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KEY FEATURES

sional, eye friendly, standalone audio metering device.
e 18 different tools , user defined workspaces

e Made for: Music Mastering (CD, DVD-Video, SACD, Blue Ray)
TV and Broadcast (stereo and surround multi-program
monitoring)(e.g. in production, ingest or transmission rooms)
Cinema ( LEQ (m) weighting filter for surround material)

e 24 h / 365 day unattended LOGGING of audio quality parameters(ITU & EBU
R128 loudness parameters, LU, QPPM and TruePeak Post-Analysis with arbi-
trary Start/Stop times for ANY TV or Radio program item

e Long list of reference customers (mainly German-, European- and US-broad-
casters)

e PINGUINs R&D department is pioneering loudness monitoring since 25 years
partly in cooperation with Germany's broadcaster’s Research Institute IRT

e Standards: VU, QPPM, SPPM + NEW: EBU R128, US A85

New
e Multi Frequency Correlator
e PPM 16
e Multi Stereo Meter with individual labeling and coloring
e Support for extended surround formats (up to 16 channels)
e Supports sound cards up to 192 channels
e PGAMMW.ire plugin for VST , RTAS and AU
e Synchronized Start-Stop function for EBU-Integrated and LEQ-Numeric

V(1] Tube,

e Wire Mode and EBU Integrated Remote Server

e Workspaces
e Loudness Logger and Server

e Turns every MAC or PC equipped with a reasonable sound card into a profes-

Trademarks

All trademarks, registered or otherwise, are the property of their respective owners.
Microsoft, Windows 2000, Windows XP, Windows Vista and Windows 7 are registered
trademarks of Microsoft Corp.

ASIO is a trademark of Steinberg Media Technologies GmbH.

24/10/14 — PG-AMM 2.2.xxx


http://www.youtube.com/watch?v=Hila5WbNZSM
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Pinguin Audio Multi Meter Introduction

Pinguin Audio Multi Meter (PG-AMM) is a very powerful and <
accurate digital Audio-Metering-System for stereo and surround jp—
sound. It runs on a Mac & PC and consists of up to 17

instruments to visualize audio material in various ways.

As PG-AMM is based on a modular structure, all instruments can

be freely configured and combined according to your metering S—
needs. Besides instruments like peak & vu meter, spectrum ‘
analyzer or correlation meter, PG-AMM offers new metering tools

to display perceived loudness - and thus goes beyond 'traditional’

metering.

Metering according to the new EBU Recommendation EBU R-128 is fully integrated.
PG-AMM is available in four different versions: “Lite”, “Stereo”, “Surround” & “Enterprise” —

| Lt | Stereo | _ Suround | _ Enterprise
6 12 12

Max. instruments 24
PPM Meter X X X
PPM 5.1 X X
PPM 8 X
PPM 16 X
PPM Multi Stereo X
Correlation X X X X
Gonio Meter X X X
FFT X X X
RTA X X X
Spectral View X X
LDN Meter X X X X
EBU Loudness X X X
EBU Integrated X
LEQ Numeric X
Multi Frequency Correlator X X X
Surround Locator X X
LDN Logger X
PG-AMMWire Plugin X X X X
True Peak X X X
FFT Snapshots X X X

with “Enterprise” being the “all-included” package containing all instruments available for
the Pinguin Metering-System as well as the LdnServer.

About this manual

If you are familiar with terms such as dBFS, LU, true peak and K-System, you might
directly switch to the Quick Start Guide chapter after installation. If not, we recommend
you to read the introduction about About Levels, Scales & Ballistics first.

Information on loudness metering according to EBU R-128 is provided, as well as a
description of the K-System.

PG-AMM Manual -5 -
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History of Audio Metering

VU Meter

The first standardized visual indicator of audio levels was the VU meter, which was
developed amongst others by Bell Telephone Laboratories in 1939. It was designed to
provide an objective measurement of audio levels — more or less correlating with
perceived loudness of audio material. The ballistics (300 ms integration & return time) of
this volume indicator resulted from the mechanical inertia of the meter's design. The scale
ranges from -20 dB to +3 dB. The VU meter is still in use today.

Peak Meter

As the vu meter reacts too slowly to display peaks of an audio signal, an indicator for peak
levels was introduced shortly afterward: the peak program meter (ppm) — with a much
faster integration time. This meter enabled the audio technician to control the levels more
precisely than with a vu meter and prevented him or her from over- or under-driving an
audio system. The scale of a peak meter according to DIN 45406-standard ranges from
-50 dB to + 5 dB and has an integration time of 10 milliseconds.

The combination of peak and vu meter provides a good method to see an averaged level
in connection with peak level - and therefore the dynamic range of audio signals.

Digital Meters

With the arrival of digital audio, more precise metering tools became necessary (and
possible). Contrary to an analog audio system, clipping and audible distortion of digital
audio occur abruptly after exceeding 0 dBFS (full scale). The ppm's integration time was
sufficient to prevent an analog system from being overdriven — but it is not short enough to
show digital overs reliably. That's why the sample peak program meter (sppm) was
introduced. Its attack time is as short as one sample. But the consideration, that even
between two samples there can be a digital over which the sppm would not recognize led
to the development of a true peak program meter. This peak meter uses over sampling
and shows the true peak level.

Nowadays, a wide palette of metering tools exists - not only to display peak or averaged
levels, but also to allow us to take a look at the spectral content of audio signals. Metering
based on human loudness perception is about to become a new standard, at least in
broadcasting industry.

Loudness Metering

A loudness meter shows “how loud” a signal is — based on human perception of loudness.
Whereas a peak meter displays the electrical signal strength — a loudness meter has to
take into consideration all factors that influence the perception of loudness: mainly the
interplay of level, frequency and time. This is quite a complex task, and different methods
for measuring loudness exist like for example Zwicker's method (around 1960) or Dolby's
loudness measuring (LEQ(m)). Pinguin implemented earlier an algorithm of IRT to
measure and display perceived loudness which is now completely replaced by an

EBU R-128 compliant algorithm.

Almost all methods to measure loudness are based on the "equal loudness curves".

The indication of a loudness meter can differ considerably from that of a peak or even vu
meter.

PG-AMM Manual -6 -
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About Levels, Scales & Ballistics

Levels

The exact knowledge of all different levels that are shown by the metering instruments is
of crucial importance for the meaningful use of the software. Decibels (dB) or loudness
units (LU) are relative terms. Like percentage, it means one value relative to another
value. The use of dB or LU on their own is of no significance unless it is known to what
absolute values they are relative to.

Example: LUFS describes loudness units relative to full scale. The difference between -23
LUFS and -18 LUFS is 5 LU (and not 5 LUFS!). If levels relative to digital full scale (FS)
are displayed, it means that the top of the scale always represents (digital) full scale, no
matter whether the scale ranges up to 0 or +9, for example.

The list below explains different measurement units that are displayed by PG-AMM:
e dBFS describes signal levels relative to full scale
e dBTP describes true peak levels relative to full scale
e LU stands for Loudness Units and describes subjective loudness differences
e LUFS describes subjective loudness levels relative to full scale
e LKFS is equivalent to LUFS

e dBSPL describes levels relative to a reference sound pressure level of 2-10-5 Pa
(hearing threshold)

e VU volume units (integration & fallback time: 300 ms)
e RMS averaged signal level (root mean square)

Note: when converting audio from analog to digital, always keep in mind that: 0 dBu
(unbalanced, reference: 0.775 V) is equivalent to -18 dBFS.

Levels displayed by PG-AMM

Instrument/ dB dB VU RMS LU/LU LU LU LU LU dBS

Value FS TP FS (EBU- (EBU- (EBU- PL
M) S) )]

PPM X X X X

LDN Meter

EBU X

Loudness

EBU X X X X

Integrated

LEQ X X
Numeric

Scales

The size of an audio signal is displayed on the meter's scale. The range and resolution
(especially in the upper level range) of the scale is of great importance for the readability

PG-AMM Manual -7 -
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of the measurement's results. Pinguin offers scale ranges up to 144 dB, which
corresponds to the theoretical dynamic range of 24 bit audio. The user should be aware
that smaller display ranges might only cover a portion of the input signal's dynamic range.

The position of the 0 dB mark is another important aspect. In the analog domain, the 0 dB
or 100% mark is a reference indication. The technician can do level alignment around 0 dB
and still have enough headroom (up to 24 dB!) for peaks that exceed that level. A digital
meter that has the 0 dB mark at the top of the scale has no headroom above this mark.
Therefore PG-AMM offers the possibility to switch scales so that the 0 dB mark no longer
represents digital full scale. Examples are the “QPPM/SPPM +9 dbfs” or the K-System
scales within Pinguin's Peak Meter. Using these scales, one can again use the 0 dB mark
(target level) as orientation.

Ballistics

Ballistics describe the meter's response characteristics to an input signal (in terms of
duration).

Integration or attack time describes the duration until the input signal is fully displayed by
the meter.

