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Introduction

About This Reference Manual

The SIM Reference Manual is intended to serve as a reference document for the users of SIM System Il. The manual
is divided into five sections. The main body of the manual is devoted to the v. 2.0 Lab configuration. Wherever differ-
ences occur between this and the v. 2.3 Stereo and v. 2.3 Multi-channel versions, the version-related aspects are
specified.

Section 1: Hardware — This section describes the front and rear panel connectors, knobs and switches.

Section 2: Software — This section describes the system software, beginning with the boot-up. The remainder of
Section 2 is devoted to a discussion of each of the Main menus and their sub parts. The order of the Main Menu
choices in this manual follows the menu bar from left to right for the v. 2.0 Lab configuration. There are three Main
Menus that appear exclusively in v. 2.3 Stereo and v. 2.3 Multi-channel , and these are covered in Section 3. The or-
der of the Sub-Menu choices typically follows their position in the pull-down menu, from top to bottom.

Section 3: Stereo and Multi-channel Menus —  This section describes the main menu items that are specific to
v. 2.3 Stereo and v. 2.3 Multi-channel .

Section 4: Service — This section describes service of the SIM-2201 Sound Analyzer.
Appendix — Connection information, connector pinouts and Ascii data file sample.
Physical Model

SIM System Il is designed for not only characterizing, but also electronically correcting, acoustical systems. Its archi-
tecture and nomenclature follow a physical model consisting of a loudspeaker in a room (object of measurement) with
a measurement microphone, and a parametric equalizer (correction network) connected in series with the input signal.
The excitation is assumed to be neither totally random nor predictable, though known test signals such as noise or
stepped sine waves may be used.

The instrument’s three input ports are connected respectively to the correction network input (A), the network output
(B), and the measurement microphone (C). Three different transfer functions may be computed: Room + Speaker (the
unequalized response of the speaker in the room); Eq (the equalizer response); and Result (the equalized speaker
system response).

" Excitation —m=t-a— Correction —m—-a«————— Object of Measurement —————m={

Music
Input & {} (@ s
Signal

CP-10
Parametric
Equalizer
. Loudspeaker in Room
with Measurement
Microphone
O O O
(A) (8) (C)
Input Output Mic
|—— EQ ] Room + Speaker ——————— 1

—t Result gl

Figure 1 — SIM System Il Physical Model




Section 1 — Hardware
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Figure 2 — SIM-2201 Front Panel Controls and Indicators

1.1 Front Panel Audio Hardware

1.1.1 Source Level — A rotary level control for the source output.

1.1.2 Source Type — The source signal type is selected from the Generator Menu, and the selected source is indi-
cated by a green LED.

Noise — Pink random noise

Pulse — A pink filtered Pulse at an average rate of 1.1 Hz. The interval ranges from .9 to 1.3 Hz
1 kHz Sine — Sine wave for distortion measurement and setting gains

Variable Sine — For manually operated sine wave sweeps

1.1.3 Sine Freq. — A rotary control for variable sine frequency. The ranges are:

Low 16 Hz - 1 kHz
High 500 Hz - 22 kHz

Range is selected from the Generator Menu.




1.1.4 Source Output — The source output is a male XLR-type (A3) with 300 ohm balanced source impedance. A
green LED located next to the connector is illuminated whenever the source output is active.

1.1.5 Headphone Level — A rotary level control for the headphone output.

1.1.6 Headphone Source Switches — Three membrane switches select the measurement bus channel to be moni-
tored: Eq Input (A), Eq Output (B) or Microphone (C).

1.1.7 Headphone Output — A three-circuit 1/4" phone jack for connecting headphones to monitor the three measure-
ment signal buses. Connect only to headphones equipped with a three-circuit (stereo) jack. Minimum impedance is 32
ohms, and monitoring is monophonic only.

1.1.8 Level Meters — Three LED bar meters indicate the signal headroom below full-scale digital. The meters indi-
cate the peak level as a ratio (in dB) to the maximum allowed by the A/D converters. The meters are post gain control,
and therefore always indicate the headroom of the converters. Their decay time is 500 ms.

The meters show the level at the Channels A, B and C respectively. The signal path is version dependent:

Version Ch. A meter Ch. B meter Ch. C meter
v. 2.0 Lab Input (A) Output (B) Mic (C)
v. 2.3 Stereo Eq In Bus Eq Out Bus Mic (C)
v. 2.3 Multi-channel Eq In Bus Eq Out Bus Mic Bus

1.1.9 Signal Inputs — Three female XLR-type (A3) connectors located on the front panel provide direct access to the
three measurement points. Each channel has an LED that illuminates when the channel is active.

Input (A) and Output (B) are both signal inputs; the nomenclature refers to the input and output, respectively, of the
device under test. The maximum signal level for these inputs is 28 volts peak. They are wired pin 3 hot, and incorpo-
rate Meyer Sound’s ISO™ Input circuitry (see Appendix D), providing full transformer isolation and accommodating
any connection configuration with no change in gain.

The Mic (C) input is wired pin 2 hot to conform with the accepted standard for measurement microphones, and can be
supplied with Phantom power (48 VDC) via a front-panel membrane switch.

v. 2.0 Lab — Input (A), Output (B) and Mic (C) are selectable.

v. 2.3 Stereo — Mic (C) is active. Input (A) and Output (B) are patched through the Stereo Snake.

v. 2.3 Multi-channel — No front-panel input connections are active except in the special case of Pro-
cedure: Mic Compare, where the front panel Mic Input is used. Otherwise, all connections are made
through the SIM-2403 Interface Network.

1.1.10 Phantom Power (+48 Volt) Select Switch — A membrane switch that toggles the phantom power to the Mic
(C) input connector. A red LED located next to the switch is illuminated when the phantom power is enabled.

1.2 Front Panel System Hardware

1.2.1 Power Switch — A pushbutton to switch power to the system.

1.2.2 Reset Switch — A membrane switch that resets the system.

1.2.3 Power LED — This green LED lights when the system is powered.
1.2.4 Drive LED — This LED lights when the hard drive is reading or writing.




