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1. Introduction

Phonexia Speech Intelligence Resolver (SIR) combines the power of speech technologies to single
application. The application automatically performs visualization of record as well as effective filtration
of speech metadata uncovered from your records.

Speech technologies implemented:

Phonexia Speaker Identification (SID2)
Phonexia Language Identification (LID2)
Phonexia Gender identification (GID)
Phonexia Voice Activity Detection (VAD)
Phonexia Speaker Diarization (DIAR)
Phonexia Keyword Spotting (KWS)
Phonexia Speech Quality Estimator (SQE)
Phonexia Speech Transcription (STT)

SIR is a client application cooperating with REST servers. It's possible to use it as a standalone
application due to integrated local REST server. It was developed to use unique speech technologies
so you can get valuable information from the content of your calls.
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Typical Use-Cases

Searching a target speaker in a large number of audio recordings

Audio preparation for high quality voiceprint for future speaker searches

Quick and advanced analysis of audio archive by metadata extraction from speech
New monitored channels analysis for proper setting of speech technologies

Technical Requirements

Recommended hardware:

» for desktop installation of SIR with SID2_L, LID2_L, GID, VAD, SQE, DIAR L:
2,6GHz CPU with 4 physical cores available, 8GB RAM (or better)

» for client-server installation:
o client (SIR) recommended:
2GHz CPU single core or better, 1GB RAM
o server (REST) with with SID2_L, LID2_L, GID, VAD, DIAR:
2,6GHz CPU with 4 cores available, 8GB RAM (or better)
(multi-core processing multiplies processing capacity)

Available platforms:
e for desktop installation of SIR: Windows 64bit (x86_64) and Linux 64bit (x86_64)
e for client-server installation:

o client: Windows 32bit (x86) or 64bit (x86_64) or Linux 32bit (x86) or 64bit (x86_64)
o server: Windows 64bit (x86_64) and Linux 64bit (x86_64)

2. Quick Start Guide
Installation (first start)

To install and run the application, follow these three easy steps:

1. Unpack the archive

2. Copy a license file (obtained during registration and download) to the program’s root directory
(e.g. next to SIR.exe for Windows)

3. Run SIR / SIR.exe

Update

To update the application, follow these three easy steps:

1. Backup your current installation of SIR (e.g. pack the whole SIR directory and storage to ZIP)

2. Unpack the archive (you should use the latest version of SIR X.Y.Z, where the X should be the
same version as you have already installed)

3. Reuwrite all the files in folder where SIR application already installed

4. RunSIR / SIR.exe

5. All results will be updated while you click “Start” button.
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3. Using the Application - Features

Running SIR / SIR.exe, the application will be initialized. In case of desktop installation of SIR, the
initialization time depends on HW of your computer.

Main features of SIR application:

¢ Phonexia speech technologies
(see. "Introduction" above, for details see technical papers of each technology).
» Filter for easy search in the results list
* Possibility to adjust dynamic range of result scores
e Speech files in MS Wave format
¢ The minimal length of voice records for detection is 10 s (default)

The graphical user interface consist of several main parts. For a better orientation we named particular
sections of application as follows:

@ speech Intelligence Resolver - 12.12 fo

File Edit View Help

e[| *[wle @ Q 2P 9
Start Stop | | Speaker | Language | Gender | Diarization | Keyword Spotting | | Add Files Settings  Filtering

Sources & X Results & X
4 M Localhost File name Filesize  Channel Date Quality  Speskerscore  Likelihoodratic  Gender  Speechlength  Record length Language
b example 2552015 me= English |=
» 1) eempleR david_2wav 610.98 kB 1 Toonay D% 99.99 (david) 1936 J 8183 0:00:24 0:00:39 [ =i
> [ example-SpeechEnhancement || gayig 1 ay 480.67 kB 1 iéﬁ; O nB% 99.99 (david) 18.56 d 8136 0:0018 0:00:30 B i’r‘g!;’:‘an
julia_2.wav 625.51 kB 1 %55525-0‘1105 On% 99.99 (Julia) 17.97 Q 5798 0:00:31 0:00:40 B i’g!;*{‘an
2552015 m= English
kelly_julia.wav 926,61 kB 2 Tooan D% 99.96 (Julia) 1575 2 5238 0:00:23 w0 B MR
1 julia_Lwav 2 46332 kB 1 %55525-0‘1105 O n% 99.96 (Julia) 1575 Q@ 5240 0:00:23 0:00:29 B= i’r‘:!:t‘an
942,95 kB 97.07 (Julia) —— Americanjid
< | . | r
o0 0 Speaker: group_for_case_1234 Calbration set: not selected Language pack: Default  Keyword lst: KWS_EN_Example speech: 0:00:40 record: 0:01:00 1 /30 Item(s)
Waveform Editor 8 x
david_jia_mono.wav (3 | david_2wav [ | ©
HBO%[FrEOSACR 0000 - LkEWE
(stence | 1 | 1 2 sience 2 sience] 2 [sience| 2 C 2 sience] 2
[ o] sience voice | [voce [ stence sience |_voice | |_voice sience voice silence voice | silence [ veice voice sience] vice
1= £ =2 3 - g3 8% ; = . i B = :
34 5 % 15 = T e = k= = -
174 |
—— = = Toie = Ty FraT e
T T T T T T T T T T T T T T T T T T T T
00:22 00:24 00:26 00:28 00:30 00:32 00:34 00:36 00:38 00:40
Localhost:example/david_julia_mona.wav  8000Hz 1 channel(s) (0:00:21,913 - 0:00:40.814)  0:00:00,000 f 0:01:00,409 ‘

Speaker Models |  Speaker Calibration Sets | Language models | Keyword Spotting | waveform Editor

] D 00:00 / 00:00
1. Sources View

The “Sources view" displays folder structure of particular servers (only names of folders). There is
a “Localhost” item (only in case you obtained SIR with REST server). Through the localhost
server you have an access to the local folder (it is possible to change it in “Settings” in the “REST
server” tab). Using the buttons below or by context menu you may:

¢ Create a new server / folder
¢ Delete selected server / folder
* Edit selected server

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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2. Results View

The table includes files from the folder chosen in the “Sources view" and the results of all applied
technologies. Its possible to show or hide certain columns by right clicking on the heading of
whichever column. You can also shift the columns or sort the files by particular column. After right
clicking on the selected record(s) you can:

w

Play the record (CTRL+P)

Delete file(s) — or press the ,Del” key
Open in wave editor (F2)

Open with VAD segmentation
Download file(s) (CTRL+D)
Download all files

Upload new file(s)

Export selection

Export all

Show file information (CTRL+I)

. Technologies View

Waveform Editor - The table allows user to work with audio (e.g. open/save/edit/paste/delete
audio, record, play (all / selection / in a loop), zoom in/out) and work with panels (show/hide).
Details are described below.