Examples:

e QPPM: 10 ms (according to DIN 45406 the input signal is displayed by 90% after
10 ms)

e SPPM: 1 sample
e TPPM: less than 1 sample
e VU meter: 300 ms

Return time, fallback time or decay describes the time it takes for the indication to fall
back, for example by 20 dB, after the signal is removed. The decay time affects the speed
of the indicator's movement. PG-AMM lets you choose among fast, normal and slow.

PG-AMM Manual - 8 -
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System Requirements

The system requirements depend on the version of PG-AMM you bought. The more
instruments you plan to use simultaneously, the more CPU power Pinguin requires.

PC
Operating System

e Windows 7

e Vista

e Windows XP
CPU

e minimum: 2.4 GHz Single Core or 1.6 GHz Dual Core
RAM

e atleast 2 GB
Graphics

e NVIDIA GeForce

e ATI Radon

We strongly recommend NVIDIA, since some ATI cards have problems with
multiple OpenGL windows.

MAC
Operating System
e OS X 10.4. or higher
CPU
e minimum: 2.4 GHz Single Core or 1.6 GHz Dual Core
RAM
e atleast2 GB
Graphics
e NVIDIA GeForce
e ATI Radon

Minimum Intel Graphics
e Mobile Intel 4
e Mobile Intel 4 Series Express Chipset Family

Since PG-AMM is using OpenGL for drawing, your Graphic card must support
OpenGL 2.0 or better.

PG-AMM Manual -9 -
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Installation

The software CD contains setup files for both Windows and Mac OS X operating systems
in directories named according to the respective computer architecture.

PC

Locate the PC folder on the software CD.
The installation procedure is started by double-clicking the respective installer icon:
e SetPG-AMM-Lite.exe installs Pinguin Audio Multi Meter Lite
e SetPG-AMM.exe installs Pinguin Audio Multi Meter
e SetPG-AMM_EP.exe installs the enterprise extension
e SetLdnServer.exe installs LDN Server application

The installation wizard allows to select the language used during the installation process
(English, German) and asks the user to confirm or deny the license agreement. If you
deny the agreement, no software is installed.

Only Stereo, Surround and Enterprise versions.

At the end of the automated installation procedure, you have the option to install
also the drivers that are required to gain access the USB Hardlock device (HASP).
PG-AMM will not run when it cannot access the Hardlock device. Therefore, the
HASP drivers have to be installed when you install PG-AMM for the first time.
Subsequent updates of PG-AMM do not require the reinstallation of the HASP
drivers, so the respective box can be unchecked in the install window.

After installation, connect your USB Hard lock device (HASP) to your computer.

MAC

Locate the MAC folder on the software CD.
e SetPG-AMM-Lite.dmg installs Pinguin Audio Multi Meter Lite
e SetPG-AMM.dmg installs Pinguin Audio Multi Meter
e SetPG-AMM_EP.dmg installs the enterprise extension
e SetLdnServer.dmg installs LDN Server application

Double-click the desired image file. In order to install the software, you have to confirm the
license agreement. Then, simply drag and drop the program file to your application folder.

A Only Stereo, Surround and Enterprise versions.

Locate “HASP SRM RTE Installer.dmg” (within “SetPG-AMM.dmg”). This file installs
the drivers for the USB Hardlock device (HASP). Double-click it and follow the on-
screen instructions.

After installation, connect your USB hardlock device (HASP) to your computer.

PG-AMM Manual - 10 -
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Basic Functions

There are some basic functions in PG-AMM that apply to most of the instruments:

e Right-clicking into the display opens a pop-up menu in all instruments (except EBU
Integrated, LEQ Numeric, LDN Logging/Server/Viewer). Display options, scale type,
decay times etc. for the corresponding instrument can be set there. See the
individual instrument's description for details.

e clicking into the meter window resets the display
e hitting the space bar resets all currently opened meters

Window options

At the top of each meter window, there are four different buttons:

'Quick routing’ button

Clicking the quick routing button opens a routing matrix. You can set the inputs for the
corresponding instrument just like in the Meter Configuration.

Bl 'Fold/Unfold' button

Minimizes the window size (only the window bar is displayed). Click again to re-open the
window.

B 'Visible' button

Press to close the window. To re-open it, select the instrument in the “Eye Symbol” menu
in the Control Bar.

&l 'Enlarge’ button
Enlarges the window to full screen. Click again to return to original size.

All other main program settings are done in the Control Bar.

PG-AMM Manual - 11 -
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Control Bar

Global configurations for the PG-AMM are made in the control bar: adding, storing and
recalling workspaces (personalized meter setups), defining an audio device as input source,
signal routing & audio settings. The Control bar is always visible in form of a small
bar-shaped window. Closing the control bar means closing the application.

Find below a description of all elements of the Control Bar from left to right.

2~ « las100 ~ ASIO Hammerfall DSP » Inputs: 12

Eye Symbol: clicking on the eye symbol lets you control the visibility of all instruments in
the current workspace. A left click opens a list of all instruments of the current workspace
and offers the possibility to check the instruments that are actually to be displayed — or to
uncheck those you do not want to be visible. A right-click on this button will bring all
instruments to front. Note: only instruments of the current workspace are listed — to add
instruments, go to the “Meter Configuration...” in the Options menu.

Default «

Workspaces: drop-down menu that displays the currently selected workspace and lets you
choose among different workspaces that have been defined.

a2
Add/delete workspace: the current meter setup can be saved as workspace by clicking
the "+” icon. A window opens where you can enter the new workspace name and also define

a hot key for a quick recall of the respective workspace. Press the “-” icon to delete the
currently selected workspace.

L4
Options: the “Options” button opens the Options dialog window which allows some
additional program options and preferences to be viewed and set:

« All instruments can be switched on or off by selecting “All on” or “All off”.

« The “Reset all” item resets and restarts all visible instruments.

« The “Reset position” menu item rearranges all visible instruments such that the
instrument windows overlap. Make sure to save the current meter setup as
workspace before using this option if you want to keep the previous instrument layout
stored for later use.

You can press the ‘CTRL+SHIFT’ key while starting PG-AMM to reset to default
workspace!

« The “Meter Configuration...” item opens the global signal routing matrix of the
PG-AMM.

PG-AMM Manual - 12 -
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Meter Configuration

Meter Configuration ‘ 1 G X
(PPMMeter | Meter 10 | 2® | 3() | 40Fe) | 5(s) | 6(Rs) 7 8
PPM 8 ; 1 |Gonio Meter-1 3 4
Correlation
Gonio Meter 2 Correlation-1 3 -

5] 3 |LDN Meter-1 3 4 off Off Off  Off
Spectral View 4 |PPM Meter-1 3 -
PPM 5.15r
Surround Locator 5 |FFT-1 3 4
LDN Meter
EBU Loudness
LEQ Mumeric
EBU Integrated
Ldn Log

(2]

] m b

Startfrom:/1  w| |  RoutingOk ||Not all channels routed || Missing audio channel |

l oK H Cancel J

L e — J

Here, instruments are added and removed and the physical audio inputs of the selected
audio device are routed to the inputs of the individual instruments.

Add and remove instruments

The left part of the window contains a list of all instruments available (depending on the
version you bought), whereas the right part of the window contains a list of those
instruments that are part of the current workspace. To add a new instrument (or another
instance) to the current workspace, select the instrument you want to add (on the left side
of the window) and press the “+” button in the lower section of the window. Alternatively,
double-click the instrument you want to add. To delete an instrument, click on its ordinal
number (in the leftmost column) and press the - button.

Manual routing

In the uppermost row, all possible inputs (1 - 8) for PG-AMM are displayed. Locate the row
of the instrument you want to route and double-click into the corresponding matrix element.
A drop-down list will show up and lets you choose the desired physical input of your audio
hardware as input for the corresponding instrument. The color of the matrix will turn to green
if routing is “OK”. If you chose a channel that is not available, the color of the matrix element
will turn to red. If routing is not complete, the element will show up in yellow.

Automatic routing

Alternatively, routing can be done automatically by hitting the “Route all” (or “Route
selected” if a row was selected before) button. PG-AMM will then route the physical input
channels to all the instrument inputs in consecutive order (i.e. physical channel 1 is routed
to input 1 of each instrument, channel 2 is routed to input 2 etc.) until all physical inputs are
routed.

To route one audio channel to all instruments at once, set the channel for one, then right
click on that entry. A message box pops up to confirm your decision to set all corresponding
instrument inputs to this audio channel.

PG-AMM Manual - 13 -
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- “Settings...” opens the “Global Settings” window.

