard's mixer or OS controls to set levels and select
inputs and outputs as required. Note that when using a USB mic with a cal file that contains a
sensitivity figure REW needs to read the input volume setting to correctly show SPL, to allow that the
input device and input for the mic must be selected (they must not be left as "Default Device").

Output Channel (Java drivers)

REW can place its test signals on either or both of the output channels. If there are more than 2
available output channels the first and second can be driven at the same time - which channels those
are can be configured using the Output Channel Mapping dialog (see below). The output channel
selection can also be made directly on the measurement panel or signal generator.

Timing Reference Output Channel (Java drivers)

When using a timing reference the output channel will be the channel selected here. The selection can
also be made directly on the measurement panel.

Output Mapping (Java drivers)

On some platforms Java supports multichannel output - currently Windows does not offer this. If the
platform supports multichannel and the current output has more than 2 channels an output channel
mapping button is shown:

Output Device Buffer

|L.IMC182I:I |v|| 15k|%|

Cutput

|5PF_AKER |v||5 |v|

Timing Reference Output

l Set Output Channel Mapping... J

The button brings up a dialog to select up to 8 channels for use while measuring:
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L] Set channel mapping
Channel '1&;:::‘;& Mame

1 L= [ ]
2 2 |z [® A
33 gl c =]
4 [a [«] [Fe [»]
5 5 =l s Ad
6 6 |zl [s® A
7 7 l=l [se A
8 s [«] [sBr [+]

[ Use HW channel as name J

l- Reset channel mapping J

[ 0K HCanceIJ

Each of the 8 channels can be assigned to any of the available hardware outputs. They can be
labelled with surround channel names, or the hardware channel number, or the output number (1 to
8).

Input Channel (Java drivers)

REW only uses one soundcard channel to capture the output of your SPL meter or mic preamp, the
Input Channel control tells REW which channel you have connected to. The default is the Right
channel. If Use loopback as timing reference has been selected in the Analysis Preferences the other
channel will be used a reference to eliminate time delays within the computer and soundcard, this
requires a loopback connection on the reference channel. If the soundcard (or something else in the
input chain) inverts its input select the Invert checkbox to restore correct polarity. If the input has a DC
offset check the High Pass box to have REW automatically apply a 2 Hz high pass filter.

Loopback Input Channel (Java drivers)

When the input is stereo the loopback defaults to the channel not being used for measurement. If
multiple input channels are available the input to use for the loopback can be configured here.

Volume Controls (Java drivers)

The Output and Input volume controls are only enabled if you have selected specific input and output
devices, have checked the boxes to allow REW to Control output mixer/volume and Control input
mixer/volume and REW has been able to obtain controls for the selected devices from the OS. Under
those conditions REW will set the volume controls to the levels last used for measurement and select
the chosen input.
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Sweep Level

The Sweep Level control sets the RMS level at which REW will generate its measurement sweep,
relative to digital full scale. The highest level possible is -3 dBFS, unless the View preference Full
scale sine rms is 0 dBFS has been selected, in which case the maximum is 0 dBFS. Using the
maximum value places the peaks of the signal at digital full scale. A typical setting is -12 dBFS (the
default). This selection can also be made directly on the measurement panel.

Output Buffer, Input Buffer (Java drivers)

The Output Buffer and Input Buffer controls set the size of the buffers used when accessing the
soundcard. The default settings are 32k (meaning the buffer sizes are 32,768 pairs of audio samples).
If you experience occasional glitches or interruptions in the signal generator output try increasing the
replay buffer size, but note that there are other possible causes of this, such as interference from
wireless cards. Similarly if the captured audio signals (as shown in the Scope graph panel) have
occasional dropouts try increasing the record buffer. Using larger buffers will increase latency (delays
when starting and stopping replay and recording) but should otherwise not be detrimental. If you are
not experiencing any problems with audio input or output you may wish to reduce the buffer sizes to
minimise latency.

Calibration Panel

The controls in the Calibration panel are used to calibrate the soundcard.

The Browse... button is used to select a calibration file, a plain text file which by default has the
extension .cal, though other extensions are also accepted. The file format is detailed below. Clear Cal
clears the calibration data structures, all subsequent measurements will not have any soundcard
calibration corrections applied to them and REW will not load any previously specified soundcard
calibration file on the next startup. Calibrate... starts a process of measuring the soundcard response
via an external loopback connection. Make Cal... is used to save a measurement as a calibration file -
this should only be used with the results of a loopback measurement, and then only after checking
that the measurement is valid. The measurement data is saved as a text file, with the SPL values
offset to give 0dB at 1kHz. The file is automatically loaded on startup and applied to subsequent
measurements.

Levels Panel

The controls in the Levels panel are used to set the output and input levels for measurement. Levels
can be set using either a subwoofer or one of the main speakers, this is selected in the drop-down box
in the panel. The Check Levels... button starts a process of establishing and verifying the levels. The
Generate Debug File... button generates a text file with information about all the audio devices and
controls that Java has been able to identify. If there are problems configuring the soundcard for use
with REW provide a copy of this file along with a description of the problem.

Example Input and Output Settings

Here are some example settings, firstly using Java drivers, a PC's built-in soundcard and a USB mic. REW
has been set to control the levels and the Right channel is being used for input.

Page 204 of 249



Drivers

Java

Sample Rate

48 kHz H

Input Opticns

|:| Inwert

|:| High Pass

REW V5.19 Help

Buffer

SEHH

[)[Rart_|]

Output Device
| Digital Output (S/PDIF) (... |v | |

Output

| Master Volume

Control cutput mierfvolume

Output Volume: 1.uuu ] Mute
g wrs

Sweep Level

Soundcard Preferences

Buffer

32k|%|

MICROPHONE (Master ... |V||F‘.ight |"|

Input Device

Microphone (2- Umik-1 ... |" | |

Input

Control input mierfvolume

o

Input Volume:

Here are some settings using ASIO drivers, in this case ASIO4All (which provides an ASIO wrapper around
Windows soundcard drivers). Note that it is not necessary to select a timing reference output if a timing
reference is not being used. The ASIO Control Panel button launches the ASIO control panel for the

soundcard.

Drivers

s

Sample Rate

48 kHz n

Input Options

[ ] invert

[ ] High Paz=

ASI0 Device

|A5ID4ALL Ve |"’|
Cutput

|1:5|::-|:Iif0ut1 |Y|

Timing Reference Output

|2: SpdifQut 2 |"’|

| ASIC Control Panel J

Input

|1:Umik—1 Gain: 0dB 1 |v|

Loopback Input

|Chuus&ﬂ loopback input... |V|

Sweep Level E dB FS

Soundcard Calibration File Format

The calibration file is a plain text file which by default has the extension .cal, though other extensions are
also accepted. It should contain the actual gain (and optionally phase) response of the soundcard at the
frequencies given, these will then be subtracted from subsequent measurements. The values in the
calibration file can be separated by spaces, tabs or commas.

Each line of calibration data must have a frequency value and a gain value, a phase value is
optional

Frequency is in Hz, gain in dB, phase in degrees

The cal points can be at arbitrary frequency spacing, but each line must have a higher frequency
than the one before and there must be at least 2 freq, gain data pairs

Only lines which begin with a number are loaded, others are ignored
In comma-delimited files there must be at least one space after the comma
Spaces before values are ignored

The sample rate at which the data was generated can be indicated by having a line which starts
"Sample Rate:" (without the quotation marks) followed by the sample rate in Hz. REW checks for
this when loading a file and will warn if the rate does not match the current soundcard setting -
calibration data generated at a different sample rate will not provide accurate correction.

Here is an example section of a valid file format:
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* Soundcard Calibration data saved by Room EQ Wizard V5.00

* Source: EDIROL UA-1A, Digital Audio Interface, Right channel, volume: no
control

Format: 256k Log Swept Sine, 1 sweep

Dated: 21-Nov-2010 21:47:56

Sample Rate: 44100

*

-019 -1.424 53.471
-219 -1.238 49.420
-419 -1.062 45.118
.619 -0.929 41.888
-819 -0.823 39.056
.019 -0.740 36.590
-219 -0.668 34.409
-419 -0.607 32.468
.619 -0.557 30.736
-819 -0.513 29.177
.019 -0.475 27.777
.219 -0.443 26.495

PDRWWWWWNNNNN % ¥ X

After a calibration file has been loaded it will be applied to all subsequent measurements. Loading the
calibration file does NOT affect any data already measured and does not affect any measurement data that
is imported. The graph display is updated to show the calibration curve, offset to lie at the current Target
level.