1.2.5 Floppy Drive — The drive accepts standard 3.5" 1.44 Mbyte floppy disks.

1.2.6 Removable Hard Drive — This removable cartridge contains a 120 Mbyte IDE auto-parking hard drive. The
cartridge may be removed when the system is to be shipped. The cartridge should not be removed or inserted
while the system is powered up.

Switched Auxiliary AC

Mains Voltage

Power Outlet

Selector Switch Source
/ Output

siMe® 2403
Control o

Bus

/ Input

niro
Mate ET\

®
Power Supply
Cooling Fan ®
Control AN SVGA
Port Video Port
AC Power (v 2.3 only) .

Inlet Printer

Port
Mouse Serial

Port Port

Figure 3 — SIM-2201 Rear Panel Controls and Connectors

1.3 Rear Panel Audio Hardware

1.3.1 Bus Input — A 39 pin Multi-connector which carries audio signals to the SIM-2201 Sound Analyzer.

v. 2.0 Lab: Not used
v. 2.3 Stereo: The Stereo Snake is connected here.
v. 2.3 Multi-channel: The Bus Output Cable from the SIM-2403 Interface Network is connected here.

1.3.2 Source Output — A male XLR with 300 ohm balanced source impedance. A green LED located next to the
Source Output front panel connector is illuminated whenever the source output is active. The front and rear connec-
tors are hard-wired in parallel.




1.4 Rear Panel System Hardware

1.4.1 Power Inlet — Takes universal IEC power cable.

1.4.1 Mains Voltage Selector — The power supply is designed to run over a wide range of line voltages. The chart
below shows the specified range for the two selectable settings.

AC Line Voltage Switch Setting

90-125 VAC 50/60 Hz 115
200-250 VAC 50/60 Hz 230

1.4.2 Power Outlet — Switching courtesy outlet for video monitor.

1.4.3 SVGA — 15 pin D-shell connector carrying video output to monitor.

Caution: The video cable must be plugged so that the 15 pin end is connected to the SIM 2201. At-
tempting to connect a 9-pin VGA cable at the SVGA output may cause pins to bend.

Note: For a detailed description of the SVGA Video Card, please refer to the SVGA Video Card
user’'s manual.

1.4.4 Serial — RS 232 Serial port (Com 2).
1.4.5 Printer — Parallel port for interface with printers (see Section 2.5.10 Util: Print).

1.4.6 Mouse — Serial PC Mouse port (Com 1).

Note: For a detailed description of the Serial, Printer and Mouse ports please refer to the PTI-217
Multi I/O Card user’'s manual.

v. 2.3 Multi-channel

1.4.7 Control — D25 connector to control SIM-2403 Interface Network.

Note: For a detailed description of the 1/0O Driver PCB please refer to the Keithley Metrabyte P10-24
user's manual.




Section 2 — Software

2.0 Boot-up of the SIM System Il Software

2.0.1 Installing and Updating SIM Software On the Hard Drive

The hard drive is pre-formatted with the original SIM System Il Software installed. Subsequent updates will arrive on
floppy disk with installation instructions. The new version is installed onto the hard disk using the Utilities function. The
floppies should be saved as a backup.

2.0.2 Boot-up from the Hard Drive

1) Insert the removable hard drive cartridge. Do not slam!

2) Remove any floppy disk from the floppy drive.

3) Turn the SIM-2201 Sound Analyzer on. After checking the A: floppy drive, the SIM-2201 Sound Analyzer will
look to the C: drive to boot the program.

4) The SIM System Il Program will automatically load and run.

2.0.3 Boot-up from Floppy Disk

1) Choose one of the three program disks available:
v. 2.0 Lab
v. 2.3 Stereo
v. 2.3 Multi-channel
2) Insert the SIM System Il Program disk for that version into the floppy drive.
3) If it is desired to save data on the hard disk, then insert the hard drive cartridge.

The floppy drive is configured as the A: drive and therefore the system will attempt to boot from this drive first. The
hard drive is configured as the C: drive. (If the program has already been installed on the hard drive, there is no need
to boot from floppy disk.)

4) Turn the SIM-2201 Sound Analyzer on.
5) The SIM System Il Software will automatically load and run.

Note: The boot-up time from floppy is dependent upon whether or not the hard drive is installed:
Boot-up from floppy with hard disk installed — 1 minute
Boot-up from floppy w/o hard disk installed — 2 minutes.

Note: The Video monitor must be connected before the system is powered up. If not, the display will
display black and white only. To correct this, the system must be reset.

2.0.4 Boot-up of Software other than SIM

1) Insert a bootable disk into the floppy drive, or insert a separate portable hard drive with the desired program.
2) Turn the SIM-2201 Sound Analyzer on.




Caution: Bootable floppies other than the SIM Software may corrupt the SIM Software on the hard
disk. If other programs are used, it is advised that the SIM Software hard disk not be inserted.

When you wish to return to the SIM System Il Program, power down and follow the boot-up Procedure as outlined in
Section 2.0.2.

2.0.5 Beginning the Program
The function keys select the various SIM Software versions and Utilities.

F1 2.0 Lab — For single or dual channel measurements of individual components or networks. All input connections
are made on the analyzer front panel. This program is used for stand-alone measurements and research.

E2 2.3 Stereo — This program is used for analysis and alignment of recording studios or stereo sound reinforcement
systems. It uses the Stereo Snake connected to the rear panel of the SIM-2201 Sound Analyzer for access to the In-
put (A) and Output (B) channels. A single microphone is patched into the front panel Microphone input (C).