Settings

“CPU usage” controls the priority of the PG-AMM process and is set to
“‘Normal” by default. You might choose “High” if you run many instruments or
instances at the same time. You might choose “Low” if you need to have other
applications running at the same time or only have a very limited number of
active instruments.
“Channel order” lets you change the default channel number assignment by
dragging and dropping a channel onto the desired channel number. Default:
o 1=Left
« 2=Right
« 3=Center
« 4=LFE
o 5=Sr Left
« 6=Sr_Right
« Example: your stereo source is connected to inputs 3 and 4 of you audio
device, and you want to perform automatic routing (“Route all’). Then
you have to change the default settings in a way that inputs 3 and 4 are
defined as input for “Left(3)” and “Right(4)” of the metering instruments.
“‘Katz scales” can be set to “Normal” (logarithmic) or "-20 dB to max. linear”
(linear scale from -20 dB to full scale)
“Consecutive overs” defines how many overloaded samples (+FS or -FS) are
considered a clipped signal which will turn the display color from yellow to red.
It can be set from 0 - 100.
“Use hires truepeak” can be selected for more accurate oversampling when
using true peak metering. Be aware that this increases the CPU load!

Global Settings I&l
B General
CPU usage Normal
B Audio
Channel order Left, Right, Center, LFE, Sr_Left, Sr_Right
Katz scales Normal

Consecutive overs 7 Samples
Use hires truepeak [ ]

OK l [ Cancel
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- “Bar graph colors...” opens the “Bar Color Settings” window. Here you can change
the color settings for the bar-graphs of LDN Meter, PPM and RTA/FFT Analyzer for
selectable level ranges. The size of the small bar of the PPM can be set here too.

| Bar Color Settings X

Bar Colors
Min. Med. Max. Small

— ] | )

LDN meter Med. start Med. end
VU/SPPM -6 dB -1d8e
Analyzer QPPM/SPPM 9 dB -9d8
K20/SPPM -20 dB -16 dB
K14/SPPM -14dB -10 dB
K12/SPPM -12d8 -8 dB

Instruments

Small bar size %: 25

[ ok J[ concel |

- “Show message log...” displays the contents of the message log since the last start
up of PG-AMM

- “About...” displays Hardlock (dongle) ID, program version and license features

« “Check for updates...” tells you whether there is an update of PG-AMM available
(Internet connection required!).

Remote server: Activate a TCP/IP remote server by pressing this button. Does only work
with VEDA hardware. In ‘Wire Mode’ the first active instance of an EBU-Integrated
instrument can the be started/stopped from within the PG-AMMWire plugin.

Synchronized start/stop: Starts or stops all active EBU-Integrated and LEQ-Numeric
instances simultaneously.

Sticky move: lets you move all visible instruments at the same time without changing their
relative positions.

Collapse audio settings: hides all audio settings. Press again to reveal the audio settings.

44100 v+ ASIO - ASIO Hammerfall DSP » 'Inputs: 12

Audio settings:

 select the sample rate of the input signal

« select the audio driver you want to use (e.g. MME, ASIO etc.)

« select the audio device to be used as input for PG-AMM

« “Inputs:” displays the number of audio channels available with the selected audio
device. If you are in ASIO mode, this button will open the ASIO driver settings.
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Quick Start Guide

How to get started quickly

After installation, PG-AMM starts with a predefined default workspace which contains the
following instruments:

« Goniometer

« Correlation meter
« LDN Meter

« PPM Meter

« FFT analyzer

To get started quickly, do the following:

« connect the audio source you want to be displayed by PG-AMM to your audio device

« in the Control Bar, select your audio device, driver (ASIO, Core Audio etc.) & sample
rate of the input signal

« Go to the Meter Configuration in the options menu and route the physical inputs of
your audio device to the inputs of the PG-AMM instruments. If routing is OK, inputs
will be displayed in green. When routing is done, press OK.

« turn the meters ON

« To add other instruments, return to the Meter Configuration. Double-click the desired
instrument on the left side of the window to add it to the current workspace.

« Save your workspace by pressing the “add workspace” button (+) in the Control Bar.
Give it a name and press “OK”.

Note: applying changes in the Meter Configuration will turn all meters off. Select “All On” in
the options menu (Control Bar) to turn them on again.

Detailed information about Control Bar and Meter Configuration is provided at page12 .

Default Workspace

PG-AMM Manual - 16 -



mﬁm 17

PPM (peak program meter) for Stereo, 5.1
and 8 Channel Surround Sound

The peak program meter is available for stereo and multi channel metering (Depending on
the version you bought). There are always 2 different meters combined on one scale.

Modes
You can choose among 9 different modes:

« VU/SPPM

« QPPM/SPPM +9 dBfs

« QPPM/SPPM 0 dBfs

+ K-20/SPPM (Wide-range Music)

+ K-14/SPPM ('Pop' Music)

+ K-12/SPPM (Broadcast)

« K-20 ITU/SPPM (Wide-range Music)
+ K-14 ITU/SPPM ('Pop' Music)

+ K-12 ITU/SPPM (Broadcast)

Specifications of the different meters

« VU: vu meter with an integration and fallback time of 300 ms.

« SPPM: sample peak program meter with an integration time of 1 sample

« SPPM +9 dBfs: meter according to EBU's PPM standard of -9 dBfs (digital full scale
on this meter is at +9 dB; target level is at 0 dB)

« QPPM: quasi peak program meter with an integration time of 10 ms

« K-20/14/12: meters according to the K-System . (full scale on these meters is at +12,
+14 or + 20 dB)

« True Peak: true peak meter with an integration time less than 1 sample (oversampling)

Default

By default, the ppm starts with a combination of vu and sppm meter. The green bar
displays vu, the orange bargraph displays sample peak. The meter is ordered horizontally,
peak hold is activated and the display range is from 0 dBFS to -96 dBFS. Decay time is set
to “norm” and “true peak” is not activated.
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Settings

v On

v Horizontal
v Peak Hold

Mode »
Display Range »
Decay Time »

True Peak

Right-clicking into the meter enables you to change the default settings:

 select or deselect “On” to turn the meter on or off.

» deselecting “Horizontal” changes to a vertical view of the peak meter.

» Deselecting “Peak hold” deactivates the peak-hold function. That means that
maximum levels are not permanently shown. The numerical display always shows
the maximum level that occurred — no matter whether “Peak hold” is activated or not.
Clicking anywhere into the meter resets the meters display.

 in the “Mode” menu one of the nine modes can be selected.

« in the “Display Range” menu the range of the scale can be switched between -96 dB
and -144 dB.

- “Decay Time” can be set to “Fast”, “Norm” or “Slow”.

« Selecting “True Peak” turns the SPPM into a true peak meter. Oversampling is used
to detect peaks that might occur between samples. An extra range of +3 dB is added
to the scale in order to display inter-sample peaks up to 3 dB above 0 dBfs. “True
Peak” can be activated for any of the nine modes of the meter — and remains active
until it is deselected.

& True Peak is only in Stereo, Surround and Enterprise versions available!

Examples:

Stereo PPM with true peak activated. The green bar represents quasi peak level, the
orange bar displays true peak level.

& PPM Meter 1 - QPPM [ True Peak
co-80 -B0 50 -40 -36 30 24
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PPM for 5.1 surround sound - showing volume units (green) and sample peak level
(orange).
& PPM5.15Sr1-VU/SPPM
2.2 1 40

& PPM81-VU/SPPM

o820 -60-50-40 -35 -30 -25 -20

30-50-40 -35
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Correlation Meter

The correlation meter shows the phase correlation between two audio channels. The
display ranges from +1 to -1, respectively 0° to 180° phase difference. If both channels are
completely in phase, the meter will show +1 (0°). If completely out of phase, the meter will
show -1 (180°). The maximum in and out of phase values are displayed numerically.
Maximum in phase values are shown in green, maximum out of phase values in red. Note
that the numerical display is faster than the “needle”.

Settings
By right-clicking into the meter you can:

« turn the correlation meter “On” and “Off”.
« deselect “Horizontal” to change to a vertical view of the correlation meter.

Correlation meter in a horizontal view.

Gonio Meter

The gonio meter (or stereo meter) displays the |jprsss———
stereo amount of a 2-channel signal. Just as the _ 2.0
correlation meter, it shows phase differences —
but in a more precise way. If you get familiar with .38 T/
this instrument, you will be able to see the stereo \
amount of different frequencies or single
instruments in a mix. The display consists of 2
diagonal axes, one for the left (L) signal, the
other one for the right (R) one.

49

For a signal only appearing on the left channel,
the gonio meter would display a line going from
top-left to bottom-right. A signal that is panned
completely to the right would form a diagonal line
going from right-top to bottom-left. The same
signal on the left and right channel (mono) leads
to a vertical line. If the signals are completely out
of phase (180°), a horizontal line is displayed. By
default, the range between -45° and +45° is labeled.

Settings
Right-clicking into the meter lets you change the default settings:

 deselecting “Show Degrees” turns the labeling and the numerical display off

« “Auto level control’ automatically adjusts the input level in order to have a good
readability even with signals that are at low level. It is turned on by default,
deselecting “Auto level control” turns it off.

« in the “Settings” menu you can adjust the line width (0.5-4 mm), persistence (0-500
ms) and line color of the display.
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FFT Analyzer

The FFT Analyzer shows the frequency content of an audio signal. The incoming signal is
divided into single bands - and their level is displayed.

Different types of analysis windows can be chosen, display mode, input mode, display range
and decay times can be set. The level is displayed in steps of 0.2 dB. At the top right of the
analyzer window, the exact level and frequency at the cursor position are displayed.