Linear interpolation is used between calibration points. Outside the range of the calibration data the
behaviour depends on whether C weighting compensation has been selected. If C weighting compensation
is selected, C weighting curve figures will be used for frequencies above or below the range of frequencies in
the calibration data. If not, the calibration values for the lowest frequency in the file will also be applied for all
lower frequencies and the calibration values for the highest frequency in the file will be applied for all higher
frequencies.

The calibration file name and path are remembered for the next startup, the file will be loaded automatically
when REW is started. A message confirming loading of the file is given.

To stop calibration data being applied, use the Clear Cal... button. Useful tip: To apply or remove a
soundcard calibration file after a measurement has been taken, simply load or clear the cal data as required
and press the Apply Windows button in the IR Windows panel to recalculate the frequency response.

Help Index
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Mic/Meter Preferences

The Mic/Meter Preferences allow selection of the Mic/Meter type, loading/clearing of a mic/meter calibration
file to use for new measurements and calibrating the REW SPL meter's SPL reading.

i Preferance: - *
Soungeard MMEEr | Conma | Hoses Coror | Anilvas | Equaiier | v'll'.'rl

mput Ty Cafibration

(21 £ wesghied SPL etel il 700 15-Sept 2014 bt | Erowse.. || ClwCal

0 e o 2 eghiled SPL hater

Heip

Input Typa

Getac] C Weighted SPL Beter i you afe usmg a © veeighled SPL meber as e inpul to BEVW. measursments mill Fien B2 coreded i remowvs e
Iorwr and high frequency roli-offs of the C weightng charadesi=fic ¥ a cal Ale |s loaded The cocrechion will only be 2pplied cutside the reguency range
covered iy T cal e

113 08 B & MICTopons a8 M ingall 10 RIEW, of & SPL mealar wilt 2 weighing (ahich maans & doss mol hiie 30y woighling cond appisd)
cnivieiee Mic of T Weighted $PL et

Cakbration

I you hase s calitrabon dala fils for pour SPL malsr o mecrophons yau can 1oad the dats ims REW by Sicong the Browss Sullon The calisesion
data well b2 applied o &l new measwemants ken afler il has Been loaded and will be shown on e SPL & Phaze graph for e medauremeits
Tomamove B callzrabion Gata Sle chick e Chear Cal bukon

Tia Apply of e § Calioreion $le fir an exshing messaremant, use e Changs Cal., Bulion in 18 measurement panal

Ti calibrale the REW SPL mater reading agains! an anfemal metar use T Callbrale buton i the SPL Meter controls

Type

Select the C Weighted SPL Meter check box if you are using a C weighted SPL meter as the input to REW,
subsequent measurements will then be corrected to remove the low and high frequency roll-offs of the C
weighting characteristic. If a cal file is loaded the correction will only be applied outside the frequency range
covered by the cal file.

Mic/Meter Calibration

If you have a calibration data file for your SPL meter or microphone you can load the data into REW by
clicking the Browse button. The calibration data will be applied to all new measurements taken after it has
been loaded and will be shown on the SPL and Phase graph for the measurements. To remove the
calibration data file click the Clear Cal button.

To apply or remove a calibration file for an existing measurement, use the Change Cal... button in the
measurement panel.

Calibration File Format

The calibration file is a plain text file which by default has the extension .cal, though other extensions are
also accepted. It should contain the actual gain (and optionally phase) response of the meter or microphone
at the frequencies given, these will then be subtracted from subsequent measurements. The values in the
calibration file can be separated by spaces, tabs or commas. Typically the values are relative to the level at
some reference frequency, e.g. 1kHz, so the gain value there is 0.0.
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Each line of calibration data must have a frequency value and a gain value, a phase value is
optional

Frequency is in Hz, gain in dB, phase in degrees

The cal points can be at arbitrary frequency spacing, but each line must have a higher frequency
than the one before and there must be at least 2 freq, gain data pairs

Only lines which begin with a number are loaded, others are ignored
In comma-delimited files there must be at least one space after the comma
Spaces before values are ignored

Here is an example section of a valid file format:

SPL Meter Calibration data

20 -15.38

50 -3.69

100 -1.34
200 -0.62
500 -0.26

1000 0.0

2000 1.80
5000 3.95
10000 -0.71
20000 -6.28

Help Index
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Comms Preferences

The Comms Preferences panel is used to choose the Midi and RS232 interfaces for communications with an
equaliser.
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To enable Midi port selection check Enable Midi, Midi port selection is disabled by default under OS X as
Midi access causes the Java Runtime Environment to crash on some Macs.

Choose a Midi Output Port if using an equaliser with a Midi interface which REW supports. BFD Pro
DSP1124P and FBQ2496 can be programmed by REW via Midi, refer to the BED Comms help for details of
setting the units up.

RS232 Ports are only supported on Windows and are only used with the TMREQ equaliser in AV32R DP
and AV192R AV processors. Refer to the AVP_Comms help for details of setting those units up.

Note that only ports that existed when the Comms Preferences tab is first opened are available for selection,
a restart of REW is required to detect Midi or serial interfaces that were connected after viewing the Comms
Preferences.

The FBQ Filter Delay setting controls how long REW waits between each filter set sent to the FBQ2496, if
transfer of filter settings is unreliable increasing this delay may help.

Help Index
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House Curve Preferences

A "house curve" is a target response which differs from that defined by the bass management settings of the
speakers. The House Curve Preferences allow a file containing house curve data to be loaded, or a curve
that has been loaded to be removed. The selection is remembered for the next startup.
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Defining a House Curve

The house curve is specified by a set of data that defines an offset curve that is added to the traces
generated from the bass management responses for the speaker types defined for each channel. The file
containing the house curve data is plain text consisting of pairs of frequency and offset values separated by
spaces, tabs or commas. Interpolation is used between the pairs of values, either linear (default) or
logarithmic, according to the state of the Use logarithmic interpolation check box. Logarithmic interpolation
draws lines between data points which are straight if the frequency axis is logarithmic. The first and last
values in the file are used for all frequencies below and above the range of the data respectively.

e Each line of data must have a frequency value (which is in Hz) and an offset value (which is in
dB)

e The points can be at arbitrary frequency spacing, but each line must have a higher frequency
than the one before and there must be at least 2 freq, offset data pairs

e Only lines which begin with a number are loaded, others are ignored
e In comma-delimited files there must be at least one space after the comma
e Spaces before values are ignored
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The house curve would typically be used to define a boost for the subwoofer range, such as that defined by
the data points below. These points give a boost that is 6dB at 20Hz, dropping to 0dB at 80Hz and above.
The boost remains flat at 6dB below 20Hz. A more elaborate curve might include a roll-off at high
frequencies (if full range equalisation were being applied).

House Curve data

20 6.0
80 0.0

When a house curve has been loaded the i symbol is displayed next to the Target trace value in the Filter
Adjust graph.

Help Index
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Analysis Preferences

The Analysis Preferences alter the way REW carries out some of its calculations.
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Impulse Response Window Defaults

The Left Side and Right Side window selectors offer a choice of window types to be applied to the impulse
response data before and after the peak. These are the defaults applied to new measurements, window
types for existing measurement can be altered via the IR Windows toolbar button. By default REW will set
the widths of the windows automatically to show the whole room response, to override this uncheck the Set
IR window widths automatically box and set the default widths you wish to be applied to new measurements.

If Add frequency dependent window is selected a frequency dependent window (FDW) will be applied to the
measurement after the left and right windows have been applied. The width of the FDW is set by the controls
to the right and can be specified in cycles or in octaves. If the width is in cycles a 15 cycle window (for
example) would have a width of 150 ms at 100 Hz (15 times 10 ms), 15 ms at 1 kHz (15 times 1 ms) and 1.5
ms at 10 kHz (15 times 0.1 ms).

The IR Decay/Waterfall Left and IR Decay/Waterfall Right window selections are applied to the impulse
response data when generating Spectral Decay and Waterfall plots.

The Waterfall (audio data) window selection is applied when generating waterfall plots for imported audio
data. This is the default, the window type used for any particular measurement can be altered via the
selector in the graph controls.