E3 2.3 Multi-channel — This program is used for analysis and alignment of complex sound reinforcement systems. It
uses the SIM-2403 Interface Network plugged into the rear panel of the SIM-2201 Sound Analyzer to access eight
equalizer input and output channels and eight microphones. The system can expanded to include up to eight SIM-
2403 Interface Networks for a maximum of sixty-four equalizer channels and microphones.

v. 2.3 Stereo and v. 2.3 Multi-channel utilize three DSP engines for parallel processing to achieve a three-fold im-
provement in data acquisition speed over v. 2.0 Lab.

F9 Utilities — This program is used for computer-related utility functions. A sub-menu will appear with the following
selections:

F1 Install — This is used for installing new releases of the SIM Software from floppy disks onto the hard disk. Fol-
low the instructions to install each of the programs.

F2 Format disk — Follow the instructions to format blank 1.44 Mbyte high density 3.5 inch floppies.

E3 Select a SIM Printer — This utility contains a library of 128 printer drivers, including both color and black and
white printers. Follow the instructions to install the printer driver for your printer. The selected printer will appear
as the “Other” printer in the Util: Print menu. Many of the drivers have not been tested, and Meyer Sound cannot
guarantee compatibility with all printer models.

2.0.6 Signing In

When the program is finished loading, you will be prompted to update the system time and date. Press <Enter> to ac-
cept the present settings, or enter new settings and press <Enter>.

The screen will then display a series of sign-in prompts. Here, you will enter labels that will be saved with the data
Notepad and will be stored along with data that you save to disk in v. 2.3.




2.0.7 The SIM System Il Menus

The SIM Software user interface is both logical and intuitive. At the top of the display is the Menu Bar, comprising the
main system menus. These are selected by typing the first letter (highlighted in red) of each menu. When the letter is
typed, the menu will open to display the available sub-menu choices.

Throughout this manual, menu choices are shown in bold face type. The highlighted red character in the program is
denoted with an underline. The main menu choice always appears first followed by a colon, followed by the sub-menu
choices.

Example — Measure: Delay finder refers to the Main menu item “Measure” which is selected by the letter “M”. Its
sub-menu item “Delay finder” is selected by the letter “D” and selected with <Enter>. The command consists of:

M D <Enter>

Once a Main menu is open, adjacent menus may be selected with the left/right arrow keys. The sub-menus can be
selected by using either the highlighted letters or the up/down arrow keys.

The presently selected sub-menu is always shown with a dark gray background. To select the current sub-menu, sim-
ply press the <Enter> key. You may also cancel without changing any settings by pressing <Esc> at any time. For
more information, use the Help Menu Keys selection.

|Procedure Measure ~ View Branch Data Setup Util Averages Generator  Help

No menus have been selected

Procedure Measure  View Branch Data Setup Util Averages Generator Help

Spectrum

Delay finder
Frequency response
fEedback finder

The Measure menu has been selected using the “M” key.
The current selection, Frequency response, is highlighted.

Procedure Measure  View Branch Data Setup Util Averages Generator  Help

Spectrum Time: BW:
Delay finder +70 ms 10k
Frequency response + 140 ms 5k
fEedback finder +280ms  2k5
+560ms  1k2

The Delay finder menu has been selected using the “D” key.
Pressing <Enter> to accept the selection has caused the Delay Time sub-menu to appear.
The current selection, +70 ms, is highlighted.

Figure 4 — Pull-Down Menus
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Figure 5 —v. 2.0 Lab Main Screen
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Figure 6 — v. 2.3 Multi-Channel Main Screen
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2.1 Status Panels

2.1.1 Data Status Area

The lower left area of the screen displays information about the traces, in two columns. The left column refers to the
primary traces (bright colors) and the right column refers to the secondary traces (muted colors).

Data
Traces Live Memory
Data
Group| 2 Lab Data 1 Lab Data
Notes On Axis +15 vert
Offset| +4.00 dB +4.00 dB
Figure 7 —v. 2.0 Lab Data Status Area
Traces Live = Incoming measurement data
Memory = Data from Recall Buffer
Group Left column = Data Store Group number and data type
Right column = Data Recall Group number and data type
Note Left column = 1st 10 characters of Notepad for primary traces
Right column = 1st 10 characters of Notepad for secondary traces
Offset Frequency response Amplitude offset in dB
Data
Traces Live Memory
Branch 1 Left 1 Left
Group | 2 Comb Sys 1 Single Sys
Notes | After Re-EQ Initial EQ
Spkrs|12_ i
Offset| 0.00dB 0.00 dB

Figure 8 — v. 2.3 Multi-Channel Data Status Area

Traces Live = Incoming measurement data
Memory = Data from Recall Buffer
Memory A = Data from Recall A Buffer ( Post-Process only)
Memory B= Data from Recall B Buffer ( Post-Process only)

Group Left column = Data Store Group number and data type (Procedure)
Right column = Data Recall Group number and data type (Procedure)
Note Left column = 1st 10 characters of Notepad for primary traces
Right column = 1st 10 characters of Notepad for secondary traces
Spkr Left column = Number of speakers on for primary data
Right column = Number of speakers on for secondary data
Offset Left Column = Frequency response Amplitude offset in dB for primary data

Right Column = Frequency response Amplitude offset in dB for secondary data
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2.1.2 Cursor status area

The lower left center box refers to the Cursor trace.