Speaker Models View (List of Speakers) - The table includes speaker groups and models of
the speakers on the server and determines which speaker model (or group) is actually used
for testing. Details are described below.

Speaker Calibration Set - The table allows user to enter/import calibration set. This can be
used for a calibrate speaker identification results for a specific value of maximum false alarms.

Language Models View (List of Languages) - The table includes the language packs from
the server and allows to select a certain pack intended for testing using the checkbox. Details
are described below.

Keyword Spotting View (List(s) of Keywords) - The table includes the lists of keywords and
pronunciations. packs from the server and allows to select a certain pack intended for testing
using the checkbox. Details are described below.

a) First step — Storage Setting

You should define the storage path first in a setting (séfgs) > “REST server . Default storage path is
“REST/storage” located in the folder with SIR. In the folder server expects to find the user records. To
change storage path for REST server use the “Settings” button and the “REST server” tab. Click on
the three dots button and choose a folder which contains the records. Details are described in section

Setting below.

. . . i « ” Qi Speech Intelligence Resolver Settings [
This folder will be accessible via “Localhost . g‘ .
item in a “Sources view” and its content is ‘f_":’il{{fgf' RTSTIh =
displayed in a “Results view"”: B =)
Port number: 8800 [+ First connection timeout: 80s |+
User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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Sources & X Results 8 x
4 M Localhost File name File size Channel Date Speakerscore  Likelihoodratio  Gender  Speechlength  Record length language  Llanguagescore
example
@ P david_2wav 610,98 kB 1 252201516:50:15 99,99 (david) 19,36 J 8183 0:00:24 ofoze = Englkh 94,28 [
> 5 serverl American L
david_1.wav 480,67 kB 1 25.2.201516:50:15 99,99 (david) 18,56 d 81,36 0:0018 0:00:30 L = i’g!:’:an 87,40 [
kelly_2.wav 553,95 kB 1 25.2.201516:50:15 99,99 (kelly) 17,85 ? 60,15 0:00:30 0:00:35 == i’:f!;’(‘an 85,16 ¢
kelly_Lwav 404,42 kB 1 252201516:50:15 99,92 (kelly) 14,34 Q 5135 0:00:18 o0y EE i’r‘f!:':an 55,00 ¢
kelly_julia.wav 926,61 kB 1 252201516:50:15 99,92 (kelly) 14,34 Q@ 5136 0:00:18 0:00:29 T i’:f!i‘an 58,14 [
david_juliz_monowav 943,95 kB 1 25.2.201516:50:15 93,91 (david) 547 d 6348 0:00:40 0:01:00 - i’g!;*{‘an 62,53 ¢
8_turk.wav 735,82 kB 1 2522015165004 32,27 (kelly) 148 2 60,76 0:00:41 0:00:47 Turkish 98,15 [
o PR 1 RIIMSIREAAS 9528 detha 218 O <10s non nonan = English e a~
< it »
(+ 3 x ] Speaker: all  Calbration set: not selected  Language pack: Default  Keyword list: Keywor_List_1 21 Item(s)

b) List of Speaker Models and Speaker Groups

The list of speaker models is shown in Speaker models tab. Each speaker model includes audio files
and information about their size, length and speech length. In the row with the speaker’s name there
are visible total values about all included records. Operations on more items are available only if items
of the same type are selected (models OR files). Details for selected speaker model will appear on

right side.

Speaker Models

Name File size Date Speech length Record length
> [ W Julia 1.06 MB 0:00:54 0:01:09
- D % Radimk 177 MB 0:01:16 0:01:55
@ Radim2.wav B67.40 kB 8.4.2015 23:17:40  0:00:39 0:00:55
@ radiml.wav 94215 kB 8.4.2015 23:09:27  0:00:36 0:01:00
> 1% all(3)
> [C] 0 david 1.07 MB 0:00:43 0:01:09
4 71 % group_for_case_1234(3)
. Julia 1.06 MB 0:00:54 0:01:09
% RadimK 177 MB 0:01:16 0:01:35
® david 1.07 MB 0:00:43 0:01:09

Speaker Models | Langusge models | Keyword Spotting | Waveform Editor

User can:
¢ Add new speaker model / group
e Show speaker models / groups
e Add more files to an existing model
e Delete a speaker model / file
e Download a model’s record
e Play a model’s record
* Filter speakers by Name

Hint: You can edit metadata of the speaker by
double-click on speaker name.

Hint: You can add / delete speaker to/from
speaker group by double-click on speaker
group name.

R
o RadimK
Meta information
Date of Birth: 1.1.1977
Name: Radim K
[*2)] Filter i‘j
G Add new speaker madel |2 [
Model name:
s
Fies
n/dema-presentoce/SIR/SIR-S-gui-11.20-devel-winb4/ exampleijulia_Lwav | )
/e preartace/SR/SR-- 1.1 20-deve i exemple i Lo | g
i
i i )
Metadata
Name Value -l
|| |Dateof Birth 111983 ElE]
Ethnicity  CZE o
|| |Gender femal -

You can import model(s) (right click > “import model(s)), if you created already voice-prints by
Phonexia Speaker Identification technology. The data need to be in specific folder structure, where
folder name will be used for speaker model name. The folder should contain at least voice-print file.

If you want to use speaker identification, it is necessary to create a speaker model(s) first.

Go to the “Speaker Models view” than click
on the green “Add new speaker* button.

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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You will get an “Add new speaker* dialog box.

You must specify the model name and add one or more records of his voice using the green button.
You can also fill in some metadata about the speaker. The table is editable, so it is possible to add and
delete the rows.

For faster processing you can group created speaker models into speaker groups using “Add new
speaker group* button.

Using the buttons “Show speaker models” and “Show speaker group® you can affect which models
will be visible.