The Spectrogram window selection is applied to the response data when generating Fourier Spectrogram
plots. This is the default, the window type used for any particular measurement can be altered via the
selector in the graph controls.

Impulse Response Calculation
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The timing reference selection controls whether REW uses a loopback on the soundcard as a timing
reference, or an acoustic timing reference, or no reference. Using a timing reference allows REW to
eliminate the variable propagation delays within the computer and soundcard so that separate
measurements have the same absolute timing. If a loopback is selected the reference channel signal must
be looped back from output to input on the soundcard and measurements will be relative to the loopback
timing, usually this means measurements will have a time delay that corresponds to the time it takes sound
to travel from the speaker being measured to the microphone. If an acoustic timing reference is used REW
will generate a timing signal on the output that has been selected to act as the reference before it generates
measurement sweeps on the channels being measured. The timing signal is a high frequency sweep to
allow accurate timing, a subwoofer cannot be used as the reference channel. Measurements will have a time
delay that corresponds to the difference in their distance from the microphone compared to the distance of
the reference speaker - if the reference speaker is further away the delay would be negative. Note that
multiple sweeps cannot be used when using an acoustic timing reference. If a timing reference is not being
used REW will set the IR zero time according to the setting of Set t=0 at IR peak.

If using a timing reference REW can calculate the delay through the system being measured and show it in
the measurement Info panel as "System Delay" in milliseconds, with the equivalent distance in feet and
metres shown in brackets. Note that delay values are not accurate for subwoofer measurements due to the
limited bandwidth of the subwoofer response, the delay estimate is based on the location of the peak of the
impulse response and subwoofers have a broad peak and a delayed response.

The Set t=0 at IR peak selection controls whether REW sets the zero time for the impulse response to
correspond to the location of the peak. If this is not set REW will estimate any time delay in the impulse
response, remove it and set the t=0 time accordingly.

The Sub-sample timing adjustment selection controls whether REW adjusts the impulse response timing to
resolution below a single sample when setting t=0 at the IR peak or using the other channel as timing
reference. Sub-sample timing adjustment requires a resampling of the impulse response to perform the
adjustment, which slightly raises the noise floor of the measurement - however the increase is far below the
noise floor of a typical acoustic measurement and sub-sample adjustment provides more accurate phase
information at high frequencies.

The Decimate IR selection controls whether REW reduces the sample rate of the impulse response to
correspond to the range of frequencies in the measurement. Selecting this option greatly reduces the
impulse response size for low frequency measurements and speeds up processing of the data.

When impulse responses are imported the t=0 position can be set to either the first sample in the imported
data or the location of the peak of the impulse response.

After REW has made a measurement it can truncate the derived impulse response to preserve the important
information while minimising the storage required for the measurement file. A 1 second period is retained
before the peak, and by default a 1.7 second period is retained after the peak (this varies a little depending
on the sample rate, at 44.1k (or multiples) it is approx 2 seconds, at 48k 1.7 seconds). In some cases it may
be useful to retain more of the impulse response, such as measurements in very large spaces which have
very long impulse responses. REW provides options to truncate the response after approx 4.4 seconds, or
9.9 seconds, or to retain the entire impulse response. It may also be necessary to use a longer sweep (with
a 256k sweep there is about 6 seconds of impulse response data available after the peak). Note that
retaining the entire impulse response will produce much larger measurement files, especially if long
measurement sweeps are used. If the entire response is retained the peak will be centred within the
response.

Frequency Response Calculation

The Allow 96 PPO log spacing selection controls whether REW is permitted to convert frequency responses
from linearly spaced data to logarithmically spaced data at 96 points per octave. The FFT that calculates the
frequency responses produces data that is linearly spaced in frequency, i.e. there is a constant frequency
step from each value to the next. For the high frequency parts of responses this means there are a very
large number of points, using a lot of memory but not contributing anything useful to the displayed data.

Page 213 of 249



REW V5.19 Help Analysis Preferences

When this option is selected (it is on by default) REW will automatically convert frequency responses to more
efficient logarithmic spacing with 96 data points in each octave of the response if this will reduce memory
usage (which is usually the case for sweeps that end above 300 Hz or so). As part of the conversion process
REW first applies a 1/48th octave smoothing filter to the data to remove any high frequency combing from
the response. The conversion takes place on any new measurement or when an IR Window is applied.
Whether a measurement is log spaced or linearly spaced can be seen by bringing up the measurement info
window by clicking the info button in the toolbar.

Note that conversion to 96 PPO is inhibited if the impulse peak is far from the impulse zero time, where "far"
means the peak is offset from zero by a time that corresponds to more than 90 degrees of phase shift
between samples at the measurement end frequency. This is to prevent aliased phase data at high
frequencies which would lead to incorrect group delay figures.

The Show response below window limit selection controls whether REW displays the frequency and phase
responses at frequencies lower than those valid for the current impulse response window width. For
example, if the window width were 10 ms frequencies below 100 Hz would not be valid and are normally not
displayed. There are circumstances in which it may be helpful to see that data, which this option allows, but
the responses are drawn dashed to indicate they lie below the window cutoff.

The default smoothing to apply to new measurements can be selected from the drop-down box next to the
log spacing check box.

If Limit cal data boost to 20 dB is selected REW will limit the total gain applied to compensate for calibration
data attenuation to 20 dB. This prevents excessive boosting of the noise floor in areas where the combined
mic/meter and soundcard response is more than 20 dB down. This setting affects the frequency response,
RTA trace and SPL meter readings and is also applied when carrying out trace arithmetic.

Help Index
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Equaliser Preferences

The Equaliser Preferences alter the way REW carries out its EQ filter calculations.
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Default Equaliser

The Default Equaliser specifies the equaliser that will be used for new measurements. The equaliser used
for an existing measurement can be changed via the EQ panel.

Filter Calculation

If Drop filters if gain is small is selected any Automatic filters which have gain of magnitude less than half the
flatness target at the end of the optimisation process will be freed up (their Type will be set to "None")

If Use new optimiser is selected REW uses the optimisation algorithm developed for V5.10, if it is not
selected the V5.00 algorithm is used. The V5.10 algorithm is faster and produces more consistent results for
equalisers which do not constrain parameter resolution, such as the miniDSP and Generic equaliser settings.

Target Defaults

The default values to use for Speaker Type, Cutoff, Crossover slope, LF Slope and LF Cutoff are specified
here, these will be used for each new measurement. The LF Cutoff and LF Slope define the lower extension
limit for subwoofer's or full range speakers and how quickly that extension rolls off.

The LF Rise and HF Fall settings define the defaults that will be used for a house curve effect on the target
shape for new measurements. The target curve will rise below the LF Rise start frequency at the slope
selected until reaching the LF Rise end frequency. A rise at low frequencies is often subjectively preferred.
Similarly, the target curve will fall above the HF Fall start frequency at the slope selected. Falling HF
response is a normal characteristic of in-room measurements at the listening position.
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View Preferences

The View Preferences control the appearance of REW
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Use thick traces and Use anti-aliasing for traces improve graph appearance but may result in slow drawing
performance on some platforms, uncheck these options for faster drawing. The Corrected traces can be
drawn dotted or in a brighter shade of the measurement colour.

Enable mousewheel zoom allows the graph to be zoomed in or out using a mousewheel or trackpad. Limit
mousewheel zoom rate prevents the graph from zooming in or out too rapidly. Save trace colour with
measurement includes the trace colour settings in the measurement file. Use thicker traces for averages
uses thicker lines for traces from measurements that are the result of averaging other measurements when
plotting them on overlays or in the measurement thumbnail.

Freq axis preset 1 and 2 are buttons that appear on the graph to allow the frequency axis to be quickly
changed between the two preset ranges defined here.

The default trace colours can be set up from here, or reset to the REW defaults. The r,g,b values for the
trace colour are shown when hovering over the colour buttons. These default colours are remembered for
the next time REW starts. Changing the default colours will not alter the trace colours of any measurements
already loaded. To change the colours of existing measurements use the trace colour button on the
measurement panel or click the Set All Trace Colours To Defaults button on the colour chooser panel.

Interface

The text under the toolbar buttons can be hidden by unchecking Show toolbar text labels. The text under the
graph buttons can be hidden by unchecking Show graph button text labels. The grid on the measurement
thumbnails can be turned off by unchecking Show grid on thumbnails.