Data
Type

THD
Hz
dBV

Data
Type

Delay
ms
Ampl

Data

Type

Mean S/N
Hz
dB

Cursor
Data live 3610 Hz
Type Meas -8.7 dBvV
THD .002

Figure 9 — Measure Spectrum Cursor Status Area

Live = Incoming measurement data (only)

v. 2.0 Lab: Ref (Generator or Input A), Meas (Output B or Mic C)
v. 2.3 Stereo and v. 2.3 Multi-channel: Eq in, Eq out, Mic

v. 2.3 Multi-channel: Ref mic, MeasMic (Mic Compare only)
Total harmonic distortion in percent at the Cursor position
Frequency of Cursor location (X axis)

Amplitude in dBV at the Cursor

Cursor
Data Live 44.60 ms
Type Result -0.7 Ampl

Delay 73.70

Figure 10 — Measure Delay Finder Cursor Status Area

Live = Incoming measurement data (only)

v. 2.0 Lab: IFT (Inverse Fourier Transform)

v. 2.3 Stereo and v. 2.3 Multi-channel: Room-+speaker, Eq or Result

Delay offset between Reference channel and present Cursor position (in ms)
Delay offset between Internal Delay Time and present Cursor position (in ms)
Amplitude ratio at the Cursor

Cursor
Data Live 15200 Hz
Type Result -6.3 dB
Mean
S/IN 4.0dB

Figure 11 — Measure Frequency response Cursor Status Area

Live = Incoming measurement data

Memory = Data from recall Buffer
v. 2.0 Lab: Ampl (amplitude), Phase, S/N (signal-to noise + distortion) or Coher (Coherence)

v. 2.3 Stereo and v. 2.3 Multi-channel: Room+speaker, Result, Eq, 1/Eq
Mean Signal-to-Noise (or Coherence) over entire bandwidth

Frequency at the Cursor

Amplitude in dB at the Cursor
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2.1.3 System status area

The lower right center box displays global instrument parameters.

Delay
Thresh
B/W
Window

Delay
Thresh
B/W
Window

Delay
Thresh
B/W
Window

Delay
Thresh
BW
Window

76.06 ms
-60 dB
1/6 oct
Flattop

Figure 12 — Measure Spectrum System Status Area

Internal Delay Time in ms

Amplitude threshold referenced to full scale in dB

Effective bandwidth of passband filter
Window function applied to time record

Delay
Thresh
BW
Window

76.06 ms
-40 dB
10 kHz

Half Hann

Figure 13 — Measure Delay Finder Status Area

Internal Delay Time in ms

Amplitude threshold value referenced to full scale in dB

Effective frequency bandwidth (-3dB point)

Window function. The Half Hann Window is applied to the Frequency response data prior to the IFT.

Delay
Thresh
BW
Window

76.06 ms

60% Coh

1/24 oct
Hann

Figure 14 — Measure Frequency response Status Area

Internal Delay Time in ms

Coherence threshold in percent
Effective bandwidth of passband filter
Window function applied to time record
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2.1.4 Input status area

The input status area at the lower right displays information about incoming signal levels, gains and channel names.

Reference
Measurement
GainA,B,C
dB FS

Speaker
Gain In, Out, Mic
dB FS

Eq

Speaker
Microphone
Gain In, Out, Mic
dB FS

Reference Measurement
I Generator I I Out, B I

Gain dB FS

in| +20 3.2 |A
out| +10 -6.7 B
mic|+30 | ----- C

Figure 15 — v. 2.0 Lab Input Status Area

Reference channel name (Generator or A)

Measurement channel name (B or C)

Gain (-20 to + 50 dB) of each channel

Signal levels of each channel referenced to full scale in dB

EQ SPEAKER
chn Name

[ HD-2

Gain dB FS

in] +20 -3.2
out| +20 -3.6
mic | +30 -6.7

Figure 16 — v. 2.3 Stereo Input Status Area

Channel humber and name for speaker
Gain (-20 to + 50 dB) of each channel
Signal levels of each channel referenced to full scale in dB

EQ SPEAKER MICROPHONE
adr chn Name adr chn Name

[o] [ MsL-10 | [o] [ Balc 1

Gain dB FS

in| +20 -3.2
out| +20 -3.6
mic| +30 -6.7

Figure 17 — v. 2.3 Multi-Channel Input Status Area

Address and Channel number of Eq

Name for speaker

Address, channel number and name for microphone

Gain (-20 to + 50 dB) of each channel

Signal levels of each channel referenced to full scale in dB
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2.1.5 Overall status area

The Overall Status Area at the lower center displays information about the overall system status.

Acquiring Data

Figure 18 — Overall Status Area

Acquiring Data Processing incoming data

Pause A menu is open, suspending processing

Input disabled Space bar has disabled the input — press it again to continue
Data rejected Overload of the measurement inputs — data are rejected
Data <threshold All signals are under the Amplitude threshold

Writing Writing to disk

Reading Reading from disk

Searching Searching for data files on disk

Printing Printing screen

Averaging Complete 999 averages have been accumulated

2.2 Measure Menu

The Measure menu selects the type of measurement to be made.
2.2.1 Spectrum

Spectrum measurements display the single-channel amplitude response of each of the measured input channels as
absolute amplitude in dB vs. frequency in Hz.

Reference
Channel

Measure-
ment
Channel

- FEH e

Figure 19 — v. 2.0 Lab Measure Spectrum Screen Display
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Spectrum Axes
The top of the amplitude axis represents full scale digital at each frequency. The vertical scale is adjustable in dB/div.

The frequency axis is a logarithmic display with 24 points/octave typical. The equivalent percentage bandwidth is fixed
at 1/6th octave due to the width of the flattop window. Below 20 Hz, the axis is linear.

Spectrum Cursor

The Cursor value is read out in frequency and dBV rms. Note that the Y axis is read in dB FS (full-scale) while the
Cursor value is in dBV (referenced to 1V rms). The Cursor follows the frequency of highest amplitude when peak
tracking is enabled.

Spectrum Amplitude threshold

The Amplitude threshold is shown as a white trace. Only data at frequencies that exceed the Amplitude threshold will
be allowed into the averager during Frequency response measurements.

Note: While the Amplitude threshold line is shown in Spectrum measurements, it has no effect upon
them. It only affects measurements displayed in Measure: Frequency response.