Hint: One or several voiceprint(s) can be automatically imported by right-click at “Speaker view”
and option “Import model(s)”.

d) List of Language Models

Language models
a Default (54)

The list of language models is shown in Language models tab. 2?@:&?“
The default Language pack contains 54 languages. The == Amharic
language identification is done on selected language pack. gira:-icimqi ;
.. @) Arabic MSA
The REST server administrator can add more language packs EW Azerbaijani
and/or add languages for language identification. This requires BN Bangla Bengali
Kl Bosnian

technical knowledge — please contact Phonexia representative
for additional information.

ks Burmese

E3 Cantonese

@) Creole

= Croatian

b Czech

B Dari

B2 Enalish American
Speaker Models Language models

e) List of Keywords

It is required to prepare a list of keywords or phrases first.

The keyword list can be created by right click in the
“Keyword Spotting View” and using “Add new keyword

Keyword Spotting

list”. .
Mame
. . W i
The new keyword/phrase can be added by right click on et :
the name of keyword list and using “Add new keyword blacklihst
into list”. blaekhlihst
4 [J] bringit 1
i brihngit
When keyword added (phrase should be added without + [lgoodmoming iy
space character(s)), the pronunciation is generated guhdmaornihng
automatically. User can even add several pronunciations ‘ Sa”c::g: ornihng (1 osbie
for one keyword/phrase or change pronunciation by p aekihjh
doubleclick. Only the active pronunciation variants are paekihng B
searched. pekihjh
> [[] Keyword_List_2 1
> [ Keyword_List_3 ?

The new keyword/phrase can be added by right click on
the name of “. keyword list and using “Add new keyword
into list

| Speaker Models Language models | Keyword Spotting I_

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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f) Processing Audios

1. Select a folder of records in “Sources view*. You can see the list of included files in “Results
view“. You can use filtering to test only some of your files.
2. You can add files to Results view using or Drag&Drop functionality or button “Upload Files”
in the main toolbar.
3. Select a technology/technologies in the main toolbar — Speaker / Language / Gender
identification / Diarization / Keyword Spotting.
4. For Speaker identification, select a speaker in “Speaker Models view*
5. For Language identification, select a language pack in “Language Models view*
6. For Keyword Spotting, select a list of keywords in “Keyword Spotting view*
7. Start testing using the green “Start“ button in the toolbar (you can see progress in status bar
at the bottom of the window).
8. The results will appear in “Results view" for each active technology.
g) Results
After right clicking on a selected item (audio file) in the “Results [0 v Ctlep
view” you can see several options of content menu. © Dektefie Del
“File informations” (Ctrl+l) can appear on right side. |@ S '
@) Open inwave editor F2
®  Open with diarization result
The following information can appear after left double-click on 1@ Open with keyword speting resul
specific value of requested item (audio file) in particular tabs: ST AP AT
€9 Download file(s) Ctrl+D
*  Waveform (in Waveform View) after left double click on File 1@ Download allfiles
name / File size / Channel / Speech length / Record length. _g 2::”‘::3 e i
¢ GID results after left double click on Gender. Addmeta info
kel Export results for selection
e SID results after double-click on Speaker score / Likelihood =) a(:mnresuns
ratio. @  Showfileinformation Cti+I

SQE results after left double click on Quality score.

LID results after left double click on Language / Language
score.

DIAR results after left double click on Diarization. The results are shown in Waveform Editor
as through Diarization label panel (see Waveform section below).

KWS results after left double click on Keyword Spotting. The results are shown in Waveform
Editor as through Keyword Spotting label panel (see Waveform section below).

Quality information after left double click on Quality. The quality in Results view is shown in
percentage. If the number is higher than 70% the quality is good, if it is lower than 30% it
means very bad quality. It is important to be aware of the fact that the technological quality is
not the same like audible quality.

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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p2S g SO
Results & X File informations g x
File name File size Channel Date Spsakér score Likelihood ratio Gender Speech length  Record lengl *
File name: david_julia_mono.wav
david_2wav 610,98 kB 1 252.201516:50:15 99,99 (david) 19,36 d 8183 0:00:24 0:00:39 Channel: 1
david_Lwav 480,67 kB 1 2522015165015 99,99 (david) 18,56 J' 81,36 0:00:18 0:0030 e CEEIlE
| 4 File date: 25.2.2015 16:50:15
kelly_2.wav 553,95 kB 1 25.2.2015 16:50:15 99,99 (kelly) 17,85 2 80,15 0:00:30 0:00:35 File channel count: 1
Record length: 0:01:00:410
kelly_Lwav 404,42 kB 1 252200516:50:15 99,92 (kelly) 1434 Q 5135 0:00:18 0:00:25 seardieng
Speech length: 0:00:40:970
kelly_julia.wav 926,61 kB 1 25.2.2015 16:50:15 99,92 (kelly) 14,34 9 5136 0:00:18 0:00:29 Type: Wave
e ] Format: lin18
david_julia_meno.wav 94395 kB 25.2.201516:50:15 93,91 (dawid) FarmreE 3000
8_turk.wav 735,82 kB 1 25.2.2015 16:50:14 32,27 (kelly) -1.48 9 60,76 0:00:41 0:00:47
inlia P /2551 LR 1 257 95 1AENAS 5 35 (Lalh _21R O s70m n.on.21 nonan T
4| m 5
Speaker: all Calibration set: not selected Language pack: Default Keyword list: Keyword_List_1 1/ 21 Item(s) ¢ 0, k

The graphs in the SID or LID results information tabs you can zoom in or out with mouse scroll or drag

and

move them. Don’t forget that it shows the results only for the models which have been already

tested.

Speaker Identification Results

SID result informations a8 x
File name: kelly_julia.wav
Chamnel: 1 w
Calibration set:
Model name Score[%] | Likelihood ratio S
kelly 999231 143302 % ©
david 0.0167272 173014 g®
30
15
o
%, %y,
[ Speaker Models | Langusge models | Keyword Spotting | Waveform Editor | 10 result [ LD readt ]

The speaker score can be found in SID results tab. There are two metrics:

Percentage score (probability of speaker in percentage)

Even the likelihood ratio is the primary metrics, our system recalculate it to percentage metric for
easy understanding. The log-likelihood score is converted to the interval between 0 and 100%
through “Speaker score sharpness”. It can be adjusted in setting tab.