& FFT 1

51 {Hone} g

@ i«

m

-+

FFT Analysis

FFT stands for Fast Fourier Transformation - a mathematical method which divides the
audio signal into blocks (windows) and analyzes their content. Pinguin uses a window size
of 2048 Samples — which leads to a frequency resolution of 21.5 Hz for audio material with
a sampling frequency of 44.1 kHz. Due to the logarithmic scale of frequency, this leads to a
more precise resolution in the upper frequency range than in the lower range, as the
resolution stays the same over the complete audio spectrum.

Settings

Right-clicking into the spectrum window lets you change the default settings and adjust the
FFT analyzer according to your needs:

« select or deselect “On” to turn the analyzer on or off
+ select or deselect “Peak Hold” in order to show or not to show maximum levels
permanently

¢ “Input Mode” lets you define how the stereo input is|v On
handled. The default setting “Left + Right” makes the
analyzer display the sum of the input channels. To only | Y PekHeld
display the left or right input channel, choose “Left’ or Input Mode >
“‘Right”. “Left — Right” will display the difference of the input
channels. Windowing >
 the “Windowing” menu lets you choose among 7 different Display Mode \
types of (FFT) analysis windows - from “Rectangular’ to
‘Hamming”. “Rectangular’ is most precise as far as level Display Range v
display of short-term audio events are concerned - but not ‘
as precise concerning frequency display. If your main focus Decay Time :
is more on precise display of frequency, switch to “Welch”, Snapshots...
for example.

PG-AMM Manual - 21 -



mﬁm <22

- “Display Mode” determines how white or pink noise are displayed by the analyzer.
In this menu, you can switch to a linear frequency scale, too.
« Choosing “Logarithmic, white noise flat” will result in a flat display of white
noise. (equal power in any band)
« “Linear, white noise flat” switches from the logarithmic to a linear frequency
scale — with a flat response to white noise.
« “Logarithmic, pink noise flat” leads to a flat display of pink noise. Compared
to white noise, pink noise has a decrease of power density by 3 dB per octave.
Thus a well-balanced mix results in a more or less flat curve, if this mode is
activated. (see examples below)

- the “Display Range” lets you determine the range of the level display. You can
choose among -48/-60/-96/-144 dB

- the “Decay Time” menu lets you choose the decay or fallback time of the level display
(“Fast’/’Medium”/’Slow”)

- “Snapshots...“ opens the snapshots menu

The Snapshots menu
& Only Stereo, Surround and Enterprise versions.

The “FFT-Snapshots” window lists all your snapshots — there you can save them as a
(-pgss) file, load other snapshot files, delete them or change the color of the level curve.
Date, time, sample rate and windowing mode of the selected snapshot are displayed too.
Check or uncheck snapshots in order to display or not to display them. To close the window,
press the “Close” button at the bottom right of the window.

Note: A snapshot is made by pressing the “S” button on the top-left of the analyzer window.
You can then choose your snapshot in the drop-down menu just beside the “S” button in
order to display the snapshot curve permanently in the analyzer window. Snapshots are
saved temporarily until you quit the application. To save them, use the FFT-Snapshots
window.

s ~ W e
v m_ (Snapshot 1)(Snapshot 2)(Snapshot 3) Frequency Response
Snapshot 2 0.0-
Snapshot 3 5.0- 5
-12.0- — T T
18.0-—— See— M NAATIAR
24.0-— VAAAE A A A -
-30.0- A t WA
28.0- '§ ‘_F\\.(\!
-42.0- S
-48.0-
- ! |540-
Snapshot 1 £0.0-
-8.0-
Comment: =R
-78.0-
84.0
-80.0- w
6.0~ =4
2 = 3 | Egpe | 1 1 | St e i | ' ' ' ' | b e 1 ] i ' i I i | i '
2011-10-03 16 20 £ 100 200 500 1k 2 sk 10k 20k
12:30:04 39
44100 Hz
White Noiseflog.
Welch - ; } [ Load... ] [ Close
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Examples

FFT analyzer in logarithmic, white noise flat mode:

-

FFT analyzer in logarithmic, pink noise flat mode:
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RT(A) Analyzer

The real time analyzer (RTA) divides the audio spectrum into third-octave bands and
displays the level of each of it. Contrary to the FFT analyzer, the RTA uses bandpass filters
to divide the audio spectrum into frequency bands.

Settings

Right-clicking into the RTA lets you change the default settings:

select or deselect “On” to turn the RTA on or off

select or deselect “Peak Hold” to enable or disable the peak-hold function

“Filter Q” lets you choose the quality of the bandpass filters; you can choose between
18 dB/octave or 24 dB/octave

‘Input Mode” just as in the FFT analyzer, you may choose whether you wand the
sum, the difference or only one of the input channels to displayed

“‘Display Range” lets you select a level range up to 144 dB to be displayed

“‘Decay Time” can be switched among “Fast”, “Normal” and “Slow”
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Spectral View

The spectrometer displays three parameters of an audio signal simultaneously: time (x-
axis), frequency (y-axis) and level (color). It lets you observe the audio spectrum over a
definable period of time.

Low levels are represented by a deep blue color, and the higher the levels are, the more the
color display changes to light blue, green, yellow and then red — with all the graduations that
lie between. This instrument is not scalable, but you can zoom in vertically by a factor of 2.

& Spectral View 1 e
70 60 50 40 30 20 1.0 00
16k

250-8

63

16 ' _ | , Y 16
20019.018017016.015.014013.012011.0100 30 80 70 60 50 40 30 20 1.0 0.0

+inf

Settings

v On

v Auto Start/Stop

Auto stop time »
Vertical zoom »
History time »
Color spectrum »
db Range »
Input Mode »
Windowing »
Display Mode »
Direction »

Changing the default settings in done by right-clicking into the instrument:

« select or deselect “On” to turn the Spectral View on or off

« if “Auto Start/Stop” is selected, the measurement will automatically stop when there
is no input signal, and the level display will stop moving. When an input signal is
detected, the display will automatically start moving and displaying the audio signal.

PG-AMM Manual - 25 -



mmﬁm <26

“‘Auto stop time” defines how long it takes until the meter stops measuring when
there is no active input signal. The “Auto stop time” can be set among 1 second and
1/16 of a second.

« “Vertical zoom” lets you zoom in vertically. “x2” doubles the size of the frequency
scale.

« “History time” defines the period of time that is displayed by the spectrometer. It can
be set to 20, 10 or 5 seconds. Shortening the period of time of course leads to a faster
movement of the level display — as the window size stays the same.

« “Color Spectrum” can be switched from “linear” to “extended”. The extended setting
will stretch the spectrum to make easier to distinguish among the colors.

« “dB Range” lets you choose the volume range that is displayed by the spectrometer.
To display audio material with a large dynamic range may require a wider volume
range setting than for material which is less dynamic. You can choose among 4
settings: a range of 144 dB, 96 dB, 60 dB or 48 dB.

« “Input Mode” lets you choose whether you want the sum (“Left + Right”), the
difference (“Left - Right”) or only one of the input channels (“Left” or "Right”) to be
displayed

+ in the “Windowing” menu, you can change the FFT analysis window

(see FEET Analyzer for details)

- “Display Mode” defines how the spectrometer displays white noise or pink noise.
“‘Logarithmic, white noise flat” & “Logarithmic, pink noise flat’ can be chosen.

- “Direction’ lets you choose whether the display moves from “Left to right” or “Right
to left”
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LDN Meter

The LDN (loudness) meter displays the perceived loudness of audio signals. The
algorithm takes into account all factors that influence the human perception of loudness. The
meter displays LU, which stands for Loudness Units. The LDN meter can show momentary
or short-term loudness according to EBU R-128.

¢ LDN Meter 1 - LUFS
-E5 45 36 -3¢

Settings
Right-clicking into the meter lets you change the settings for the LDN meter:

« select or deselect “On” to turn the LDN meter on or off

« deselect “Horizontal” to change to a vertical view of the meter

« select or deselect “Peak Hold” in order to show or not to show maximum levels
permanently (the numerical display always shows the maximum value that occurred
— regardless of whether peak hold is activated or not — until you reset the meter by
left-clicking into it)

- the “ITU RMS window size” defines the measurement period, which can be 0.4
seconds or 3.0 seconds. Selecting 0.4 seconds will make the meter display
'momentary loudness', whereas the 3 seconds period results in a display of 'short-
term loudness'. Choosing 'momentary loudness' results in a faster display of the
input signal — 'short-term loudness' setting makes the meter reacts less fast and
results in a smoother movement of the bargraph. The selected window size is always
displayed on the left side of the LDN meter.

- “Scale type” lets you select three different types of scale: -96 dB LUFS, -23 dB LU &
-24 dB LU. -96 dB LUFS is a scale relative to full scale — it ranges from -96 dB to 0
dB. -23 dB LU is a scale type with a target level of -23 dB LUFS represented at the O
dB mark. Thus the scale ranges up to +23 dB. The scale type of -24 dB LU is very
similar, with a target level of -24 dB LUFS represented at the 0 dB mark - the scale
ranges up to + 24 dB.