‘ MEASURE — V2.0 LAB

Delay FindLl— Time: BW:

+/- 70ms 10k
+/- 140 ms 5k
+/- 280 ms 2k5
+/— 560 ms 1k2

Frequency Response (SIM)

‘ MEASURE — V 2.3 STEREO & MULTI

Delay FindLl— Time: BW:

+/- 70ms 10k
+/— 140 ms 5k
+/- 280 ms 2k5
+/— 560 ms 1k2

Frequency Response (SIM)

Feedback Find

Figure 20 — Measure Menu Structure
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THD

Total Harmonic Distortion (THD) is calculated at the Cursor frequency and displayed in the Cursor Status Area. To
make an accurate distortion measurement, you must use a sine wave and optimize the signal-to-noise ratio of the
system. The distortion measurements are computed by analyzing the signal strength of the first nine (9) harmonics
above the fundamental (the Cursor position), within the 22 kHz bandwidth. THD is calculated when the fundamental
frequency is below 10 kHz.

THD Example

1) Set the Generator to 1 kHz Sine or Var Sine. If the Cursor does not move to the amplitude peak, set it to
peak-track mode by typing <Alt+P>.

2) Adjust the Source Level Control (Front Panel) so that the amplitude peak approaches the top of the screen.
The signal input meter (lower right) should read close to 0 dB. The gain should be adjusted internally with
Util: Master gain to optimize the dynamic range of the instrument and maintain a desirable drive level. If the
drive level of the fundamental is low, the readings will contain the noise products of the analyzer itself and the
environment, giving an inaccurately high distortion reading.

3) The distortion reading is displayed in the Cursor status area. If the THD exceeds 99%, >99 will be displayed.
Window

The flattop window is chosen, as it yields the best accuracy for sine waves.

Overload Status

Data are rejected if the measurement inputs are overloaded.

Measure: Spectrum screen configuration:

v.2.0Lab

Screen Type Color Signal Channel

Upper Reference White Generator or Input (Ch A)
Lower Measurement Yellow Output (Ch B)

Lower Measurement Orange Mic (Ch C)

The signal channel is selected in the Setup menu

v. 2.3 Stereo and v. 2.3 Multi-channel

Screen Color Signal Channel
Upper White Eq Input
Upper Yellow Eq Output
Upper Orange Microphone
Lower Not used

The signal channel is selected in the View menu

18



2.2.2 Delay finder

The Delay finder computes and displays the amplitude response of the measured system in the time domain. Two
large FFT's are performed in transfer function mode (Reference vs Measurement channel). A half Hann window is ap-
plied to the frequency data, and an inverse Fourier Transform (IFT) is then taken. This yields a calculation of the im-
pulse response, which resembles the response that would be seen if an ideal pulse were applied to the system input
and the system output were viewed on an oscilloscope. SIM System Il utilizes an advanced implementation of the IFT
that prevents the “phantom echoes” or “wrap-around” artifacts of conventional sampling algorithms.

The Delay finder is useful for identifying:

. time offset between the reference and measurement channels
. timing and relative level of echo structures

. time domain characteristics of filters and circuits

. polarity

Because sine waves cannot be used for time-domain measurements, the generator waveform will automatically be
set to noise. The upper screen displays the relative amplitude versus time at the selected Time/Bandwidth. The lower
screen displays the same data with a 10x magnified time axis.

Upper
Screen

Lower

Screen
(Upper screen
magnified
x10)

‘ ‘ W) (3] mevr | W §| maEk ey |

|_|_|7|_|_

Figure 21 — Measure Delay Finder Screen Display

Note: The display in the upper screen may contain an amplitude response error, due to sampling,
that varies dependent upon the data spectral density and type. This may cause the amplitude to ap-
pear lower than its actual value. The margin of error is proportional to the time offset from the center
of the screen. The lower screen contains the area of the highest amplitude accuracy, + .5 dB. There-
fore if accurate amplitude measurements are required, make sure that Cursor is on the trace in the
lower screen.
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Internal Delay Time

Before accurate Frequency response measurements can be made, you must compensate for any time delay between
the Reference and Measurement channels. This is accomplished with an internal digital delay line. Delay times are
selectable in increments of 20 s, to a maximum of 983.04 ms.

Delay finder axes

The center of the horizontal axis is the present Internal Delay Time. This delay is applied to the Reference channel so
that it can be made synchronous with the Measurement channel. The horizontal values to the left and right of the cen-
ter represent time relative to the Internal Delay Time. When the Internal Delay Time is set such that the time delay be-
tween the channels has been compensated, the amplitude peak will be at the center of the horizontal axis.

The relative amplitude of the impulse response at a given time offset may be found by moving the Cursor to that time
point and reading the value. A ratio of 2:1 between two points on the time axis indicates a difference of 6 dB.

Delay finder Amplitude threshold

The Amplitude threshold defaults to -40 dB. If the Reference channel signal level does not exceed -40 dB relative to
full scale, the Delay finder will pause. The overall status window will indicate that data is below the threshold.

Time/Bandwidth Selection

The Delay finder can be configured so that any of four different time intervals can be measured. The choice of time in-
terval is based upon the span of time you wish to view. The default setting is + 70 ms.

Each of the Time settings has an associated Bandwidth:

Time Bandwidth (-3 dB) Increment
+70 ms 10 kHz 20 ps
+140 ms 5 kHz 40 ps
+280 ms 2.5 kHz 80 ps
+560 ms 1.2 kHz 160 pus

Setting the Internal Delay Time

Once the Delay finder is running, the Cursor will move to the largest amplitude on its measurement trace as shown in
Figure 22a. The center of the screen will read the Internal Delay Time. Once the Cursor has stabilized, select Util:
Autoset delay (or F3). This sets the Internal Delay Time to the value corresponding to the Cursor position. The new
value will become the center of the screen, and the amplitude peak will move to the center of both the upper and
lower screens as shown in Figure 22b.

Notes regarding the Delay finder and measuring loudspeakers

The leftmost peak in the impulse response corresponds to the arrival of the direct sound from the loudspeaker at the
microphone. Echoes will appear to the right of it, because they arrive after the direct sound. If the echoes are stronger
than, or equal to, the direct sound, the Cursor may lock onto the echo. In such instances, selecting select Util: Auto-
set delay (or F3) will result in an incorrect setting of the Internal Delay Time. At any rate, it is inadvisable to attempt to
align the system from such a microphone position, since the loudspeaker system may be driven into instability.