* 100% — the system is sure that it is the speaker
*  50% — the system is not sure
* 0% - the system is sure that it is not the speaker

Likelihood ratio (raw score)

A likelihood ratio is metrics used by forensic experts. The system trains a model of the speaker's
voice. Internally it also uses a world model (trained on the voices of several thousand speakers).
During scoring, the system first evaluates how close the record is to the model of the speaker (its
"proximity"), and how close it is to the model of the world. The likelihood ratio for the speaker and
world is then evaluated. This ratio gives the record's proximity to the speaker model divided by its
proximity to the world model. The logarithm of this score is taken before saving it. If the likelihood
ratio is not visible in the list of tested records, it can be added by right click to the headers of
columns.

* a high number means that the system is sure that it is the speaker
* zero means that the system is not sure

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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* a high negative number means that the system is sure

that it is not the speaker e o c
File name: julia_2.wav
Channel: 1
Score: 74.18 %
Clipped length: 0.00 s

Speech Quality Estimator Results

Clipping treshold: 31,129
Quality of audio is summarized to final score in percentage Length: 40,055
metric. The results lower than 30% are marked with red icon Max absolute value: 28,028
for warning. The results better than 70% are marked with Max value: 25,023
green icon. The details of speech quality can be achieved Mean: -6.60
with double-left-click on item in Quality column. Min absolute value: 0
Min value: -21,884
Mumber of bits: 7.91
Mumber of levels: 241
Sample frequency: 8,000.00 Hz
SNR.: 29,00 dB
Filtered length: 0.60 s
Silence length: 3445

Gender Identification Results Technical signal length: 0.53 <

Female / Male percentage score and Female / Male raw
score can be found on right side. The raw score is
converted to the interval between 0 and 100% (percentage
score) through “Gender score sharpness”. It can be
adjusted in setting tab.

GID result informations g X
File name: david_2.wav
Channel: 1

Male '

Gender:

Female score: 18,1681
Female raw score: -107,502
Male score: 81,8319
Male raw score: -105,997

Language Identification Results

The Language percentage score and Likelihood ratio score can be found in LID results tab. The
sum of percentage score for all active language models gives 100%.

LID resuilt informations 8 x

File name: david_2wav
Channel: 1 %0

Name Score [%] Likelihood ratic - s
4 Default E 7 60
== English American 94.2802 -0.0588986 E‘ 45
= German 145778 422825 g
B3 English British 0723713 -4.91481 30
= Hindi 0.542184 521732 15
BB Portuguese 0.509914 -5.27868 ) . : ; : : : : : :
Urdu 036919 -5.60161 A A
M Albznizn 0.289501 584445 Q%, ®n, 6%, ", g, % 4’%% ’gé"% %, %%, P‘%, %".ys
I Spanish 0.260878 -5.94887 T, R &£ ? i i
= Poland 0470375 637492 L 5, ’

Speaker Models | Language models | Keyword Spotting | Waveform Editor | SID LID res. ‘

Filtering Results

To search in the files in “Results view", click on the “Filtering® button in the toolbar.
You will get the “Filter Dialog“ box appears so you can set the filter rules.

If any filter rule is set, you can see only items corresponding to all of active rules in the Results
view. An active filter is notified by green borderline on edges of Results View.

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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You may: [ @ Fitter Dialog [P
e Create a rule — use the green button Filter Rule
to add it to the “Active Filter Rules” -] Creep €9

Save current filter rules to file
Load previously saved file with filter rules

Active Filter Rules

. o,
¢ Delete all filter rules
e Set filter rule as regular expression
i File name
File size -
: . | Channel H
After selecting particular rule: Date
Quality
. Speaker score @
* Delete selected filter rule (by red button) L |Likelihood ratio |
: . Gender
e Edit selec;ted filter rule (by orange button or Speech length |
double-click on rule) \o————— |Recordlength —_—
Language
Language score
Diarization
Keyword Spotting
h) Settings
rﬁk Speech Intelligence Resolver Settings @lﬂ

The system can be configured by clicking on
the “Settings” button.

In the “General” tab you can adjust: M. bocking perations: |10 :

General | Scoring | RESTserver | MewFies | Sound |

Network

Pending retry time: 500 =) mS

Max. blocking operations -
Maximum of simultaneously sent

Metwork timeout: 30 salil]

blocking operations. Blocking e

operations are testing and remove D
operations. High value may cause [ sientmoce

server overload, recommended is 10. | B e dacs

Minimum speech length: 105 |5

Pending retry time - Defines how
often the application tries to send I |
requests for pending operations (e.g. = || )
request for testing results). Higher L

value decreases server load but may

cause slower response.

Network timeout - Time when the connection is deemed to be lost.

Language — Language of application. If you select "System", the default language is used if
available, otherwise English is selected. The language change will appear after the application
restart.

Silent mode — Do not show any information, warning or error dialogs (all messages are visible
in Error Console tab).

Use VAD for retrieve speech length — If the speech length is not't interesting for you, don’t
use it, because it takes some time.

Minimum speech length — this option gives minimum limit for net speech for processing. If
the net speech is lower, the results are not shown. We strongly recommend to use 9 sec of
net speech as minimum.

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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The “Scoring“ tab adjusts the score to a
particular task.

For example if you feel like having too many
scores with 100%, it is possible to decrease
the “Speaker score sharpness” and non-
linearly map the scores closer to 50%.

A similar option “Gender score sharpness*
is available for the gender identification. In
some cases, the technology favors one
gender over the other. For example, the
female voices have higher fundamental
frequency that can be more affected by the
transmission channel. This can be corrected
by the “Gender balance”.

@y Speech Intelligence Resolver Settings (9 [
General | Scoring | RESTserver | NewFies | Sound |
Speaker score sharpness
s 0.50 =
Gender score sharpness
] 100 [£
Gender balance
500 & 5 500 [+
Femdle  100% 0% 100% Male
L
Diarization
[7] Use exact number of speakers
I Maximum speakers: 6 |% Total speakers: |2 |
) i (i)

The “Diarization” adjusts the number of speakers in diarization. You can set maximum number of
speakers (technology index audio for up to this maximum) or total number (technology use this
amount of speakers, used for older version of diarization). We recommend to set "Maximum

speakers" = 2 for phone calls.