Show toolbar controls whether the toolbar appears below the menu, hiding it makes more room for graphs
on low resolution screens.
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Maximum measurements is the maximum number of measurements that can be loaded in REW. Changes to
this value do not take effect until REW is next started. Note that with a high maximum number of
measurements REW could run out of memory, if that occurs it is possible to increase the amount of memory
REW requests on startup by editing the roomeqgwizard.vmoptions file in the REW program directory using the
-Xmx option, REW uses -Xmx512m by default. Admin privileges are required to change that file: copy it to a
user-accessible directory, make the edits, then copy it back using Admin privileges.

General font size is the base font size (in points) for REW. Graph font size is the font size used for the graph
axes. Font size changes do not take effect until REW is next started.

Suppress soundcard errors stops REW showing an error message if it cannot access a soundcard on
startup, this may be useful if REW is being used to analyse measurements on a computer without the audio
interfaces needed for making measurements.

Use dark background changes the colour scheme from light to dark. Restart REW to update the colours for
all components.

Full scale sine rms is 0 dBFS determines whether the rms level of a full scale sine wave is show as 0 dBFS
or -3 dBFS. If this option is selected the rms level may be greater than 0 dBFS for some signal types, for
example,a full scale square wave would have an rms level of +3 dBFS.

Show [FDW] in name if used appends [FDW] to the measurement name if a frequency dependent window
has been applied.

Distance units selects whether distances are shown in metres or feet and inches.

If Confirm unsaved measurement removal is checked REW will ask for confirmation if you try to remove a
measurement that has not been saved since it was last modified. This setting can also be changed from the
removal confirmation dialog.

Speed of sound selects the value used for the speed of sound when converting times to distances,
calculating modal resonances etc. The default value is 343.0 m/s (approximate speed of sound in dry air at
20 degrees C).

Under OS X Use OS X-style file dialogs changes the file selection dialog to a format more like the native OS
X file chooser, but note that the OS X-style chooser does not have the preview panel which REW uses to
show the contents of mdat, req, calibration data and image files.

Don't show the welcome message controls whether REW shows a welcome message when it starts up.

Help Index

Page 218 of 249



Keyboard Shortcuts

N.B. On OS X the shortcuts use cmd instead of Ctrl and option instead of alt

REW V5.19 Help

Grouped by function

| |
| Keys || Function |
| F1 || Show Help |
| F2 || Show Help on Selected Item |
| ctri+M || Measure Response |
| Ctrl+N || Show Info Panel |
| ctrl+S || Save Measurement |
| ctri+0 || Open Measurement File |
| CtrI+Shift+S || Save All Measurements |
| CtriI+Alt+S || Save Filters |
| CtriI+AIt+0 | Open Filter file |
| ctri+l || Import Measured Data |
| Ctri+Alt+l || Import Impedance Measurement |
| Ctri+Shift+l || Import Impulse Response |
| Ctri+Shift+U || Import Audio Data |
| Ctri+Shift+N || Import Sweep Recording |
| Ctril+Backspace || Delete Current Measurement |
| Ctri+Shift+Backspace || Delete All Measurements |
| Ctri+Shift+K || Show Room Simulator |
| Ctrl+Shift+L || Show Level Meters |
| Ctrl+Shift+M || Show SPL Meter |
| Ctri+Shift+0 || Show SPL Logger |
| Ctrl+Shift+P || Show TS Parameters window |
| Ctri+Shift+Q | Show EQ panel |
| Ctrl+Shift+R || Show Signal generator |
| Ctri+Shift+T | Show RTA |
| Ctri+Shift+Vv || Show Overlays Window |
| Ctri+Shift+Ww || Show IR Windows panel |
| Ctr1+Shift+E || Show Preferences |
| Ctri+F || Retrieve Filter Settings from Unit |
| Ctri1+Shift+F || Send Filter Settings to Unit |
| Ctrl+Delete || Reset Filters for Current Measurement |
| Ctr+LEFT || Select previous graph group |
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LEFT, RIGHT, UP, DOWN

Move graph cursor

| CtriI+RIGHT || Select next graph group |
| ctri+1 || Select first graph group |
| ctri+2 || Select second graph group |
| ctri+3 || Select third graph group |
| Ctri+4 || Select fourth graph group |
| ctri+5 || Select fifth graph group |
| ctri+6 || Select sixth graph group |
| ctri+7 || Select seventh graph group |
| ctri+8 || Select eighth graph group |
| Ctrl+9 || Select ninth graph group |
| Ctri+Shift+G | Show Grid |
| Ctri+Shift+A || Frequency Axis Log/Linear |
| cerl+z || Undo Zoom |
| Ctri+Shift+l || Apply 1/1 octave smoothing |
| Ctri+Shift+2 || Apply 1/2 octave smoothing |
| Ctri+Shift+3 || Apply 1/3 octave smoothing |
| Ctri+Shift+6 || Apply 1/6 octave smoothing |
| Ctrl+Shift+7 || Apply 1/12 octave smoothing |
| CtrI+Shift+8 || Apply 1/24 octave smoothing |
| Ctrl+Shift+9 || Apply 1/28 octave smoothing |
| Ctri+Shift+X || Apply variable smoothing |
| Ctri+Shift+Y || Apply psychoacoustic smoothing |
| Ctri+Shift+z || Apply ERB smoothing |
| Ctri+Shift+0 || Remove smoothing (see note below) |
| Ctri+shift+] | Save Graph As JPEG |
| |
|shift + LEFT, RIGHT, UP, DOWN| Move graph |
| X || Zoom out horizontally |
| Shift+x || Zoom in horizontally |
| \Y% || Zoom out vertically |
| Shift+y || Zoom in vertically |
| Alt+l || Select measurement 1 |
| Alt+2 || Select measurement 2 |
| Alt+3 || Select measurement 3 |
| Alt+4 || Select measurement 4 |
| Alt+5 || Select measurement 5 |
| Alt+6 || Select measurement 6 |
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1L
|| Select measurement 7

| Alt+7 |
| Alt+8 || Select measurement 8 |
| Alt+9 || Select measurement 9 |
| Alt+UP || Select previous measurement |
| Alt+DOWN || Select next measurement |
| Alt+D ||Togg|e Distortion button in RTA window|
| Alt+G || Generate Decay or Waterfall plots |
| AIt+R || Reset Averaging in RTA window |
| AIt+S || Save in RTA window |