+ select “Use decay” to activate a fallback time (for better readability when displaying
'momentary loudness')

v On

v Horizontal
v Peak hold

ITU RMS window size »

Scale type »
Use decay
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EBU Loudness

This EBU loudness instrument is an innovative, new instrument developed by PINGUIN.
It makes it easy to have an overview about the loudness relations of your material at the
first view.

EBU Loudness displays loudness (LU), loudness range & true peak levels.

Loudness, loudness range and maximum LU values are shown graphically on a kind of
tachometer display as well as numerically at the bottom of the instrument, respectively
below the middle of the scale (‘max. LU'). True peak levels are displayed numerically at the
top right of the meter. “History time” and “Ray zoom” factor are displayed below the scale.

A loudness range can be defined, which is highlighted on the meter's scale. This range is
called “Cool zone”. If the loudness of the input signal is within the 'cool zone', you see a
green smiley at the top left of the meter. If the incoming signal is out of this zone, you see
an alert in form of a red arrow pointing downwards or a yellow arrow pointing upwards —
depending on whether the signal's loudness is above or below the defined range. The scale
of EBU Loudness meter is always arranged around the target loudness.

Settings

Right-click into the instrument to change the default settings:

« select or deselect “On” to turn the EBU Loudness meter on or off

- “History time” lets you choose whether momentary (0.4 Sec.) or short-term
loudness (3.0 Sec.) is displayed. If momentary loudness is selected, the meter of
course responds more quickly to the input signal.

- “Ray zoom” & “Ray width” determine the settings for the rays which show the dB
statistics. The rays are arranged around the LU indicator and provide more detailed
information about the loudness distribution. In the “Ray zoom” menu, you can turn
the rays off or zoom in up to a factor of 4. “Ray width” lets you alter the width of the
rays, from thin (1) to thick (5).

- “Scale range” offers four different scales: 48 dB, 60 dB, EBU +9 and EBU +18. When
in “LU” mode, the 0 dB mark of both the 48 dB and the 60 dB scale corresponds to a

PG-AMM Manual - 28 -



mﬁm <29

target loudness of -23 dB LUFS . They both display levels up to +23 LU. They differ
in the range that is shown below the 0 dB mark (-25 dB

respectively -37 dB below 0 dB). For audio material with a Zllion

wide dynamic range, you might choose the 60 dB scale.

The scales of EBU +9 & EBU +18 reach up to +9 History time >
respectively +18 LU. They differ in the headroom above 0

and in the range that is displayed by the meter's scale (EBU iR :
+9/27 dB or EBU +18/54 dB). You might choose the "+18” Ray width >
scale for program material with a large dynamic range. All

scales display the target loudness at the 12 o'clock position. Scale range »
“Scale mode” lets you switch from “LU” to “LUFS” for the e

“48 dB” and the “60 dB” scales. Levels are then shown
relative to full scale. The “Scale mode” menu is only
available for the“48 dB” or “60 dB” scales.

the “Settings” menu allows you to customize the true “Peak threshold”, the “Cool

zone” and the “Target loudness” level: .
Settings [—Yh_j

‘Peak threshold” determines at what true
peak level the true peak display (“TP”, at the
top right of the meter) begins to flash red.
The threshold can be set between 6 dB and i ;

0 dB below 0 LKFS (in steps of 0.1 dB). The || s=¢ Y 6 dt bstow gut:
numerical display changes from light blue to || e
red once the threshold has been (reached
or?) exceeded. Maximum true peak values
are displayed numerically until you reset the
meter. oKk || conce |

Peak threshold:

{ 1.0 dB below 0 LKFS

& ]

6 dB above target

Target loudness

OLU = | -23 dBLKFS (EBU mode. Fixed to -23 dB)

The “Cool zone” is located around the target

level and displayed in a green color. “Start” and “End” of this loudness range can be
set between 1 dB and 12 dB below, respectively above the target level in steps of one
dB.

“Target loudness” can be set from -10 dB LKFS to -24 dB LKFS in steps of one dB.
The scale of the EBU Loudness meter changes according to this setting, so that the
target loudness is always shown in the top middle of the display. When in “LU” mode,
the target level is always represented by the 0 LU mark.

Example

EBU Loudness meter with a 60 dB-scale
showing LU

target level of -23 LUFS is @ 0 LU

History time is set to 3.0 seconds (“short-
term” loudness)

dB statistic rays are turned off

loudness is within the “cool zone”

max LU is @ 2.4 LU

“short-term” loudness is @ 0.2 LU

loudness range: 11.0 dB Note: this is a short-
term loudness range, not to be confused with
LRA defined by EBU R-128!

true peak: -7.8 dBTP
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EBU Integrated

The “EBU Integrated” is a loudness meter according to EBU R-128 which displays
‘Loudness Range” (LRA), integrated (EBU-lI) and short-term loudness (EBU-S)
numerically. EBU-I and EBU-S values are shown as LU or LUFS (switchable). The meter's
record function allows to do a longtime measurement, even for several days. Move the
cursor over the display for information about the displayed values.

When the meter is turned on, short-term loudness (EBU-S) is always displayed, no matter
whether the longtime measurement is running or not.

Pressing the play button starts the longtime measurement. Pressing it again will stop the
measurement and the LRA and EBU-I values will be displayed in green color. If you wish to
interrupt the measurement, press the pause button. Press it again to continue the
measurement. During measurement or during an interruption of the measurement, LRA
values are displayed in orange, EBU-I values in yellow. When measurement is stopped,
these values will be displayed in green color. The duration (hh:mm:ss) of the measurement
is displayed at the bottom right of the meter. Date and time of the measurement's beginning
and end are shown at the bottom left of the meter.

The “Loudness Range” is displayed in LU. The higher the variation of the loudness
measurement is, the larger the LRA value will be. Thus, the LRA value gives an indication
on how much dynamic compression has been or has to be applied to the incoming audio
signal. Highly-dynamic material might have a LRA value of approximately 20 LU, for
example.

¢ EBU Integrated 1 =)
LI

3.3

LRA

11.0
4.9 | 00:04:23

Start: 2012-03-12 10:54: 19
Stop: 2012-03-12 10:58:43

LU
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After a measurement you can use the ‘Show/Print report’ button at the bottom to show or
print a report together with a histogram of the loudness data.

Comment Mastering test1

Start Time 2012-03-12 12:55:34
Stop Time 2012-03-12 12:59:40
Duration 04:06

Program Loudness 2.9LU

Loudness Range 11.1LRA

Target Loudness -23.00 dB

Difference to target 2.90 dB

80 58 56 -54 -52 -50 -48 46 -44 42 -40 -38 -3§ -34 -32 -30 -28 -26 -24 -22 -20 -18 -16 -14 -12 -10 8 6 4 -2 O

[_ Add Comment... ] [ Print ] lPrintprevieﬂ ] [ Quit

You should enter a user or studio name in the settings dialog, since this will be used in

printout.
| [ e, <q <% »p | Com.. % -
Comment Mastenng test!
Start Time 2012-03-12 125534
Step Time 2012-03-12 125040
Duratbon 04:0¢

Frogram Loudness. 28 LU
Loudness Range 11.1 LRA
Target Loudness -2300dB
e totarget 29008

60 58

58 56 54 52 60 48 46 44 42 40 38 35 34 32 30 28 -6 24 22 20 18 16 14 12 0 8 £ 4 2 0
| .. Ll L 1 | Ll el Lt .l /WS S N NN NN |

Ll Il 1 1

Hstogram: Max = 120%

it gy | !ihul#;d‘lh. LM
60 50 .58 : ;

6 54 52 .50 48 46 44 42 40 38 3B 4 .22

3 .28 .26 -24 .22 .20 18 18 -4
5 (e S usve

e
R128

Pagelof]
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LEQ Numeric

The LEQ Numeric is a meter that allows you to perform loudness measurements using
different weighting curves. LEQ expresses the energy equivalent sound level. By default,
-20 dBFS RMS is equivalent to 85 dB(A) SPL. Sound pressure levels and full scale level are
displayed numerically, as well as the duration (hh:mm:ss) of the measurement.

When the meter is turned on, the momentary sound pressure level of the input signal is
constantly displayed in the top left field of the meter. A long-term measurement is started by
pressing the play button. The duration of the measurement is shown in the duration window.
Pressing the play button again stops the measurement. The loudness measurement is
performed according to the weighting curve displayed in the drop-down menu of the meter.
It lets you choose among five different curves: LEQ(flat), LEQ(a), LEQ(m) Dolby DD,
LEQ(m) Dolby SR, LEQ(RLB2)ITU. The result of the long-term measurement is displayed
in the top right field of the meter. The value is shown in yellow during measurement — when
measurement is stopped, the value is displayed in green. Pressing play again starts a new
measurement, and the duration display starts from zero again.