The “REST server” tab adjusts:

e Enable / disable running REST server
on localhost. If localhost REST server is
disabled, local directories will not be
accessible.

e Storage path for REST server. This
folder will be accessible via “Localhost”
item in “Sources view”.

¢ Port on which server will run.

e Enable / disable audio converter
You can use some of the free availbale
audio converters such as SOX,
FFMPEG etc. Installation is easy -

example for FFMPEG:
o Download tool from some of the
sourcepages (eg.

http://ffmpeg.zeranoe.com/builds/
(use static package . eg. FFmpeg
git-* 64-bit Static)

o Unpack it on your HDD (eg. To SIR
folder)

@ Speech Intelligence Resalver Settings =)
General | Scoring | RESTserver | NewFies | Sound
Enable REST server on localhost
Storage path: . Jstoragef )
Port number: 8600 [+ First connection timeout: 80s =
Enable audio converter
Command: 1.2 14-devel/Fmpeg-win4/bin/Fmpeg. exe -v waming -nostdin -y 4 %1 %2
humber of Instances
e 2 =] conte
Speaker: 1 <] Extract config:
Ecractclb cori:
Compare confi
Calbrate config:
e . ] conf:
vao: 2 ] ot
Diarization: 1 +| Config:
Keyword spotting: 1 < Config: config_english -
Quality estimator: 1 =] Config:
o) ome ||

o Goto SIR > menu Setting > REST server tab

o Click “Configure” button

o Select where the FFMPEG (EXE file) is installed. When SIR test the FFMPEG by reading
parameters automatically, confirm OK. SIR will add command automatically.

* Number of gender / speaker / language identification instances which run on REST server.
More instances speed up testing, but need more resources.
* Number of voice activity detector (VAD) and Speech Quality Estimator (SQE) instances which

run on REST server.

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14

www.phonexia.com, tel.: +420 511 205 265, info@phonexia.com

12



(85 © User Manual
Phonesino \_ -Speech Intelligence Resolver (SIR)

e Configuration files for technologies. Version (I / s / 0) of SID extractor configuration must be
the same as comparator configuration.

To apply changes user can restart server by "Restart server" button. Otherwise the changes will be
applied after the restart of the application.

The “New Files” tab allows user to set:

¢ What technologies should be processed automatically after the new file upload

¢ What technologies should be processed automatically when local file is opened in Waveform
Editor.

The “Sound” tab adjusts the output device.

@ Speech Intelligence Resolver Settings _ — BB @ Speech Inteligence Resolver Settings - (.7 [
| General | Scoring | RESTserver | NewFiles | sound | [ General | scoring | RESTserver | NewFies | Sound |
Automaticaly run these technologies after upload new fie sound architzcuure: [WVE -
GID Outputdevice:  [Speakers (Conexant 20672 SmartA -
s
a Input device: [1nternal Microphane (Conexant 2 -]
[Eup
[] Diarization

[] Keyword spotting

Automaticaly run these technologies when open local file in waveform editor
& vAD
@ Diarization

@) Mone

5] [Cemes ) [ & (o) [

i) Waveform Editor

Waveform Editor

F X
david_julia_mono.wav
ES0%erEOT AQQ(00 00|/ = lLEEEE
OGN IGC I COMMMG OV 00 ) (iR (o S -, 0
0: ) they about :

0:00:21 ... and uh

0:00:23 ... they had a big yeah they only wanted o —

il

kb i | : : ‘
= z = z = 0:00:26 ... uh
: . P‘f e A (1 v 0:00:27 ... inbrazi any
A A e [ Wi d { ™

‘\rq”" “V'n“,‘h\"f"‘u‘h\n\ N"NW.[I |‘N ﬂ M ‘lﬁ'ﬁlf"l’mwm‘[\ﬂlﬂr\ i l\.mm ﬁl‘ mm |’W|‘ \ ‘N{ ﬁ(‘\ I ﬁf LN T f“‘l‘\ r rv‘fmf | 0:00:28 machne.. s e cango o

! y N e \ |’ H ' 0:00:34 ... okay | want to cal you and give you and
uh they know was going on |

0:00:38 ... now they're not gaing to distribute is =

probibly ke they're talking about it gonna be for to the
educational system
0:00:45 ... and what they're doing is trying to do with
study of human boys and all that kind of st 5o
0:00:51 ... you know its a

0:00:52 ... right i say i got thirty minutes

+ o RS TY ™ » Y A 0:00:54 .. and theyllet me no one of thirty minutes
— T T T T T T T e T | = - is dimostuh
00:00 00:10 00:20 00:30 00:40 00:50 01:00 0:00:58 ... well that of those know -

Localhost: fexampie fdavid_julia_mono.wav 8000 Hz 1 channel(s) (0:00:16.040 - 0:00:20.320) 0:00:00.000 / 0:01:00.409

Speaker Modek | Langusgemodels | Keyword Spofting | Waveform Editor | SID resuitinformaton | LID resuitinformation

With a waveform editor you can easily manage your records using several features.

@ You can open a local file with ,Open record file” button . You can open records from:
* alocal file (CTRL+O)

» from the REST server (in the Test view, by right clicking on particular file)

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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¢ with diarization results (in the Test view, by right clicking on particular file), which mark

one speaker off another and also voice off silence

3003866.wav [
w0 rEOSQAQQA 0|0 =) ¢ o)) =) -
4 4silence i ' silence3

* with VAD segmentation (in the Test view, by right clicking on particular file) which marks

voice off silence

david_julia_mona.wav [£J |

LHONPEOeSQAQ 0 | © |() v (oe) (00 () 0.00 [5 -
WOICE Woice WOICe silence 0iCe VoiCe oice silence
N o J(voce [ ) o @ V1 [ E5e E( | [T 20
4 Open transcription file
The context menu appears after right click on selected label. i Open record with transcription
Example for right click on diarisation label on right. L) | el
Q Zoom in
Q, Zoom out
Several label panels can be shown: N
0 Add new label
L | il
= m@m _- ) Rename label
You can use/hide also @ b=l
J4  Split waveform by diarization
¢ Add label panel” allows you to add some label panel type 0 Firer
(Generlca VAD: Dlarlzatlon! KWS) Select labels with same name

e Minimap panel Select all labels

¢ Time panel Mode

¢ gowetr panel I @ Clear label panel

* Spectrum pane
- here you can use several color schemes @ Hidelabel pane!