N.B. On OS X the shortcuts use cmd instead of Ctrl and option instead of alt

Listed in key order

| |
| Keys || Function |
| Alt+1l || Select measurement 1 |
| Alt+2 || Select measurement 2 |
| Alt+3 || Select measurement 3 |
| Alt+4 || Select measurement 4 |
| Alt+5 || Select measurement 5 |
| Alt+6 || Select measurement 6 |
| Alt+7 || Select measurement 7 |
| Alt+8 || Select measurement 8 |
| Alt+9 || Select measurement 9 |
| Alt+UP || Select previous measurement |
| AIt+DOWN || Select next measurement |
| AlIt+D ||Toggle Distortion button in RTA window|
| Alt+G || Generate Decay or Waterfall plots |
| AIt+R || Reset Averaging in RTA window |
| AlIt+S || Save in RTA window |
| Ctr+LEFT || Select previous graph group |
| CtrI+RIGHT || Select next graph group |
| Ctri+l1 || Select first graph group |
| ctri+2 || Select second graph group |
| ctri+3 || Select third graph group |
| ctri+4 || Select fourth graph group |
| ctri+5 || Select fifth graph group |
| |
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| Ctri+6 I Select sixth graph group |
| ctri+7 || Select seventh graph group |
| Cctri+8 || Select eighth graph group |
| ctri+9 || Select ninth graph group |
| Ctri+F || Retrieve Filter Settings from Unit |
| ctri+l || Import Measured Data |
| ctri+M || Measure Response |
| Ctri+N || Show Info Panel |
| ctri+0 || Open Measurement |
| ceri+S || Save Measurement |
| ctri+Z || Undo Zoom |
| Ctri+Alt+l || Import Impedance Measurement |
| Ctri+Alt+0 || Open Filter file |
| Ctrl+Alt+S || Save Filters |
| Ctril+Backspace || Delete Current Measurement |
| Ctrl+Delete || Reset Filters for Current Measurement |
| Ctrl+Shift+0 || Remove smoothing (see note below) |
| Ctrl+Shift+1 || Apply 1/1 octave smoothing |
| Ctri+Shift+2 || Apply 1/2 octave smoothing |
| Ctri+Shift+3 || Apply 1/3 octave smoothing |
| Ctri+Shift+6 || Apply 1/6 octave smoothing |
| Ctri+Shift+7 || Apply 1/12 octave smoothing |
| Ctrl+Shift+8 || Apply 1/24 octave smoothing |
| Ctrl+Shift+9 || Apply 1/28 octave smoothing |
| Ctri+Shift+A || Frequency Axis Log/Linear |
| Ctrl+Shift+E || Show Preferences |
| Ctri+Shift+F || Send Filter Settings to Unit |
| Ctri+Shift+G | Show Grid |
| Ctri+Shift+l || Import .pcm Impulse Response |
| Ctri+Shift+J || Save Graph As JPEG |
| Ctri1+Shift+K || Show Room Simulator |
| Ctri+Shift+L || Show Level Meters |
| Ctri+Shift+\ | Show SPL Meter |
| Ctri+Shift+N || Import Sweep Recording |
| Ctri+Shift+0 || Show SPL Logger |
| Ctrl+Shift+P || Show TS Parameters window |
| Ctri1+Shift+Q || Show EQ panel |
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| CtriI+Shift+R H Show Signal generator |
| Ctrl+Shift+S H Save All Measurements |
| Ctri+Shift+T H Show RTA |
| Ctri+Shift+U H Import Audio Data |
| Ctri+Shift+Vv H Show Overlays Window |
| Ctri1+Shift+W H Show IR Windows panel |
| Ctri1+Shift+X H Apply variable smoothing |
| Cerl+Shift+Y H Apply psychoacoustic smoothing |
| Ctri+Shift+z H Apply ERB smoothing |
| Ctri+Shift+Backspace H Delete All Measurements |
| LEFT, RIGHT, UP, DOWN [ Move graph cursor |
|shift + LEFT, RIGHT, UP, DOWN| Move graph |
| X H Zoom out horizontally |
| Shift+x H Zoom in horizontally |
| y H Zoom out vertically |
| Shift+y H Zoom in vertically |

Note that in windows Vista and Windows 7 the Ctr1+Shift+0 shortcut is by default assigned to switching
the input language, see http://support.microsoft.com/kb/967893. To remove smoothing either use the graph
menu entry, or the smoothing box in the graph controls, or press the smoothing shortcut again - for example,
pressing Ctr1+Shift+3 will smooth the data to 1/3 octave, pressing it again will remove the smoothing.

On Vista and Windows 7 the key assignment can be removed by following these steps: Click Start, and then
click Control Panel. Double-click Region and Language. Click Keyboards and Languages, and then click
Change keyboards. Click Advanced Key Settings, and select Between input languages and click change Key
Sequence. For Switch Input Language and for Switch Keyboard Layout, select Not Assigned. Click OK and
then Apply, then click OK.

On Windows 8 the route is Control Panel -> Language -> Advanced Settings -> change language bar hot
keys. On the Advanced Key Settings tab select the Between input languages action then click Change Key
Sequence then in the Switch Keyboard Layout column of the dialog that pops up select 'Not Assigned'. Click
Apply then OK.
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File Menu

Save Measurement Ctrl+S

Save the current measurement in a binary format with the extension ".mdat". The path to the file is
remembered for the next time the dialogue appears.

Open Measurement Ctrl+0O

Load measurements from an mdat file. The path to the file is remembered for the next time the
dialogue appears. Mdat files can also be opened by dragging them onto the REW main window.

Save All Measurements Ctrl+Shift+S

Save the data for all measurements in a single file with the extension ".mdat". A note can be entered
that is displayed when the data set is next loaded. The path to the file is remembered for the next time
the dialogue appears.

Save Filters Ctril+AIt+S

Saves the EQ filter settings for the current measurement in a binary format with the extension ".req". A
note can be entered that is displayed when the filters are next loaded. The path to the file is
remembered for the next time the dialogue appears.

Open Filters Ctri+Alt+0

Load a set of EQ filters for the current measurement from a .req file. Any note saved with the settings
will be displayed. If the .req file has more than one set of filters a selection box is offered to choose the
set to load the filters from. Req files can also be opened by dragging them onto the EQ window or the
EQ filters window.

Import -> Frequency Response Ctri+l

Import frequency response data (SPL or impedance) from other applications or load FR data which
has been saved in a text format. See Importing Measurement Data for details. The path to the file is
remembered for the next time the dialogue appears.

Import -> Impedance Measurement Ctri+Alt+l

Import impedance measurement data from other applications which has been saved in a text format.
See Importing Measurement Data for details. The path to the file is remembered for the next time the
dialogue appears.

Import -> Impulse Response Ctrl+Shift+l

Import an impulse response from a WAV file, an AIFF file or a .pcm file (raw data) as produced by
ETF from Full Range measurements using the File -> Write Impulse As *.pcm option. The sample rate
must be specified manually for .pcm files as it is not contained in the file (ETF shows the sample rate
in the pop-up which appears after exporting the response). WAV and AIFF files can be mono, stereo
or multi-channel, the channel to be imported is chosen when loading the file. Files with 16, 24 or 32 bit
signed PCM samples and 32-bit or 64-bit float samples are supported. Only the first 1,024,576
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samples are imported. If the peak of the imported IR is within 1% of the beginning of the file REW
assumes the IR is from a full FFT with the second half of the file containing samples at negative time,
so the data is rotated to place the peak in the middle. To re-scale the impulse response for a desired
peak SPL figure in the frequency response use the Scale Response controls in the Impulse graph
group. There is a setting in the Analysis Preferences to control whether the t=0 time for the imported
response is placed at the first data sample or at the peak of the impulse response. The path to the file
is remembered for the next time the dialogue appears. WAV, AIFF and .pcm files can also be opened
by dragging them onto the main REW window. N.B. Mic/Meter calibration, soundcard calibration
and C weighting compensation are not applied to imported impulse responses.

Import -> Audio Data Ctrl+Shift+U

Import audio data from a WAV or AIFF file. Files with 16, 24 or 32 bit signed PCM samples and 32-bit
or 64-bit float samples are supported. Only the first 60s (approx) is imported. The path to the file is
remembered for the next time the dialogue appears.

Import -> Sweep Recordings Ctri1+Shift+N

Import sweep stimulus and recorded responses from WAV or AIFF files to make offline
measurements. Files with 16, 24 or 32 bit signed PCM samples and 32-bit or 64-bit float samples are
supported. The sweep stimulus file must be produced by saving a measurement sweep from the REW
signal generator with V5.19 beta 7 or later. The path to the files is remembered for the next time the
dialogue appears.
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[£| Import Sweep — >
Import Sweep Recordings =
Stimulus Browse. .

Drag sweep file here or use the Browse button

EJ Apply cal files

| Load stimulus file then load rezponse files

Export -> Impulse Response as WAV

Export the impulse response for the current measurement in WAV format, written as mono or stereo
signed PCM data. The exported file will have a minimum duration of 1 second. The dialog provides
options to choose the number of bits per sample and to select whether or not to normalise the
response so that the peak value is unity (O dBFS). There are also options to apply the current impulse
response window settings to the response before exporting it, or to export a minimum phase version
of the measured response. 32-bit sample width is recommended if the application using the data can
accept this, particularly if the response is not normalised. The peak of the exported response occurs 1
second after the start unless the IR window has been applied, in which case the export starts at the
first windowed sample and the peak location depends on the IR window settings. That can be used to
preserve relative timing for exported impulse responses that have been captured with a timing
reference: define IR windows for the responses that have the same window ref time and the same left
window width - use rectangular windows if the data should not be altered by the window. The exported
IR for each impulse will then start at the start of the left window, which will be at the same absolute
time for each, so their relative timing will be preserved.
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Impulse response export >

Format iz signed PCH

@ Mono

\_J) Stereo

|1: Artist 3+Q2070Si v

| -]
() 16-bit
() 24-bit
(®) 32-bit

E] Mormalize samples to peak value
|| Apphy IR Window before Export
|| Export Min Phase Version of IR

[8].4 Cancel

Export -> Filters Impulse Response as WAV

Export the impulse response of the filters for the current measurement in WAV format, written as
mono or stereo signed PCM data, with the impulse response starting 2 samples into the file (the first 2
samples are zero). The response length is 128k samples (131,072). The dialog provides options to
choose the sample rate, number of bits per sample and to select whether or not to normalise the
response so that the peak value is unity (0 dBFS). 32-bit sample width is recommended if the
application using the data can accept this, particularly if the response is not normalised. When
exporting as stereo the first response selected is placed in the left channel, the second in the right.