If a long-term measurement has been made, the date and time of it's beginning and end-
ing (“Start” and “Stop”) are displayed. At the bottom of the LEQ Numeric, you can cali-
brate the meter. By default, -20 dBFS RMS is equivalent to 85 dB(A)/SPL. This value can
be changed from 40 up to 100 in steps of one dB.

¢ LEQ Numeric 1

0 38

dBFS

-19.6 | 00:01:43

Start: 2011-03-07 23:34:35

Stop: ’

-20 dBFS RMS = E dB(A) /SPL
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Surround Locator

The Surround Locator lets you observe the total level in the surround field, its position,
as well as phase relationship between audio channels in a 5.1 surround setup.

Besides level metering of the individual channels, it is important to get an overview whether
your surround mix is well-balanced (level-wise in relation to the listener's position) and to
see if there might be some phase problems between the 5 channels. The Surround Locator
simplifies this task.

The display consists of a circle on which the speakers are arranged (left, right, center, left
surround and right surround) — with the center speaker at 0°. The middle of the circle
represents the listener's position.

All speaker positions are connected by lines on which the phase relationship among all
channels is shown (in green for values less than 90°, in red for phase shifts greater than
90°). A blue ball represents the total level of the surround mix. The higher the overall level,
the larger the ball gets. Its position shows you the level distribution in the surround field.
The exact middle of the ball is shown by a small dot. A yellow ball in the middle of the blue
ball represents the LFE ('Low frequency effects' or '.1') channel. The size of this ball grows
according to the level of the LFE channel.

¢ Surround Locator 1

Settings
To adjust the Surround Locator to your metering needs, right-click into it:

 select or deselect “On” to turn the Surround
Locator on or off. v On

- the “Pentagon” menu lets you change the
speakers' position. You can choose among
“30°/120°", “Regular” and an user definable
setting. Note that the specified angle expresses
the angle starting from the center speaker (0°).
The user setting can be defined in the Settings...
“Settings...” menu.

« deselecting “Show correlation lines” turns the
color display of phase relationship off.

 deselecting “Show correlation positions” turns the correlation display off.

Pentagon »

<

Show correlation lines

v Show correlation positions
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- the “Settings...” menu lets you define your personal speaker setup (“User
pentagon”), a “Cool correlation range”, “LFE” accentuation and the brightness of
the correlation display. Speaker positions (angles) for “Front” and “Rear” speakers
can be set between 20° and 80° (“Front”) respectively 100° and 150° (“Rear”). Your
personal setting is selectable in the “Pentagon” menu. “Start” and “End” of the “Cool
correlation range” can be defined by entering phase-shift degrees for start (90° -
45°) and end (45° - 0°) of the range. “LFE” lets you raise the level of the LFE channel
by 6 dB or 12 dB. “Display” lets you change the brightness of the correlation lines
from O to 100, with 100 being maximum brightness. If set to zero, the lines completely
disappear and only show up in red if phase-shifts greater than 90° occur.

Settings lﬂ_bj

User pentagon

A

Front: ¥0 = (20°-809)
Rear: 140 = (100°- 150°)

Cool correlation range

Start: 60 = (90° - 45°)
End: 10 = (45°-0°)

LFE

LFE accentuation:

Display
Correlation front/frear brightness
L
0 50 100
OK ] [ Cancel
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Multi Frequency Correlator

The new implemented Multi Frequency Correlator is an instrument that shows the phase
correlation between two audio channels in 32 third-octave bands.

It gives you a very good impression what happens to the phase depending on the frequen-
cy. It's well-suited to check reverb units, stereo extender and any kind of compression like

mp3 or even to just check what’s going wrong with your mix or master.

PPM Multi Stereo

This instrument provides 8 stereo channels with individual labeling and coloring. Usefully
for broadcast stations to measure multiple stereo streams .
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PG-AMMWire Plugin

The wire plugin provides a way to send signals to PG-AMM without using your sound card
inputs. It is available as VST, RTAS and AU. It can be inserted in your DAW and send up
to 32 channels to PG-AMM

This plugin is part of all editions of PG-AMM.

(x PG-AMM Wire

EBU-I Remote

Usage:

Insert the plugin into the master channel or any other channel in your DAW. You can insert
multiple instances. Open the plugin and route the channels you want to send to PG-AMM.
Open the settings dialog in PG-AMM, set ‘PG-AMM Wire Mode’ to ‘Yes’ and click ‘OK’ .
PG-AMM will now switch to wire mode and change the display in the main bar.

o= S8

Sample Rate:) 48000 | Connections:

— — — =

The green cable signalizes that you are connected, it’s red if no connection could be es-
tablished or black none of the instruments is switched on. You can see the sample rate the
host is running, as well as a display of the routed channels. These channels can now be
routed to several instruments.

The bar shows also the number of connected plugins. To prevent double routing, the num-
bers of the output channels in the plugins routing matrix will be colored green for single
routing or red if the same channel is routed in an other instance.

In wire mode the audio block size in the host should not exceed 512 sample to
prevent unnecessary latency in metering.

Youllllli'l Wire Mode and EBU Integrated Remote Server
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LDN Logging

The LDN Logging instrument enables you to perform a network longtime logging of True
Peak, QPPM and ITU Loudness with the Pinguin LDN Server. Measurement is always
performed with the sum of the input channels. LDN Logging is the sender, Loudness Server
is the receiver. The results of the measurement performed by LDN Logging can be sent over
TCP/IP to the Pinguin Loudness Server, who logs the incoming data. The Loudness Server
application can be running on the same computer as the LDN Logging (offline logging) as
well as on a remote one. In this case, both computers need to have an active network
connection. The recorded data can be displayed in the Pinguin LDN Viewer (freeware) —
who allows you to analyze and to print the logged data.

You can choose between two different logger windows in the ‘Settings’ dialog.

Big logger:
Simple level bar graphs for input and output signals.

& ) Ldn Log 15R
QPPM TITU

Small logger:

Yellow, green or red (depending on signal level) “LED's” light up for each active input
channel. Blue means digital zero.

Logging is started by pressing the “Start logging” button. During logging, the window bar
color changes to red and an antenna symbol shows up. The server's IP and Port are
displayed, as well as “log time”. LDN Logging can only send data if it can successfully
connect to the running Loudness Server application. Therefore, you have to enter the
correct TCP/IP address of the Loudness Server to which you want to connect.

PG-AMM Manual - 37 -



mﬁm <38

Settings

TCP/IP and logging settings are done in the settings menu. To access it, press the
“Settings...” button:

- enter the “Server IP” and the
corresponding “Port’ of the Pinguin | dnteg 15R - TCR/IP Settings e
Loudness Server TCP/IP
e Choose the channels (True Peak,
QPPM and ITU) you want to be logged Server 1p: | FEVAR]
by selecting it in the “Logging” field Port: 50001
(by default, all three are selected).
Deselect the channel you do not want Logging
to be Iogged. v TruePeak
« Enter unique device name in the Chamnels: | ) QPPM
“Client name” field. It will appear in the AR
connected Loudness Server during
logging, and the log-file will be named Client name; LdnLog 1SR
according to the name you entered. = : =
Your name will also appear in the Logmode; (~10slog tne, EB )
window bar of the LDN Logging.
+ “Log mode” lets you choose among 3 [ o« ][ cancel |
different analysis window sizes for the

measurement: “~1.0 s log time, EBU”,

“3.0 s RMS; ~1.0 s log time” and “10.0 s RMS; ~1.0 s log time”. The first setting (1.0
s log time) leads to a log file which lets you determine LUFS and LRA according to
EBU. The second one (3.0 s RMS) is equivalent to EBU-S.

A To calculate EBU LU and LRA values in the LDN Viewer, “~1.0s log time, EBU” must
be used!
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PG-AMM network logging example

Studio 1 Studio 2

PG-AMM PG-AMM

_ TCPIIP

LDN Server

<39
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LDN Server

The LDN Server application (Pinguin Loudness Server) is a TCP/IP network server. It can
receive and log data coming from the LDN Logging instrument, which is the client. LDN
Server can log data from up to 8 clients simultaneously (depending on version) 24 hours a
day. For each day, a new log file is generated, which can be viewed and analyzed in the
built-in viewer application.

A “Log” window displays the history of connections to the server and the server's status with
date and time. The “Connected clients” window displays the client/s that is/are connected
to the Loudness Server. If you press the “Run” button, the server is “listening”. It is now
ready to log incoming data. As soon as a client (LDN Logging) connects to the server, the
Client's name is shown in the “Connected clients” window. A green signal light next to the
client's name indicates that data is currently being logged. All actions are listed in the “Log”
(history) window. During logging, a graphical overview for each client displays the incoming
data (Peak/QPPM/Loudness).

In order to receive data, the server has to be running. This is done by pressing the “Run”
button. Pressing it again deactivates the Loudness Server and all clients are disconnected.
The “Viewer...” button opens the built-in LDN Viewer application, which lets you watch,
analyze and print the logged data.

m Pinguin Loudness Server - v1.7 Rev.102 _ E‘M
I:l Log path: |C:\Program Files (x86)\Pinguin\Audio Multi Meter

Log: Connected Clients:

2011-10-13 15:22:31 Server is listening. Ldn Log 1 2011-10-13 15:22:39 {
2011-10-13 15:22:39 New connection requested. o i
2011-10-13 15:22:39 Ldn Log 1 has connected. L. it R e
2011-10-13 15:22:40 New connection requested.