. Label panel Get results from server
With a Keyword Spotting label feature you can play around € split by diarization and upload
W|th g Save to database
- showing a label score
- colors by threshold colors by label score
- edit
- move 0:00:12 ... yeah thatithad a -

« colors by threshold colors by label score P UL LS S

. 0:00:20 ... they about

e STT label panel allows you to show transcript 0:00:21 ... anduh
OUtpUt 30:00:23 ... they had a big yeah they only wanted to ‘ |
With a STT (transcription) label feature you can ooy T ———rr——
play around Wlth BSEEZd m Open transcription file

. . 0:00:33 | = P P
- Open/Save transcript of audio N P ———
- showing a transcript (synchronized with o™

. . e 8 i +
waveform through time-lines) probablylkg <4 | Find et
- show transcript as Plain text / Sentences / Sy arpa]  evepene '
BIOCkS 0:00:51 .. @) Clear transcription widget
- Snap to mouse (if active, a particular words are A rre———
highlighted while user move above waveform) e — I
- Request automatic transcription of audio
(license required)

N You can save a record (CTRL+S) to the file on local storage or to the REST server.
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TR rﬂk Upload to speaker model @‘d_hjw
@ You can upload your waveform to the server to an actual

folder in the Test view (CTRL+U). Flenere:

david_julia_mono.wav]

Target

Warning: File will be created from selection in
waveform editor.

@ Add to existing model
() Create new mode!

You can use the current your waveform (or selection to :
&B * Create new speaker model (create new voice print)
Select speaker model:
or david
¢ Add to existing model (enhance voice print) kelly

The small window will appear for confirmation. If user

select some part(s) of waveform only that part(s) will be
used. If user does not select any part the whole audio is \

used.

Q{ Speaker identification &Iﬂ—hJ

This is useful feature
for new speaker Score threshold:  80% =
registration or VOice- Segment ID Speech length [s] Model name Scor‘e [%€] kelihcod rati
print enhancement!

=

138 david 99.9718 16.3472

[

2.2 Julia 99,9573 15516

. You <can run Speaker
Identification task directly
from Waveform Editor on the

waveform (or selected part).
The table results will appear
for comparison against speaker models / group selected in Speaker Models tab.

» Bl Play your record with a ,Play / Pause® (SPACE) button:
¢ play from the cursor position
* play only elected parts
e play only visible channel (set which channel should be visible by right clicking on the
waveform and choose channel 1/ channel 2 / all channels)

g_,’ With the ,Loop playback button” you can:
» play from the cursor position
¢ play only selected parts (if several parts selected cursor skip a non-selected part)
e play in loop (de)activated by icon
[ ) You can record new voice using your microphone (before recording starts, you will be asked

to specify input device (external closed microphone recommended), frequency (8kHz
recommended) and number of channels (1 recommended)).

Hint: There are several possibilities you can do with recorded audio:
* Create a speaker model
* Add the audio to existing speaker model.
* Upload audio to server for processing (as WAV file).

Cut / Copy / Paste only selected parts of a waveform. You can use this function for:

* asingle selected part

* multiple selected parts (using CTRL)

¢ if you have label panel displayed, it adapts to changes, but if you save the waveform, the
changes in label panel aren’t saved

N

©

=

)

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
www.phonexia.com, tel.: +420 511 205 265, info@phonexia.com 15



Phonesino -

User Manual

- Speech Intelligence Resolver (SIR)

@\ There are also several typical instruments for a better customer usage such as ,Zoom in*,
Q ,Zoom out, ,Zoom to selection®. You can move waveform position by mouse dragging with
middle button pressed. With a red button you can clear your editor.

o You can use some of the Effect included:

*  Amplify selected segment of signal to higher or lower volume (dB)

SIR system support standard shortcuts:

CTRL+C copy

CTRL+X cut

CTRL+V paste

CTRL+O Open record file

CTRL+S Save waveform to local file

SPACE Play/Pause
CTRL+A select all
DELETE delete selection

j) Layout

Dragging and moving particular windows you can
customize a layout of the application. You can also
merge several windows into one window with several
tabs. In the View option in the main menu you can
choose which windows should be displayed and which
not There is also Save layout option. If you save it, you
can use preferred layout anytime using the Load
layout option. If you make some changes in the layout,
you can refresh the original layout easily using Reset
layout option.

Hint: The layout might be created by senior expert and
send to junior analytic. The layout is also stored with
closing SIR application.

CTRL+U Upload waveform to server into actual folder

(<0 ul

Sources

Results

Speaker Models
Speaker Calibration Sets
Language Models
Keywerd Spotting
Waveform Editor

Error Console

Load layout

Detailed Information
Save layout
Reset layout

iarization

] Q

Keyword Spotting

File name

File Information

GID information

v SID Information
¥ LD Information

KWS Information
Meta Informaticn

Quality Information
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4. Using the Application -Typical Work-flows

a) Speaker Registration (speaker model enrollment)

Speaker Models

There are two possibilities for speaker NfE ® uia
registration: . E :.- Z‘:‘:‘{;T"
> [ W david
1. using Speaker Models view “ N oo for case 1234()
a) Right-click in the view  eani e &S
b) Choose “Add New Speaker i
Modell! €9 Add New Speaker Mod: m
€ AddNew Group
C) Enter ) Import model(s) Fies
- Model name s R g L3 e e L | ©
- Audio files (audio should contain Spesker vodets [ WevelormEdor | °
only voice of target speaker, |
40sec speech recommended) | = B
- Metadata (you can created any field using button on right) | > * H?,
- you might add also photo of the speaker T -
d) Confirm with OK 1
2. using Waveform Editor Waveform Editor

a) Open audio in Waveform Editor

b) Run Diarization first if you expect
several speakers in audio

c) Select segment(s) with voice of
target speaker only (you might

: o ; 2
use double-click on diarization | J' & i to speker moce | 4 I
label or select several segment File name:

h0|d|ng Ctrl key david_julia_mono.wav
d) Click “Add waveform to server froet
into speaker model” button (you might use e e Pt o —
“Speaker Identification button to check possible ©) Add to existing mo —
duplicities in speaker database first) O EmeTmTE m
e) Select “Create new model” Select speaker model: o
f) Enter file name Julia s .
g) Enter | [ i =
- Model name, and metadata (you can created == .
any field using button on right) ! =
- you might add also photo of the speaker |
h) Confirm with OK Lo | |
| 3

b) Speaker Update (speaker model enhancement)