With speaker systems that lack optimum phase alignment, it may be necessary to set the Internal Delay Time to val-
ues other than the time offset of the peak with greatest amplitude. The Internal Delay Time should be set to align to
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SIM-2201 Sound Analyzer

Source

EQ In (A)

Direct
Internal Dela

»| 0.00ms : 3/

Speaker Measurement
System Microphone

a——
Mic (C)

)
- soms —

Propagation Delay

Z1 A\

L ............ AA:/

IFT o 3 1 B
—

Cursor
Data Live 30.00 ms
Type Result 0.4 Ampl

Delay 30.00

T

Propagation Delay

(Internal Delay Time + Cursor Position)

Cursor on

sound
Echo

Upper
Screen

-70 0.00 +70 ms
Internal Delay Time

Cursor position relative to

center of
screen

Figure 22a — Before Setting the Internal Delay: Propagation Delay Produces 30 ms Time Offset Between Ref-
erence (A) and Measurement (C) Channels

SIM-2201 Sound Analyzer

Direct sound

Echo
Source Internal Delay
EQ In (A)
30.00 ms
L Upper
IFT

Speaker Measurement Screen
System Microphone

a— -
% -70 30.00 +70 ms

Mic (C)

)
- ]

Propagation Delay

Cursor
Data Live 0.00 ms
Type Result 0.4 Ampl

Delay 30.00

!

Propagation Delay

(Internal Delay Time + Cursor Position)

Internal Delay Time

Cursor position relative to

center of
screen

Figure 22b — After Setting the Internal Delay: Pressing F3 Sets Internal Delay to Compensate for Propagation
Delay and Synchronize Channels
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SIM-2201 Sound Analyzer

Source External Delay Direct sound
Echo
100 ms Internal Dela;
EQ In (A)
\ »1 30.00 ms
Eq [
L ] . Upper
IFT =
Speaker Measurement . Screen
System Microphone
E] -70 30.00 +70 ms
§ Mic (C)
Internal Delay Time
| Cursor position relative to
I 30ms | Cursor center of
) Data Live 0.00 ms screen
Propagation Delay Type Result 0.4 Ampl
Delay 30:00
Internal Delay Time + Cursor Position
Figure 22c — Pre-Eq Delays: External Delay Does Not Affect Propagation Time Measurement
SIM-2201 Sound Analyzer
Direct sound
Cursor on
Source Internal Dela; Echo
EQ In (A)
»] 30.00 ms
L] - Upper
IFT g
Speaker Measurement : Screen
System Microphone
E] ] -70 30.00] +70 ms
Q Mic (C)

Figure 22d — Characterizing Reflections: Placing the Cursor on the Echo Provides Direct Measurement of Ini-

30 ms |
Propagation Delay ‘Il?yegi
Delay

Internal Delay Time

Cursor position relative to

Cursor center of
Live 35.00 ms screen
Result 0.2 Ampl(t.)
65.00

1

Internal Delay Time + Cursor Position

tial Time-Delay Gap
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the highest frequency components. Always fine-tune the Internal Delay setting using the smallest Delay finder time
window (10 kHz bandwidth); even small time offsets between the Reference and Measurement channels will degrade
the quality of Frequency response data at high frequencies.

The Internal Delay Time does not affect signals in the system under test — only the time synchronization between the
measurement channels.

Pre-Eq External Delays

As shown in Figure 22c, an external delay line that is patched before the equalizer affects both the Reference and the
Measurement channel equally, as it is treated as part of the source. External delays therefore will not affect the mea-
surement of propagation delay when the system is configured as shown in this Figure. Special Procedures are used
to align delay fill systems using external delay lines (see Section 3.3.3 External delay ).

Characterizing Reflections

The Delay finder may also be used to obtain direct measurement of the “Initial Time Delay Gap” (t,). Recognized as a
primary determinant of concert hall acoustic quality, ¢, is defined as the time delay between the arrival of the direct
sound and that of the first reflection at a given location. As Figure 22d shows, simply placing the Cursor on the ampli-
tude peak of the first reflection (after setting the Internal Delay to compensate for propagation) causes ¢, to read in the
Cursor Status Area. Later arrivals (t,, t, etc.) may similarly be measured against the direct sound arrival.

Polarity Checking

The Delay finder displays the system impulse response and thus preserves polarity information. A positive-going im-
pulse (the highest point) indicates a net non-inverting system, whereas a negative peak indicates inversion. To check
polarity:

1) View the Delay finder response in the lower screen, which contains the full resolution needed.

2) Measure in the near field on axis of the speaker system whenever possible.

3) Verify any questionable responses by viewing the phase response (refer to Section 2.2.3 Frequency re-
sponse ).

Multiway loudspeaker systems can exhibit complex interactions in their crossover regions. It can be misleading to try
to ascertain polarity information based on single drivers, since those that appear to be reversed in polarity may actu-
ally be optimized in their crossover range. Therefore, the most accurate method for measuring polarity is to view the
phase response in Frequency response measurements.
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Measure: Delay finder screen configuration

v.2.0lab

Screen Type Color Signal Channels

Upper Time Blue Reference Vs Measurement
Lower Time/10 Blue Reference Vs Measurement

v. 2.3 Stereo and v. 2.3 Multi-channel

Screen Type Color Signal Channels
Upper Time Blue Result (Eq Input Vs Mic)
Lower Time/10 Blue Result (Eq Input Vs Mic)

The Result impulse response is the default. Room+spkr or Eq may be selected under the View Menu.

Colors are as follows:

Color Type Signal Channels

Blue Result Eq Input Vs Mic
White Room+speaker Eq Output Vs Mic
Orange Eq Eq Input Vs Eq Output

Note: The 1/Eq Type is not available in Delay finder.