Export -> Filter Settings as text

Export EQ filter settings for the current measurement in a plain text format. The file includes the
speaker setting and target level for the measurement. This file is a convenience format only, REW
cannot load filter settings from text files - use the .req format to save and reload settings. The path to
the file is remembered for the next time the dialogue appears. An example of the format is shown
below.

Filter Settings file

Room EQ V4.00
Dated: 07-Jan-2007 17:20:32

Notes:Example Tilter settings

Equaliser: DSP1124P

sampledata.txt

Bass limited 80Hz 12dB/Octave

Target level: 75.0dB

Filter 1: ON PA Fc 129.1Hz ( 125 +2 ) Gain -18.5dB BW/60 4.0
Filter 2: ON PA Fc 36.8Hz ( 40 -7 ) Gain -15.5dB BW/60 10.0
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3: ON PA Fc 99.1Hz ( 100 -1) Gain -3.5dB BW/60 1.0
4: ON None
5: ON None
6: ON None
7- ON None
8: ON None
9: ON None
10: ON None

11: ON None
12: ON None

Export -> Measurement as text

Export the measured data for the current measurement as a text file. The file includes the
measurement settings. These text files can be re-loaded using Import Measured Data. The path to the
file is remembered for the next time the dialogue appears. When the menu item is selected a settings
dialog appears that allows a note to be entered and features of the export to be controlled.
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Export settings for Artist 3+ 0207050 >

Motes to include:

Adam Artist 3 deskiop speaker with Q20705 sub under the desk, no EQ

CI Use range of measurement:

@Us& custom range: | ZDH to | ZU.UUDHHZ

Cl Use resclution of measurement:
) 1/12 pctave smoothing should
@ Use custom resolution: PPO be used to prevent aliazing

O Uze zmoothing of measurement:

@ Uze custom smoothing: |1.-'24 smoothing |"’|

O Uze REW export number format:

@ Use computer's number format: 123456

Choose the export text delimiter: =

Export preview:

= s

* Freg(Hz) S5PFL(dB) Phase (degrees)

20.000 33.228 43.547

20_58& 37.26l1 -88.483

21_18% 4z2_.728 -168_.181 —

21.810 48.17Z 12&_936

22.44%9 47_.873 Te.581 | 8
-

| | [+

l OK Jl Cancel J

The entire measurement can be exported (Use range of measurement) or a range can be selected,
if the selected range starts before or ends after the range of data within the measurement only the
range that overlaps the measurement will be exported. If the data is exported at the measurement
resolution that may be 96 PPO log spaced if the Allow 96 PPO log spacing Analysis preference is
selected or linear spaced at the FFT resolution. Linear spaced exports are very large files (typically
more than 1 MB). If a custom (log spaced) export resolution is selected REW picks a start frequency
that is as close as possible to the desired start but that ensures the exported frequencies include the
nominal octave centres (e.g. 20 Hz, 40 Hz etc). Smoothing should be applied when using log exports,
the dialog will warn if insufficient smoothing has been selected for the chosen output resolution.
Exports can use whatever smoothing is currently applied to the measurement, or any other smoothing
selected from the dialog (the selection will not change the smoothing of the measurement in REW,
only the smoothing for the exported data). By default REW's export number format uses dot as the
decimal delimiter and no digit grouping, for ease of import in other packages subsequently, but Use
computer's number format will mean the current format of the computer on which REW is running
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will be used. The delimiter between exported values can also be selected here, this is the same
selection as offered in the export menu. A preview of the export output is shown in the dialog including
the first few lines of exported data. The format is compatible with the .FRD format. Comment lines
start with *, data lines begin with the frequency, then the SPL in dB and finally the phase in degrees
(0.0 if the measurement does not have phase information).

Export -> All measurements as text

Export the measured data for all loaded measurements as text files in a chosen directory. The file
names use the measurement titles. The same settings dialog appears as for a single measurement,
the settings are applied to all the files. Any note entered will appear in all the files, followed by any
notes from each individual measurement.

Export -> Measurement as MLSSA .frq

Export the measurement in the MLSSA .frg format. The path to the file is remembered for the next
time the dialogue appears.

Export -> Distortion data as text

Export the distortion data for the current measurement as a text file. A dialog is displayed to control
the content and format of the export

Page 230 of 249



REW V5.19 Help File Menu

Distortion Data Export >
Measurement. Artist 3+020705i

(®) Selected tems () All Data

[] Fundamental [~]THD [ JH2 [ ]H3 [ ]H4 [ JHs [ JH8 [ JH7 [ JHE8 [ ]H3 []H10

THD Freq. Span: 10to 11,916 H=z Set end frequency for highest harmonic

Start Freguency: E End Freguency: :H
Points per Octave: = Distortion Format: =

Data Rows: 246

Export text delimiter: u

@ Uze REW export number format: 123456

O Use computer's number format:

Mote:

Prewview:

* Freqg(Hz) Fundamental (dB) THD (%)
10.000 0.000 4.50
10.233 0.000 &.24
10.535 0.000 7.&0
10.305 0.000 8.02
11.225 0.000 B8.58
11.554 0.000 10.4
11.8%2 0.000 13.6
1z.241 0.000 17.3
1Z.539 0.000 20.4

l oK Jl Cancel J

An example of the file format is shown below. Comment lines start with *. Data lines begin with the
frequency, then the fundamental SPL (if selected for export) in dB, then the selected distortion
measurements. Note that if the end frequency for the export is not configured to automatically adjust
to suit the highest harmonic selected, the number of harmonics on each line will reduce as frequency
increases, eventually leaving only the second harmonic and THD values.

* Distortion data saved by REW V5.01
* Dated: 16-Sep-2012 18:52:27
* Measurement: Sep 16 18:52:27
* Frequency Step: 3 ppo
Freq(Hz) Fundamental (dB) THD (%) H2 (%) H3 (%) H4 (%) H5 (%) H6 (%)
H7 (%) H8 (%) H9 (%) H10 (%)

20.000 76.068 0.016 0.014 0.002 0.001 0.004 0.003 0.001 0.002 0.002
0.001

25.198 76.133 0.011 0.008 0.000 0.001 0.001 0.006 0.001 0.001 0.001
0.003

*
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31.748 76.181 0.015 0.013 0.002 0.002 0.002 0.001 0.002 0.005 0.001
0.001

40.000 76.215 0.014 0.013 0.001 0.003 0.001 0.002 0.002 0.001 0.003
0.001

Export -> Distortion spectrum data as text

Export the distortion spectrum data for the current measurement as a text file, if it is a stepped sine
measurement that includes spectrum data. Data is exported for the spectrum captured at each test
frequency in a stepped sine measurement and for the noise floor. The spectrum data is log spaced,
the frequency of each data point is included at the start of each row. The data header includes the
frequency steps in the measurement. Note that exported spectrum data should not be used to try and
calculate distortion levels as it does not have sufficient frequency resolution to accurately calculate the
energy in each harmonic.

Export -> Impulse Response as text

Export the impulse response data for the current measurement as a text file. A dialog is shown to
enter a note that is displayed when the data set is next loaded and preview the output. The file
includes the speaker setting, target level and settings for the measurement. The path to the file is
remembered for the next time the dialogue appears.

| Impulse Data Export X |
Measurement: Artist 3+020705i

MNote:

[z] Mormalize samples to peak value
[ | Apply IR Window before Export
|| Export Min Phase Wersion of IR

Preview:

L3I FrF RESEPUIISE 1EIIgLII
2_0833333333333333E-5 // Sample interval (second |
—-1.0 f/ Start time (seconds)

—-3.1890022E-4
4. T7122435E-4
—-3.45930£32E-4
—-Z.91€168E-1
-3.5212302E-5
E

4 ]

Ok | .Cancel |

An example of the format is shown below.
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Impulse Response data saved by REW V5.19

IR 1s normalised

IR window has not been applied

IR is not the min phase version

Source: Microphone (Umik-1 Gain: 0dB ), MICROPHONE (Master Volume),
Right channel, volume: 0.550

Dated: 05-May-2014 14:12:40

Measurement: Artist 3+Q2070Si

Excitation: 256k Log Swept Sine, 1 sweep at -12.0 dB FS

Response measured over: 2.2 to 24,000.0 Hz

4 _.33353241533041E-4 // Peak value before normalisation

48000 // Peak index

131072 // Response length

2.0833333333333333E-5 // Sample interval (seconds)

-1.0 // Start time (seconds)

-3.1990022E-4
4 _7188485E-4
-3.4590682E-4
-2.916168E-4
-3.5212302E-5

Export -> RT60 data as text

Export the RT60 data for the current measurement as a text file. A note can be entered that is
displayed when the data set is next loaded. The file includes both octave and one-third octave results
if these have been generated. The path to the file is remembered for the next time the dialogue
appears. A dialog is displayed to control the format of the export

RTE0 Data Export =

Weasurement ario-D4-03T4RR
Export teaf delimder. | Space %)

(W) Use REW export number format: 124488

() Uss computers namber formal

(a3 | Carcel

Export -> Set text delimiter

Set the character to use as a delimiter between values on a line when exporting a measurement as a

Page 233 of 249



REW V5.19 Help File Menu

text file.