There are two possibilities for speaker registration:

1. using Speaker Models view
a) Right-click on the Speaker model name
b) Choose “Add Files”
c) Select audio files from you HDD (audio should contain only voice of target speaker, 40sec
speech recommended)

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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- Metadata (you can created any field using button on right)
- you might add also photo of the speaker
d) Confirm with OK

2. using Waveform Editor Waveform Editar
a) Open audio in Waveform Editor
b) Run Diarization first if you expect

several speakers in audio

c) Select segment(s) with voice of
target speaker only (you might
use double-click on diarization
label or select several segment
holding Ctrl key.

d) Click “Add waveform to server =
into speaker model” button (you might use “Speaker [ | Racimi |
Identification” button to check possible duplicities in e
speaker database first)

e) Select “Add to existing model” and select speaker model

f) Enter file name =

g) Confirm with OK

= o
@\ Add to speaker model M

File name:

julia_mona.wav

Target
Warning: File will be created from
selection in waveform editor.

@ Add to existing model
) Create new model

Select speaker model:

c) Speaker Search (Speaker Identification)

Prerequisites: If you want to use speaker identification, it is Speaker Models
necessary to create a speaker model(s) first. Searched N
speaker (or group with target speaker(s)) should be selected in ame -
Speaker Models view. ‘ :‘ :"“f‘d"—f“r—‘"‘ase—lm )
avi
There are two possibilities for speaker identification: : f‘:“daimK
1 . Aaaad

1. using Results view

a) Add all investigated = .
audio files to Results 0 " % @ Q QO F Q

A . Start Stop Language Gender Diarization Keyword Spotting AddFiles Settings Filtering
view (you mlght use Sources & X Results

Drag&DrOp or use 4 M Localhost File name Channel Speakér score  Likelihood ratio
icon “Add Files” W :::E::R devid_julia_stereo.wav 1 99.98 (david) 1673
button ‘l‘n tOp"menU ) . example-SpeechEn... david_julia_stereo.wav 2 99.96 (Julia) 15.53
b) Click “Start” button > 38 Serverbample
david_julia_mono.wav 1 97.07 (Julia) 7.00

in top menu (be sure
that the Speaker
Identification technology is active
c) Results for Speaker Identification appears in columns “Speaker score” and “Likelihood
ration”
d) If speaker group selected, the speaker with the highest score will appear in brackets. (For
score interpretation, please see details for results in Results > Speaker ldentification

results above.) —
Waveform Editor

2. using Waveform Editor
a) Open audio in Waveform Editor
b) Run Diarization first if you expect several speakers
in audio
c) Click “Speaker Identification” button

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
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d) Speaker Identification will be

processed for each speaker label g Spesher ey E—
(Segment ID produced by Score treshald: a0% |2
d iarization). SegmentlD  Speechlength[s]  Model name Score[%]  kelihood rati
e) The score is ordered by “Score [%]’ 1 139 david 995718 163472
f) You might lower “Score threshold” if 2 212 ula 299573 15516
you wish to see more results.

5. Speech Technologies Available in SIR

Phonexia Speaker Identification (SID2)

This highly accurate technology uses the power of voice biometry to automatically recognize a
speaker by voice and to search for a specific speaker in an archive of speech records. It allows you to
verify the caller by his/her voice against thousands of voiceprints. It verify the speaker very quickly by
his/her voice biometry using his/her unique voiceprint. Basic features: small voiceprint size (<2kB for
standard and <15kB for ); text-, language-, and channel independent.

Phonexia Language Identification (LID2)

Phonexia Language Identification will help you distinguish the spoken language or dialect. Our
technology is very fast and it has been an integral part of many solutions in the security/defense
sector. Pre-trained languages (in alphabetical order): Afan_Oromo, Albanian, Amharic, Arabic_Iraqi,
Arabic_Levant, Arabic_MSA, Azerbaijani, Bangla_Bengali, Bosnian, Burmese, Chinese_Cantonese,
Chinese_Mandarin Creole, Croatian, Czech, Dari, English_American, English_British, Farsi, French,
Georgian, German, Greek, Hausa, Hebrew, Hindi, Indonesian, Italian, Japanese, Khmer,
Kirundi_Kinyarwanda, Korean, Lao, Macedonian, Ndebele, Pashto, Polish, Portuguese, Russian,
Serbian, Shona, Slovak, Somali, Spanish, Swabhili, Tamil, Thai, Tibetan, Tigrigna, Turkish, Ukrainian,
Urdu, Uzbek, Viethamese.

Phonexia Speech Transcription (STT)

Converts natural spontaneous speech into text. Unlike other technologies, Phonexia Speech
Transcription is able to handle noisy recordings. You can easily search and categorize recognized text
with text-based data-mining tools. Available languages (in alphabetical order): Arabic (Levantine,
prototype), Czech, English_US, Chinese (Mandarin), Russian, Spanish (N&S American), Slovak.

Phonexia Keyword Spotting (KWS)

Phonexia Keyword Spotting (KWS) helps you to find keywords or phrases of your interest. You need
only specify the keywords while the pronunciation is generated automatically. The user can add
several variants of pronunciation for each keyword or phrase. Available languages (in alphabetical
order): Arabic (Levantine, prototype), Czech, English_US, German, Hungarian, Italian, Polish,
Russian, Spanish (N&S American), Slovak.

Phonexia Gender Identification (GID)

Did you know that men are arrested more frequently than women? This technology identifies whether
a speaker is male or female. This engine reacts extremely quickly and accurately and is robust under
all sound conditions. Phonexia Gender Identification helps you to distinguish the gender of a speaker.
With this very precise speech technology, you can halve the search area.

User Manual — Speech Intelligence Resolver (SIR) — 1.2.14
www.phonexia.com, tel.: +420 511 205 265, info@phonexia.com 19



© User Manual
Phonesino — -Speech Intelligence Resolver (SIR)

Phonexia Speaker Diarization (DIAR)

With speaker diarization you are able to distinguish different speakers in one monochannel audio
recording and divide it into several recordings by each speaker.