2011-10-13 15:22:40 Ldn Log 2 has connected.

15:26:43 15:27:24 15:

Viewer...
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Settings

Pressing the “Settings...” button opens the settings menu. It is only accessible when the
Loudness Server is not running.

- “Server IP” displays the server's IP address. In the drop down menu, choose
“‘Manual” if you want to enter the server IP manually or “Auto” if you want the IP to
be automatically assigned. The port number is entered in the “TCP/IP port” field. You
can switch between two different IP settings by selecting the “Active” field for one of
the two settings.

+ “Log path” defines the folder your log files will be saved to. The path is displayed in
the main window of the LDN Server too. By default, log files are saved to the “Audio
Multi Meter” folder within the PG-AMM program folder. Press “...” to select a different
destination.

- If “Show horizontal marker” is selected, a dashed horizontal line is shown at a
definable dB position. You can change the position of the marker in the drop down
menu (from -15 dB to +8 dB in steps of one dB). Deselect if you don't want the marker
to be displayed.

« you can change the logarithmic scale into a linear scale by deselecting “Logarithmic
meter scale”

- if “+9 dB scale” is selected, the scale will reach up to +9 dB (9 dB headroom above
0 dB)

« “EBU-I loudness display mode” lets you choose whether you want 'LU" or 'LU
relative to full scale' (LUFS) to be displayed

 selecting “Auto run server after start” will automatically activate the server after the
application is started

Settings [_sz-

Server IP; |0.0.0.0
TCP/IP port: 50001 @ Active
Server IP: 0.0.0.0
TCP/IP port: 50002 Active

Log path: C:\Program Files (x86)\Pinguin\Audio Mt E]

7| Show horizontal marker |6dB

|| Logarithmic meter scale [¥| +9 dB scale

EBU-I loudness display mode:|LU v

[V] Auto run server after start

oK H Cancel ]
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LDN Viewer

The LDN Viewer is needed to display, analyze and print the results of the logging process,
done with LDN Logging and LDN Server. It is integrated into the LDN Server application, but
is also available separately as a free download. It can open and display the 'Loudness
protocol files' (.Idf) generated by the LDN Server. By default, these files can be found
within Pinguin's application folder. If you can't find them, check the “Log path” in the LDN
Server's settings menu.

To open the viewer, press the “Viewer...” button in the LDN Server. Alternatively, open the
standalone Viewer application manually.

Ldn Log 2_2011-10-13_15-22-40.ldf

Ldn Log 1_2011-10-13_15-22-39.ldf
Ldn Log 2_2011-10-13_15-21-04.Idf
Ldn Log 2_2011-10-13_15-22-40.1df

19 20 Ldn Log 1_2011-10-13_15-21-04.Idf
25 26 27

Sender: PG-AMM; Sample rate: 48000 Hz; Step ~1.0s; EBU
Log mode: Channel sum; ITU sum; Log types: PEAK, QPPM, LOUDNESS
First at: 15:21:05; Last at: 15:22:28; Duration: 00:01:23

|'?.p max

! dbFs

| QPPM max 9 Sl R R S T e (I S, [OmOC POt SO O T
[-13.7dbFs| ©

I |

[-23.81KFS

| eBU

(0.0w

| LRA 15:2 15:29
8.4

| QPPM max L T T I T L T L L TR R LI IR e
|-13.8dbFs| ©

B : o epp— e

[ -23.6LKFS L

| EBU-I

(0.0

[LRA

[4.10

¢ Sync
e e

Operation & Settings

At the top left of the viewer, a calendar is displayed. By selecting a day, all log-files that were
created on that specific day are displayed in the “Clients” field. There are two displays for
the measurement data, called “Plots”. They show Peak/QPPM and Loudness on the y-axis
and time on the x-axis. Note: if you don't want Peak, QPPM or Loudness to be displayed,
simply deselect the corresponding symbol at the top of the plot display window.

To display a protocol file in a plot, select the file you want to view and press the “Add file to
plot” button. This can be done for “Plot 1” or “Plot 2”. Alternatively, double-click a protocol
file to add it to “Plot 1”. To remove a file from a plot, select it and press the remove button.
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When a log file is selected, detailed information about the file is shown below the “Clients”
field: name of the sender, sample rate, loudness window size, log mode, log types, start/end
time and duration of the measurement.

The two display windows of Plot 1 and Plot 2 enable you to compare different
measurement results. By default, a period of 24 hours is displayed on the time axis. When
moving the cursor over the display, level and time of the current position are displayed.

Toolbar

e B I TR g] o @ o e Loudness plot average window size: [o]ifdl Sec.

Use the “Sync 2—1” or “Sync 1—2” buttons to synchronize the display of “Plot 2” to “Plot
1” or vice versa. Pressing one of the buttons results in both displays showing the same time
span (and therefore at the same zoom level).

« “Print preview” shows you a preview of the printout in a new window. You can zoom
in and out from 10% to 200%. Press the “Print...” button in order to print the
measurement results.

« to directly print the results, press the “Print” button.

» Pressing the “Zoom to time range” button opens a new window in which you can
enter “Start” and “Duration” of a time range you wish to view. You can apply the
settings to plot “17, “2” or “Both” of them.

+ the “Zoom 100% plot 1” and “Zoom 100% plot 2” buttons reset the zoom level — the
default time range of 24 hours is displayed. Same can be done with the middle mouse
button.

+ The “Zoom tool” is selected by default. Make a selection in order to fully zoom into
the selected area. Alternatively, use the +/— buttons to zoom in or out horizontally and
vertically.

A Pressing the ‘Shift’ key while using the ‘Zoom tool’ will switch to ‘Selection mode

J

« The “Selection tool’ lets you select an area you wish to analyze. Maximum true
peak, maximum quasi peak, ITU loudness, EBU integrated and loudness range
(LRA) as well as the duration of the selected area are displayed at the left of the plot
window.

« “Loudness plot average window size” is set to OFF by default. It can be set among

8 and 240 seconds.

You must reload the current file to display the data with the new ‘Average win-
dow size’
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K-System

The K-System is a proposal by mastering engineer Bob Katz to put monitor gain and
metering into relation. The K-System provides 3 different scales for different kinds of audio
productions. The aim is to overcome major loudness differences of music productions that
exist today and - at the same time - to encourage a better use of the available dynamic
range.

Background

The transition from analog to digital led to chaos as far as overall loudness consistency of
music productions is concerned. As the physical limitations of analog media no longer exist
when recording onto a digital medium, engineers around the world are tempted to produce
recordings with more and more increasing loudness using heavy compression and
limiting — as “loud” always sounds “better” at first glance. The result led to music and audio
productions whose average levels are almost as high as the peak levels — by accepting
distortion and loss of quality in terms of dynamic range or spaciousness of a recording.
In addition, the loudness of recordings varies extremely, which forces the consumer to
adjust his listening volume constantly when listening to different CD's, for example. The
K-System offers the means to bring the 'loudness race' to an end - for the sake of better
sounding recordings with more consistent overall loudness.

The K-System offers three distinct meter scales which are intended to be used with different
program material - each scale combined with a calibrated monitor gain:

« K-20 for wide dynamic range material (audiophile music, classical music)
» K-14 for less dynamic productions like pop & rock music
+ K-12 for program material intended to be broadcast

A main characteristic of the scales is that the 0 dB mark does not represent full scale. Same
as with an analog meter, the 0 dB point represents a reference mark (target level). 20, 14 &
12 describes the headroom above the 0 dB mark of the corresponding scale. The meters
are intended to show both average (e.g. RMS) and sample peak level on one scale. Full
scale is at the top of each meter (at +20, +14 or +12 dB).

THE K-System:
LOUDNESS AND HEADROOM-BASED
0 dB always equals 83 dBC SPL with pink noise on each K/RMS meter
Hot shown: Detailed 1 and 172 dB increments or portions of scale below -24 df

+1
+ 8
4

+1

+ 8
B
+
0 83
0 83
- 4
- 4
-8
-8
=12
-12
-8 -16
-16
=12 -20
-20
-16 -24
-24 K-12/RMS
-20 K-14/RMS B
roadcast
-2 Home Theatre 12 dB HR
K-20/RMS "Pop” Music
Large Theatre 14dB HR
"Daring” Home Theatre
Wide-range Music ) .
20 dB HR over 83 Picture:  www.digido.com
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Using the scales

The use of K-System metering implies that you calibrate your monitor gain to 83
dB(C)SPL for pink noise showing 0 dB on the K-scale. When switching from K-20 to K-14
for example, you will have to attenuate your monitor gain by 6 dB — in order to have the same
sound pressure level at the 0 dB position.

That means: once your sound system is calibrated according to the K-System, all you have
to do is to adjust the monitor gain (for example +/-6 dB) when switching to another K-scale.
The result is a reproducible monitor level for different styles or kinds of audio productions
you work with.