Remove Current Measurement Ctrl+Backspace

Remove the current measurement. An unsaved measurement can be recovered using Restore Last
Removed.

Remove All Measurements Ctrl+Shift+Backspace

Remove all measurements. Unsaved measurements cannot be recovered!

Restore Last Removed

Restore the last measurement that was removed, placing it at the end of the measurement list. Note
that this is only available for individual measurements, if Remove All Measurements is used it is not
possible to restore.

Help Index
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Tools Menu

Measure Ctril+M

Make a new measurement (brings up the measurement panel)

ke a measurgrment b

| s |inpedance Timing red lgvel (0EFS):| 120

Use scousdic timing reference b Timing ref headroce

Maasure using 266k log sweep from 0 Mz 1o 24,000 Kz &t 120 0B takmnpg 5.6 8 ®

Giart Freg (HZ) End Freg{Hz) Lewvel (dBFS) Lenpgth Sweeps  Todsl Tme
= 24,0007 420p | osak | tas
Quipi Timing Reference Duipul
LIKE_OUT w | Lal [w| | mge v
| Ghech Lavels Searl Meamring T |
Stnrt Dulay (s) 05 SPL ek dB) 100 =

|} Wat for timing refarence (W] Abori above SPL MR

h‘r. &bort if excessve cippng detected

Rty i MERs ure

I =

IR Windows Ctril+Shift+W

Show the Impulse Response windows dialog
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& Rwi. - O X
Artist 3+Q2070i
Left: | Tukey 0.25 ]
Right: | Tukey 0.25 [~

Left Window (ms): | 1253
Window Ref Time (ms):
Right Window (ms): | 5003

Freguency Resolution: 1.60 Hz

Add frequency dependent window

(®) Width in cycles 15 4
() Width in octaves 14208
[ Apply Windows ]
[ Apply Windows To All ]

[ Apply Windows To All, Keep Ref Time ]

SPL Ctrl1+Shift+M
Show the SPL Meter
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=

<5 SPL Meter [;]@W

dB(C) S

e

- ]

. r

][

A
SPL qu ELI |HF'

dB F5 194 Input

hinhdz Elapsed Time Caliborste
n mnrm 11
Reset Al [ I T R Y | Lu:ugger

SPL Logger Ctrl+Shift+0

Show the SPL Logger window

Generator Ctrhl+Shift+R

Show the Signal Generator

|£| Generator —

RMS Level dB FS

Pink Noise = 20.0~

High Cut

() Sub Cal (®) Lustom
() Speaker Cal Low Cut
() Full range | 1”|%| |

ED.UDDH
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Levels Ctri+Shift+L

Show the Level Meters

|£] Levels = O >

E.
=

Into Ref gain 0.0 dB

Into Ref phase 0.1

EQ Ctrl+Shift+Q
Show the EQ window

Overlays Ctrl+Shift+V

Show the Overlays window

Info CtriI+N

Show the Measurement Info window
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: Artist 3+Q20705i

Dated: 05-May-2014 14:12:40 REW V5.01 Beta 20
Freq range: 2to 24,000 Hz
Freq spacing: 0.366 Hz
Data range: 33.5to 7.1 dB
Data offset: 13922 dB
Source:  Microphone (Umik-1 Gain: 0dB ), MICROPHONE
(Master Wolume), Right channel, volume; 0.550
Excitation: 258k Log Swept Sine, 1 sweep at-12.0 dB FS
Mic/Meter: CAUsers\lohn\Documentsitest files\7F000135-2 21dB &=t
Soundcard: Mo Cal
Impulze length: 131072 samples, 2.73 s
Sample rate: 43000 Hz
Start time:  -1,000.000 m=
Peak: 4.3335324E-4 at 0.00 ms
System Delay: Not available
05: Windows 8
JRE: 1.5.0_22 32-hit

RTA Ctri+Shift+T

Show the RTA window

Thiele Small Parameters Ctr1+Shift+P

Show the Thiele Small Parameters window

Room Sim Ctrl+Shift+K

Show the Room Simulator window

Help Index
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Preferences Menu

Preferences Menu

Preferences

Brings up the Preferences panel. Refer to the help panels on the individual preferences tabs for more

info
et =%
S | e iews | Gonees | s DU | i | s
el ik Cvtpnd Do ore] Saipad Pl D e gl B 1
L1 44 Ak Turtws Cewica - Dwdiad Darvica -
=
gl Channsd 2
N | iras ok I e i
=1 Righi Cutpad ik Fenng Lowel rIoE Jrs
Pl Buller o2 Resars Butle i :
T
] s Len Charved s Gl shon Rateriree
Tie hiore | Brewes. [ s, | 1 |
Lt e
L Subwroler o CleckSal Livett | Chech Lawes Germrals Dty F i | Left  migit
=
Gk the Quiper Devvin e an@ inpui Device 5o Defeull Deice |3 e the devices which have been setas he dataulfs fior i
‘P G eralng S em - enge ¥Ynares [ese are speciad @ e Saords and Mo Deeces snire in e Gl
Penel, ndar 06 ¥ via the Audio Bidh Gelfvp ool in Appfcakone - Ukkles The Culaut and ingut ussd wil e hose
wivich hae been selected in o eoendcanins miver. ke sare hafthe ingutis rol lzeting T the altpul =onal in
P s gards mier mnd Thal mondorisg b oo enabied 4T aatiabieg
¥ 904 G100 0 G BN, Bl 8 it T i RV SaiOctian o FOu Nided e GRORn 10 ahwids wdpist =

Delete Preferences and Shut Down

This command deletes all REW saved preferences and shuts down REW. When REW next starts up it
will be as a clean installation. If you wish to remove REW and all its preferences from your system use
this command before uninstalling REW. Preferences on Windows are stored in the registry at
HKEY_CURRENT_USER\Software\JavaSoft\Prefs\room eq wizard, on OS X they are in the user's
home directory at Library\Preferences in com.apple.java.util.prefs.plist in a node called roomeqgwizard.

Help Index
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Graph Menu

Show/Hide Grid Ctrl+Shift+G

Toggle the grid on/off by using this menu entry or the associated shortcut keys.

Frequency Axis Log/Linear Ctrl+Shift+A

Toggle the frequency axis between logarithmic and linear display. The button on the toolbar provides
the same function.

Freq. Axis

Undo Zoom Ctrl+Z

Restore the graph axis settings that were in use when the middle or right mouse button was last
pressed with the pointer in the graph area. The main application is to undo the last Variable Zoom or
Zoom to Area action, but it can also be used to undo a pan or any other action that altered the axis
settings since the right mouse button was last pressed in the graph area.