Phonexia Speech Quality Estimator (SQE)

Helps you to estimate the quality of the speech in audio recording. The results may serve for e.g.
discarding low quality recordings from processing by other speech recognition technologies.

Speech Preprocessor (incl. Voice Activity Detection)

Contains several techniques to preprocess the speech signal: voice activity detection, technical-noise
removal (e.g., DTMF), speech enhancement techniques, noise reduction, etc.

6. Troubleshooting

In case of any problems, please search for particular keywords in this manual (availbale in SIR
package as “SIR_manual.pdf’ or in SIR menu > Help > User Guide (F1).

If problem remains, please describe intended action to support@phonexia.com . In case of technical
problems, please send us also “Error console description” (available from SIR menu > View > Error
Console (use “Save to file” icon on right)).

7. Contact

Phonexia helps clients to automatically extract the maximum amount of valuable information from
spoken speech. We develop technologies for data mining from speech, speech analytics, and voice
biometry. These technologies are used by call centers, telecommunication companies, banks,
government agencies, media servers, and broadcast service providers.

You might be interested to see the full list of our:

¢ speech technologies: www.phonexia.com/technologies
¢ solutions and services: www.phonexia.com/solutions

Phonexia also provides research & development services such as: speech technology optimization for
target channels, development of new language versions, etc.

If any bug appears, please contact us at support@phonexia.com.

Contact us Phonexia s.r.o.
for additional information support@phonexia.com | +420 511 205 265
U Vodarny 2a, 616 00 Brno, Czech Republic, Europe
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8. Annexes

List of Annexes
¢ Annex 8.1. - Abbreviations
¢ Annex 8.2. - Disclaimer

Annex 8.1. - Abbreviations

ASR Automatic Speech Recognition (several technologies possible - see LVCSR, STT or KWS)

DIAR Phonexia Speaker Diarization

GID Phonexia Gender identification
KWS Phonexia Keyword Spotting (acoustics based ASR, language dependent)
LID2 Phonexia Language ldentification v.2

LVCSR Large-Vocabulary Continuous Speech Recognition
SID2 Phonexia Speaker Identification v.2

SQE Phonexia Speech Quality Estimator
STT Phonexia Speech Transcription (LVCSR based ASR, language dependent)
VAD Phonexia Voice Activity Detection
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Annex 8.2. - Disclaimer

The following text provide only certain chapters from Phonexia Software License Agreement
describing warranty disclaimer and limitation of liability.

* For complete Software License Agreement for Phonexia demoversions please visit
www.phonexia.com/docs/license _agreement.ixt

¢ For complete Software License Agreement for production versions please contact Phonexia.

WARRANTY DISCLAIMER

THE SOFTWARE IS PROVIDED ON AN "AS IS" BASIS. Phonexia AND ITS SUPPLIERS MAKE AND
YOU RECEIVE NO OTHER WARRANTIES OR CONDITIONS, EXPRESS, IMPLIED, STATUTORY
OR OTHERWISE OR IN ANY COMMUNICATION WITH YOU, AND Phonexia AND ITS SUPPLIERS
SPECIFICALLY DISCLAIM ANY IMPLIED WARRANTY OF MERCHANTABILITY, SATISFACTORY
QUALITY, FITNESS FOR A PARTICULAR PURPOSE OR NON-INFRINGEMENT AND THEIR
EQUIVALENTS.

Phonexia does not warrant that the software (i) be error free or (ii) meet Your specific requirements.
SOME STATES OR OTHER JURISDICTIONS DO NOT ALLOW THE EXCLUSION OF IMPLIED
WARRANTIES, SO THE ABOVE EXCLUSIONS MAY NOT APPLY TO YOU. YOU MAY ALSO HAVE
OTHER RIGHTS THAT VARY FROM STATE TO STATE AND JURISDICTION TO JURISDICTION.

LIMITATION OF LIABILITY

IN NO EVENT WILL Phonexia OR ITS SUPPLIERS BE LIABLE FOR ANY DAMAGES, INCLUDING
BUT NOT LIMITED TO LOSS OF OR CORRUPTION TO DATA, LOST PROFITS, LOSS OF
CONTRACTS, COST OF PROCUREMENT OF SUBSTITUTE PRODUCTS OR ANY OTHER
DIRECT, SPECIAL, INCIDENTAL, PUNITIVE, CONSEQUENTIAL OR INDIRECT DAMAGES,
LOSSES, COSTS OR EXPENSES OF ANY KIND ARISING FROM THE SUPPLY OR USE OF THE
demo, HOWEVER CAUSED AND ON ANY THEORY OF LIABILITY (INCLUDING WITHOUT
LIMITATION NEGLIGENCE). THIS LIMITATION WILL APPLY EVEN IF Phonexia OR AN
AUTHORIZED DISTRIBUTOR HAS BEEN ADVISED OF THEIR POSSIBILITY. THIS LIMITATION
WILL NOT APPLY TO THE EXTENT THAT LIABILITY MAY NOT BY LAW BE LIMITED OR
EXCLUDED. SOME STATES OR OTHER JURISDICTIONS DO NOT ALLOW THE EXCLUSION OR
LIMITATION OF LIABILITY FOR INCIDENTAL OR CONSEQUENTIAL DAMAGES, SO THE ABOVE
LIMITATIONS AND EXCLUSIONS MAY NOT APPLY TO YOU.

SAFE OPERATION

YOU ASSUME RESPONSIBILITY FOR, AND HEREBY AGREE TO USE YOUR BEST EFFORTS IN,
USING THE SOFTWARE TO PROVIDE FOR SAFE OPERATION THEREOF, INCLUDING, BUT NOT
LIMITED TO, COMPLIANCE OR QUALIFICATION WITH RESPECT TO ALL SAFETY LAWS,
REGULATIONS AND AGENCY APPROVALS, AS APPLICABLE. THE SOFTWARE IS NOT
DESIGNED OR INTENDED FOR USE AS COMPONENTS IN ANY APPLICATION IN WHICH THE
FAILURE OF THE EXAMPLE CODE COULD CREATE A SITUATION IN WHICH PERSONAL
INJURY OR DEATH MAY OCCUR, AND YOU SHALL HAVE NO RIGHTS HERE UNDER FOR ANY
SUCH APPLICATIONS.
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