As the K-System provides sufficient headroom, you won't have to worry much about digital
clipping. It enables you to judge the loudness by your ears, and, to a certain degree, ignore
the meter — concentrating solely on the music.
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EBU R-128

CcO
~”

The problem of major loudness differences in and among different programs and
channels (Radio/TV) led the EBU (European Broadcasting Union) to recommend a new
audio-leveling method for broadcast - based on perceived loudness. It is published &
described in a document called EBU R-128.

Background

The PPM-standard that exists today only takes into consideration the (quasi) peak values
of audio signals. As these values do not reflect perceived loudness, programs with the
same peak level may be considerably different in terms of loudness - due to the sometimes
extensive use of compression and limiting. This forces the viewer or listener to adjust the
volume or even to mute sound during advertising breaks or at the transition from a movie to
a trailer, for example.

The aim of the EBU is to introduce a new metering standard - combined with a specified
target loudness - that leads to overall consistency of perceived loudness in Radio & TV.
The basis of EBU R-128 is a technical document called ITU-R BS. 1770 — which defines the
algorithms to measure loudness & true-peak level.

Picture: EB

Peaks

Loudness 'Vm

Level [dBFS, LUFS]

| Time {s)
Peak Loudness
normalisation normalisation

Details
EBU R-128 specifies three new parameters to describe program material:

e Program Loudness
e Loudness Range
e True Peak Level

In addition, a target level for program loudness and maximum true peak level are defined,
which all programs should be normalized to. The actual program loudness (in LUFS) shall
be indicated in metadata of the audio file.

PG-AMM Manual - 46 -


http://tech.ebu.ch/docs/r/r128.pdf
http://www.itu.int/dms_pubrec/itu-r/rec/bs/R-REC-BS.1770-0-200607-S!!PDF-E.pdf
http://tech.ebu.ch/docs/techreview/trev_2010-Q3_loudness_Camerer.pdf

mmﬁm <47

Program Loudness:

Program Loudness describes perceived loudness of a program (movie, trailer,
commercial...) in its entirety. Therefore an integrated long-term measurement (EBU-I) is
used. A gate is applied so that low-level passages do not affect the result of the
measurement - as they would falsify the result.

Program Loudness is described in LUFS (loudness units relative to digital full scale). EBU
R-128 specifies a target level of -23 LUFS. Deviations of +/- 1 LU are tolerated for
programs with levels that are often not predictable (e.g. live programs).

Loudness Range:

Loudness Range (LRA) describes the variation/distribution of loudness within a program.
The measurement excludes extremes (e.g. a single gunshot). LRA is a clue for dynamic
compression that has been or has to be made.

EBU R-128 does not specify a maximum or minimum LRA, as it may vary depending on
the genre of the program. Yet the EBU encourages to use this parameter to adjust the
dynamic or loudness range according to the intended use of the material. LRA is described
in LU. Highly dynamic material might have a LRA of approximately 20 LU, for example.

True Peak Level:

True Peak Level is used to describe the 'true peaks' of an audio signal. Contrary to a quasi
peak program meter (QPPM) or a sample peak program meter (SPPM), a true peak meter
uses oversampling in order to display the inter-sample peaks of a waveform. Usually,
4-times oversampling is applied.

EBU R-128 recommends a maximum true peak level of -1 dBTP.

Measurement of loudness - the tree time scales

Loudness meters that implemented 'EBU Mode' can display loudness in up to three
different ways - according to three different time scales (window lengths / integration
times):
« momentary loudness (EBU-M) — window length: 0.4 s
« short-term loudness (EBU-S) — window length: 3 s
+ integrated loudness (EBU-I) — long-term integrated loudness measurement using a
gating function, from beginning to end of a program

The following instruments in PG-AMM have implemented 'EBU Mode':

« LDN Meter (EBU-M & EBU-S)
- EBU Loudness (EBU-M & EBU-S)
« EBU Integrated (EBU-I, EBU-S & LRA)

Note that the loudness range (“Range”) displayed by EBU Loudness meter does not
comply with the specifications of EBU R-128 - so do not confuse it with LRA.
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Using PG-AMM in Audio-Production & -
Postproduction

Using PG-AMM during stereo mastering

The most important measurement tools you possess are your ears. Combined with lots of
experience, selected gear & a well balanced mixdown, a great sounding master can be
achieved. PG-AMM helps you on that way - and might even reveal problems that you
wouldn't have noticed without the metering system.

Preparation

The first thing to do before starting a (pre-)mastering project might be to set up a workspace
containing all instruments you need to control the program material. These are at least:
correlation, gonio meter, ppm and fft analyzer. We recommend activating “true peak” so
that you can see whether there are digital overs that one wouldn't notice using a sppm or
gppm. For loudness matching, it is very helpful to use a loudness meter, too. This can be
the LDN meter or EBU Loudness, for example.

Think about a possible target loudness of your mastering project - depending on the style of
the material and the client’s demand. Besides EBU Loudness meter, using the K-System
is a good method for this purpose.

A workspace suitable for mastering might look like this:
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Mastering

When starting mastering, the first thing to do is usually to listen through the complete audio
material that is to be mastered. At this stage, it might be better not to look at PG-AMM (turn
your display off, for example) but to have it running in the background. By that you can judge
the sound of the material by your ears only - and afterwards be able to see if there are digital
overs which you probably have not noticed before.

During mastering, pay attention to the lower frequency range that your monitor system might
not reproduce. Levels that are musically not relevant (e.g. below 20 Hz) can be attenuated
by using a hi-pass filter. The FFT analyzer also reveals DC offset.

If your master needs to be compatible to mono playback, make sure the phase correlation
is within an acceptable range. Final judgment is made by switching your monitor system to
mono (sum of L+R).

When performing dynamic compression, take a look at the difference between average and
peak level (e.g. VU/sppm). The more compression is applied, the less the difference will be.
Keep in mind that too much compression can lead to less punch combined with audible gain
changes (‘pumping'). The amount of compression depends on the style of the program
material, of course.

If the mastered signal exceeds 0 dBFS, you will need to apply a peak limiter at the end of
your mastering chain.

When mastering is done, listen carefully through the whole material again. Besides great
sound, there should be no digital overs or musically irrelevant low frequency levels. To make
sure this is the case, look at the ppm and the FFT analyzer.

Loudness matching

If you want different titles to |k
be more or less at the @
same loudness level, it can
be helpful to use LDN
meter or EBU Loudness in
addition to your ears. If
using EBU Loudness, you
have the possibility to set a
target loudness with a 'cool
range' around it.

The example shows EBU p—
Loudness with a target = o 15
loudness of -15 LUFS. You 247D .

can use the 0 dB mark as
orientation. This loudness
suits well for a quite
dynamic pop production.

Range dB

9 . 0 :‘;:[t s F.:u 1I

PG-AMM Manual - 49 -



<50

mﬁm

reveals that there are no levels above about 15 kHz (data reduced), and that there's
musically irrelevant level below 30 Hz. If your client offers you this kind of material, ask him

to send you a new file without these problems. If it is not available, you'll have to apply a

hi-pass filter at least.

The example below shows data reduced audio material with DC offset. FFT analyzer

Problematic audio material
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Workspace example
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Disclaimer

The information in this manual is subject to change without notice and does not represent
a guarantee or commitment on behalf of PINGUIN in any way. PINGUIN does not accept
responsibility for any misleading or incorrect information within this manual. All updates
and additional information can be found at www.masterpinguin.de. The software is
provided to you under the terms of the End User License Agreement. No part of this
manual may be copied in any form without the written consent of PINGUIN.

Pinguin End User License Agreement

IMPORTANT By installing this software, you are consenting to be bound by this License
Agreement. If you do not agree to the terms of the License Agreement, please delete the
Software. This Pinguin software (“Software”) is owned by Ingenieurbiro Pinguin. The user
shall not disassemble, reverse engineer, modify, decompile, or otherwise abuse the
intended purpose under this License Agreement.

TERM This License is effective until terminated. You may terminate it at any time by
destroying the Software, together with all copies thereof. This License will also terminate if
you fail to comply with any term or condition of this Agreement. Upon such termination, you
agree to destroy the Software, together with all copies thereof.

DISCLAIMER OF WARRANTIES The Software is supplied “AS IS”. Pinguin disclaims all
warranties, expressed or implied, including, without limitation, the warranties of
merchantability and of fitness for any purpose. The user must assume the entire risk of using
the Software.

COPYRIGHT/OWNERSHIP This Software and its source code are proprietary products of
Pinguin and are protected by copyright and other intellectual property laws. The Software is
licensed and not sold. You acquire only the right to use the Software and do not acquire any
rights, express or implied, in the Software other than those specified in this License.

Bramfelder Str. 76

D-22305 Hamburg

Fon +49-40-690 10 26
Fax +49-40-632 707 46

www.masterpinquin.de

info@masterpinquin.de

24/10/14 — PG-AMM 2.2.xxx
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