1/1 Octave Smoothing CtriI+Shift+1

1/2 Octave Smoothing CtrI+Shift+2

1/3 Octave Smoothing Ctrl+Shift+3

1/6 Octave Smoothing Ctrl+Shift+6

1/12 Octave Smoothing Ctrl+Shift+7
1/24 Octave Smoothing Ctrl+Shift+8
1/48 Octave Smoothing CtrI+Shift+9
Variable Smoothing Ctril+Shift+X
Psychoacoustic Smoothing Ctrl+Shift+Y
ERB Smoothing Ctril+Shift+Z

Apply a smoothing filter to the current channel. Repeating the action removes the smoothing. Variable
smoothing applies 1/48 octave below 100 Hz, 1/3 octave above 10 kHz and varies between 1/48 and
1/3 octave from 100 Hz to 10 kHz, reaching 1/6 octave at 1 kHz. Variable smoothing is recommended
for responses that are to be equalised. Psychoacoustic smoothing uses 1/3 octave below 100Hz, 1/6
octave above 1 kHz and varies from 1/3 octave to 1/6 octave between 100 Hz and 1 kHz. It also
applies more weighting to peaks by using a cubic mean (cube root of the average of the cubed values)
to produce a plot that more closely corresponds to the perceived frequency response. ERB smoothing
uses a variable smoothing bandwidth that corresponds to the ear's Equivalent Rectangular Bandwidth,
which is (107.77f + 24.673) Hz, where f is in kHz. At low frequencies this gives heavy smoothing,
about 1 octave at 50Hz, 1/2 octave at 100 Hz, 1/3 octave at 200 Hz then levelling out to approximately
1/6 octave above 1 kHz.

Remove Smoothing for Current Measurement Ctrl+Shift+0

Set smoothing to None. Note that in windows Vista and Windows 7 the Ctr1+Shift+0 shortcut is by
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default assigned to switching the input language, see http://support.microsoft.com/kb/967893. To
remove smoothing either use the graph menu entry, or the smoothing box in the graph controls, or

press the smoothing shortcut again - for example, pressing Ctr 1+ShiTt+3 will smooth the data to
1/3 octave, pressing it again will remove the smoothing.

Help Index
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Help Menu

Help
Showe Help F1
Showe Help on ftem F2

v Check for Updates on Startup
Check for Updates Mow
Apout Room EG iizard

Show Help F1

Brings up the help window

Show Help on Item F2

Brings up help for the next item clicked on, the mouse cursor has a "?" next to it while in this mode

Check for Updates on startup

If this is selected REW checks for a newer version on every startup

Mew REW version available

-

y A neweer REBW Yersion iz available, V'5.00 Beta 4, from
Home Thesater Shack or Pro Audio Shack, Press either
button below to open the corresponding web site in
your default browwser.

Uncheck the baox below if you do not want REW to check

for updates on startup (you can change this lster or
check manually from the Help menu)

Check far updates on startup

Uncheck the box below if wou do not want REMA to notify
you ahout beta versions found during startup checks

Include beta versionz in startup checks

| Home Theater Shack | | Pro Audio Shack | | Cancel

Check for Updates Now

Force a manual check for a newer version

About REW (in Application menu under OS X)
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Show the About dialog

@ REW V5.10

Running JRE 1.7.0_10 &4-bit on Windows &

Diagnostic logs saved in roomeq_wizardx log.txt in
the REW folder in C:\U=ers\John

Copyright ® 2004-2014 John Mulcahy All Rights Rezerved
hitp:/he wrw roomegwizard. com

No Warranty

THIS SOFTWARE AND ANY RELATED DOCUMENTATION IS
PROVIDED "AS 15", WITHOUT WARRANTY OF ANY KIND,
EXPRESS OR IMPLIED, INCLUDING BUT NOT LIMTED TO
THE WARRANTIES OF MERCHANTABILITY, FITMESS FOR A
PARTICULAR PURPOSE AND NONINFRINGEMENT.

IM MO EVEMT SHALL THE AUTHOR BE LIABLE FOR ANY CLAIM,
DAMAGES OR OTHER LIABILMTY, WHETHER IN AM ACTION OF
CONTRACT, TORT OR OTHERWISE, ARISING FROM, OUT OF OR
M CONMNECTION WITH THE SOFTWARE OR THE USE OR OTHER
DEALINGS IN THE SOFTWARE.

ASIO interfaces are supported using Martin Roth's JAsioHost,
available at hitps://github.com/mhroth/jazichost

Help Index
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SB Live! 24-Bit USB External Setup

Here are the detailed steps for setting up the SB Live! 24-Bit USB External soundcard for use with REW
under Windows XP.

e Ensure in the Creative Speaker Settings that the "Digital Output Only" box is not checked.

‘@ Speaker Settings | sElvel zabitExternal  |w|| 2 |¥] - X
Speaker Selection Bass Management Bass Boosk
SpeakerHeadphone Selection Speaker Tesk
| 212.1 speakers |VJ

V" Synchronize with Control Panel

" Digital Output Cnky | Chamnel | moise |

S Defaulk |ﬂ’i’ M iﬁl ﬂ Cﬁ:EﬁTL\;’E ¥

e Inthe Creative EAX Console make sure Audio Effects is not enabled, Equalizer is not enabled
etc.
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m Console | SBLivel 24-bit External  [sf| 2 |¥] _ X
aovamcen LI 3

4 C. Effects %) Karaoke €} CMss 3D ¥ Clean-up Gy

Audio Effects are high quality music enhancement effects created by the powerful audio engine in
wour sound device.

" Enable Audio EFfects

Ertiranrment Ackive Preset Effects Amount ;0
£ (it oo

L&)z T e > (2)
it UIESTESy CIRASATINAS

Ensure CMSS is off (the green CMSS LED on the front of the unit should be off - push the
CMSS button on the unit if it is on).

In the Soundcard Preferences configure the controls as shown below with Wave volume, Output
volume and Input volume all set to 1.000.

Soundcard | piceter | Comme | House Curve Anahesis | View |

Sample Rate Cutput Device and Cufput Input Desvices and input

) AkHz 8 Livel 24-bit External v| £ Livel 24-bit External _v |
(3) 4akHz SPEANKER vl MICROPHONE (Line-nfic-In) v/
Input Chesnnel [#] Control oufped mixerAoiume [¥] Control input mixerfoiume

) Latt Wave Y okeme: 10003 [Imats input Wokame: 10002

=) Right Outpul Volume: | 100015 [mute Sween Level 4202 @BFS

Open the Creative Surround mixer and check that in the Source panel Wave is not muted, Line-
In/Mic-In is muted and that in the Rec source Line In/Mic In is selected - the controls need to be
set as shown below.
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Mg Surround Mixer SE Live! 24-hit External el 2 |v)] — X
Basic Advanced
Master Conkrol Source ®REC
* + ; x =
= - s : - i
1 z e
: 2] <] i1 :
= z = o = 5
O, OO

. [ e (S o 20 < 1D & CREEATIVE )

Ensure monitoring is off (click the + by the Line In/mic In symbol in the Source panel and ensure
Monitor is not checked in the Advanced Controls dialog this pops up.

-,

‘Advanced Controls

[ Mdoniter

In the Creative Device Control program set the Output Audio Quality to 48kHz, 16 bits and
ensure you select 48kHz as the sample rate in REW, also make sure Enable Monitoring is not

checked).
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SB Live USB 24 Setup

-~

ﬂ Device Control

' PCI/USE | spOiF

Output Audio Quality

Sampling rate: Bit depth:

e kHz [s| [16bis
Audio konitonng

[] Enable tMonitaring

[ Ok ] [ Caticel

Y'ou can configure the PCL ¢ USE bandwidth uzed tao
stream audio to your device.

Lower zampling rate and bit depth uze lesz PCL ¢ LUSE
bandwidth and CPU power but produce lower audio quality.

e |If adialog pops up that says to hear audio you must enable monitoring, click Cancel on the

dialog.

Sample rate and bit depth settings

Although REW uses 16 bit audio samples at either 44.1 or 48kHz, it is possible to set the SB Live! card to
use 16 or 24-bit samples at 44.1, 48 or 96kHz. Changing the sample rate settings slightly alters the internal
filtering in the soundcard, example measurements in the different settings are shown in the graphs below.
Using 16 or 24 bit settings makes no difference as REW uses 16 bit samples. 48kHz/16-bit is recommended,
make sure the REW rate is the same as that set for the soundcard, when the rates are different the
soundcard will resample slightly degrading the measurement quality. Note that 96kHz/24-bit may not be
possible depending on your USB connection, if so this message will appear:

Mot Enough Bandwidth

There waz inzufficient USE bandwidth to perform your request.,
T free bandwidth, the bit depth haz been rezet to 16-bit.

[ Do not show thiz meszage again

Measurement Results at various sample rates
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Measured with a single 256k sweep at -12 dBFS Sweep Level.

Frequency Responses

a8
7o
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T35

730 Hz
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ol .}ﬂ\ﬂ\
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< | I 2 ey &
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