2.2.3 Erequency response

Frequency response measurements display the difference (transfer function) between the Reference and Measure-
ment channels in the frequency domain. The Hann Window of the time record has been chosen since it is optimized
for random noise. Data are suppressed on overload of either of the two channels.

Frequency response Axes

The Frequency axis is a logarithmic display with 24 points/octave typical, and linear below 20 Hz. It can be displayed
as full bandwidth or in three frequency spans (see Section 2.5.9 Util: Zoom).

Amplitude — Amplitude in dB, vs. frequency
Phase — Phase in degrees, vs. frequency
Coherence — Coherence in percent, vs. frequency
dB S/N — Signal-to-noise ratio in dB, vs. frequency
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i S/N (dB) or
Coherence

/ (%)
‘ Vertical

Scale

S/N + D Trace

Amplitude Trace

Phase Trace

Figure 23 — Measure Frequency response Screen Display

Frequency response Cursor

The amplitude and phase Cursor values are affected by interpolation and smoothing when used. The S/N and Coher-
ence traces are never interpolated or smoothed.

The amplitude Cursor values do not track with the Setup: trace Offset. The Cursor retains the actual value. There-
fore when the Trace Offset function is used, the Cursor values will appear to differ from the vertical axis values by the
amount of offset applied.

Frequency response Amplitude threshold

The default Amplitude threshold is -60 dB. The Frequency response display consists only of data at frequencies
whose Reference channel amplitude exceeds the Amplitude threshold. If no data exceed the threshold, the system
will not use any data from that time record and a prompt will appear in the main status window:

Data <threshold
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Measure: Frequency response screen configuration

v.2.0Lab

Screen Type Color Signal Channels

Upper Amplitude (Avg.) Blue Reference Vs Measurement
Upper Amplitude (Inst.) Yellow Reference Vs Measurement
Upper S/N or Coherence Red Reference Vs Measurement
Lower Phase (Avg.) Blue Reference Vs Measurement
Lower Phase (Inst.) Yellow Reference Vs Measurement

v. 2.3 Stereo and v. 2.3 Multi-channel

Colors for the different Frequency response types

Color

Blue
White
Orange
Green

Type Ref. Vs Meas. ch.

Result Eq In Vs Mic
Room+speaker Eq Out Vs Mic

Eq Eq In Vs Eq Out

1/Eq Eq In Vs Eq Out (Inverse)

v. 2.3 Stereo and v. 2.3 Multi-channel Basic View (Room+speaker, Eq or reSult)

Screen Type Color Signal Channels

Upper Amplitude(Avg.) See Above Room, Eq, 1/Eq or reSult
Upper Amplitude (Inst.) Yellow Room, Eq, 1/Eq or reSult
Upper S/N or Coherence Red Room, Eq, 1/Eq or reSult
Lower Phase(Avg.) See Above Room, Eq, 1/Eq or reSult
Lower Phase (Inst.) Yellow Room, Eq, 1/Eq or reSult

v. 2.3 Stereo and v. 2.3 Multi-channel Group View

Screen Type Color Signal Channels
Upper Amplitude (Avg.) Blue Result
Upper Amplitude (Inst.) Yellow Result
Upper S/N or Coherence Red Result
Lower Amplitude (Avg.) White Room
Lower Amplitude (Inst.) Yellow Room
Lower S/N or Coherence Red Room
Lower Amplitude (Avg.) Orange Eq

Lower Amplitude (Avg.) Green 1/Eq
Lower Amplitude (Inst.) Yellow Eq or 1/Eq
Lower S/N or Coherence Red Eq or 1/Eq

Bright colors are used for all primary (Live) traces
Muted colors are used for all secondary (Memory) traces
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2.2.4 fEedback finder
v. 2.0 Lab — Not used

v. 2.3 Stereo, and v. 2.3 Multi-channel — Feedback finder is similar to Spectrum with the addition of
a peak hold function. It is used to identify feedback frequencies when equalizing sound systems. The
highest amplitude value at each frequency is held until the Average: Restart command is given.

........ [y —y " [ vl 1 —— P iy |

I I__ : e I I

rlayu Finder
A e P A R

In, Out or Mic

Not Used

Figure 24 — Measure Feedback Find Screen Display
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2.2.5 Default Measure: settings

Measure: Spectrum

Vertical Scale
Horizontal Scale
Amplitude threshold
Window

Cursor

Master Gain
Averages

Measure: Delay finder

Measure: Frequency response

2.2.5.4 Measure: fEedback finder

Vertical Scale
Horizontal Scale
Internal Delay Time
Amplitude threshold
Window

Cursor

Master Gain
Averages

Vertical Scale
Horizontal Scale
Amplitude threshold
Window

Cursor

Master Gain
Averages

Vertical Scale
Horizontal Scale
Amplitude threshold
Window

Cursor

Master Gain
Averages

15 dB/Div. (0 to -90 dB)
7.6 Hz- 22,634 Hz

-60 dB

Flattop

Peak tracking

0dB

1 rms (No averaging)

.5 Div. (£ 1.5)

+70 msec (10 kHz)
0Oms

-40 dB

Half Hann

Peak tracking

0dB

Accumulate vector

10 dB/Div. (= 30 dB)
7.6 Hz- 22,634 Hz
-60 dB

Hann

Peak tracking

0dB

4 vector

15 dB/Div. (0 to -90 dB)
7.6 Hz- 22,634 Hz

-60 dB

Flattop

Peak tracking

0dB

Peak hold
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2.2.6 Measure Menu Reference Guide

Measure View Averages Generator  Smoothing Data Trace Offset
Spectrum Eq In* 17 Off No No No
Eq Out 1k Sine
Mic Var Sine
Noise
Pulse
Delay Find Room Accum* Off No No No
Eq 2 Noise
Result* 4 Pulse
8
16
Freq. Resp Room* Accum Off Off (24m) Store (1-8) Yes
1/Eq 2 1K Sine 6th Recall (1-8)
Result 4* Var Sine 3rd Memory Track
Eq 8 Noise Save Branch
Group 16 Pulse Save All
Load Branch
Load All
Delete Branch
Clear
Feedback EqIn Peak Hold  Off* No No No
Eq Out 1 kHz Sine
Mic* Var Sine
Noise
Pulse

* Default (Original Setting)
T Only available setting or not adjustable.
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2.3 Data Menu

The Data Menu allows Frequency response data to be stored in memory and saved to disk. Data remain in memory
as long as the SIM-2201 Sound Analyzer is powered up. Unless data are also saved to disk, they will be lost when the
system is reset or power is interrupted.

The main data functions are:

Store — Stores live data in memory

Save — Saves memory data to disk.

Load — Loads data from disk to memory
Recall — Recalls data from memory to screen

The data stored include averaged amplitude and phase measurements (unsmoothed), and the Coherence (or S/N)
data. When saving data to disk, the Setup must first be saved, as the Setup file also serves as a subdirectory for stor-
ing data files. Each Setup has its own data files.

2.3.1 Store

To store data, press Data Store. The Group menu (1-8) appears. Data may be stored to any of the eight Groups.
In v. 2.3 Stereo and Multi-channel versions, each Branch has eight memory Groups.

When storing data, a Notepad pops up allowing you to enter up to three lines of text to annotate the stored data. To
exit the Notepad, press <Ctrl+Enter>.

If data have been stored at this Group already, a prompt “Overwrite Y/N?” appears. Press Y’ to overwrite data, or any
other key to select a different Group.

rusrdare T irm riairsh o H qil

LIETICN TR T A I i

YEREL]
ImaRsry Praaking

e U @i L T
el s VER Nl L =
Fa Rl

LE L]

Figure 25 — Data Store Screen Display
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DATA — V2.3 STEREO & MULTI

DATA — V2.0 LAB

Store
Group:
1-8
Recall

Load

.
Save ASCII .

Delete

Memory Tracking

Room /EQ

Branch Compare Compare to:
Branch #

Disk Drive:

Floppy
Hard

Load Branch

Delete Branch

Disk Drive:
== Floppy
Hard

Panel

Clear F6

Panel

Clear F6

Figure 26 — Data Menu Structure

2.3.2 Recall

To recall data from memory to the screen, press Data Recall. The Group menu (1-8) appears. Select a Group to re-
call and press <Enter>. The Notepad then appears, allowing you to view and edit the text. To exit the Notepad, press
<Ctrl+Enter>.

2.3.3 saVe

To save the data (all eight Groups) in memory to disk, press Data saVe. If the Setup has not been saved, you will be
prompted for a Setup hame and the Setup will be saved. Next, a prompt appears asking for the name to save the data
as. Type a name and press <Enter>. The data is now saved to disk under the current Setup.

2.3.4 Load

Data loaded from disk always comes from the current Setup. To load data, press Data Load . A menu appears listing
all the data files in the current Setup directory. Select a file and press <Enter>.

Shortcut Keys

For faster storage and recall of data without viewing the Notepad, press <Ctrl+Enter> instead of <Enter> after select-
ing one of the eight Groups.
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2.3.5 Disk menu

Select either the removable hard drive or the floppy disk to save or load data.

Notes on naming data files

When saving data, filenames must contain only the letters A-Z, digits 0-9, and the following characters:
_$-H%&-{H0@

Filenames cannot contain spaces; spaces typed into filenames are replaced by underbars (). The filename is
searched for disallowed characters. If any are found, the message “Bad characters in filename” appears, the offend-
ing characters are removed, and the filename prompt re-appears.

Before data files are saved to disk, the Setup directory is searched for a file with the same name. If there is already a
file with the same name, the message “File Exists. Overwrite Y/N?” appears. Press 'Y’ to overwrite data, or any other
key to return to the filename prompt.

If a file cannot be saved because of disk problems, the message “No such file or directory” appears. Some of the rea-
sons for this include:

. Disk not present or not installed in drive completely.

. Unformatted disk.

. Disk is full.

. Disk is write-protected (sliding tab on floppy disk shell)

. Disk is not proper type (High density 1.44M diskettes must be used)
. Bad Sector(s) on disk.

2.3.6 dElete

Data files on disk which are no longer be needed may be deleted. Press dElete from the Disk menu, select a file to
delete, and press <Enter>. Once a data file has been deleted, it cannot be recovered.

2.3.7 Save All

Inv. 2.3 Stereo and Multi-channel, the Save All command provides a convenient means of saving to disk data from
all Branches. The Branch names are used as the filenames. This command backs up your data so that an inadvertent
system reset will not cause a loss of data.

2.3.8 Load All

In v. 2.3 Stereo and Multi-channel, the Load All command searches the Setup directory for any files matching the
present Branch names. Each file that matches a Branch name is loaded into that Branch.

2.3.9 save Ascii

Frequency response data may be saved as an ASCII file for post-processing and analysis in math programs or other
applications. The resulting ASCII data table is tab-delimited and includes real and imaginary parts, coherence and
data validity flags for each frequency bin. A sample ASCII data file may be found in the Appendix.

2.3.10 Panel

Pressing Data Panel displays a table of all the stored data in all the Branches, labeled with name, Group number, and
the first 10 characters of the Notepad. In v. 2.3 Stereo and Multi-channel, each Group’s Procedure name also ap-
pears.
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Figure 27 — v. 2.3 Multi-channel Data Panel Screen Display

2.3.11 Notepad

Whenever data are stored or recalled, a Notepad appears, allowing three lines of text to be entered, annotating the
data.

In addition, the Notepad displays the following:

Branch number

Group number

Procedure in which data was stored
Microphone name

Speaker status (which speakers were on)
Averaging type and number

Amplitude threshold

Coherence threshold

Time and date that the data was stored
Internal Delay Time

Venue

Artist

Engineer’'s name

All of these Notepad items stay with the data when it is saved to and loaded from disk. The Notepad may be skipped
when storing and recalling data; see <Ctrl+Enter> 