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Chapter 1: Getting Started

1.0 SCT-6000 System Installation

The SCT-6000 is a tool developed by Sensory, Inc. , which allows speech data to be edited and played back
using the actual SC-614 device.

Note: we recommend that all speech data be evaluated with the same hardware that will be used in the
final product, e.g., audio speaker, enclosure, audio amplifier (optional).

In most cases, the specific hardware is not defined at the beginning of the project. Therefore, two audio
amplifier options and a built-in speaker are provided, which allows the internal amplifier/speaker options to be
used until the product hardware becomes available. Nevertheless, be sure to verify all speech data with the
specific project hardware before releasing to production.

1.1 Hardware Installation

The SCT-6000 Speech Development System hardware consists of a box, which should be connected to the
parallel port of your PC and a power supply. A six-foot IEEE 1284 compliant cable and an 18-volt, 600 mA AC
wall adapter are provided.

A three-position slide switch on the front panel is used to select different audio amplifier options: LM386, H-
bridge, and 32-ohm.

LM386 — a circuit with a simple passive three-pole filter with volume control

H-bridge — a circuit that uses a simple four-transistor H-bridge to buffer the SC-614 DAC outputs for driving an
8-ohm speaker.

The output of both options (LM386 and H-bridge) is routed through the 8-ohm external speaker jack to an
internal 8-ohm speaker. The internal speaker is muted when an external speaker is connected to this jack. The
8-ohm external speaker jack is a stereo jack with the ring and sleeve connected.

CAUTION: Never connect the ring or sleeve of the 8-ohm external speaker jack to ground when using
the H-bridge option, since it will short one side of the H-bridge circuit to ground.

32-ohm - connects the SC-614 DAC outputs to the 32-ohm external speaker jack, a stereo jack, in which the tip
and ring are connected to the SC-614 DAC outputs and the sleeve is connected to ground.

CAUTION: Never plug a mono plug into the 32-ohm external speaker jack, since it will short one of the
SC-614 DAC outputs to ground.

As soon as the software is started the license agreement provided by Sensory appears.

If the ACCEPT button is clicked then the tool verifies the presence of the SCT-6000 hardware before
proceeding. SCT-6000 should select the correct port automatically. If it does not find the Hardware then the
“SCT-6000 Hardware Not Found!” message appears.

If you get the above message please check the parallel port cable connection and the Sensory-Hardware. When
you click the Exit button, the tool closes.

Note: you must set your parallel port in ECP/EPP mode, please refer to your computer manual.

Hardware settings and information about the synthesis algorithms implemented on the board can be viewed in
the Project Window’s HARDWARE Menu, "Info” option.

Note: you can review the list of DLLs installed with SCT-6000 by selecting “DLLs” in the Main Window’s
OPTIONS Menu.

4 P/N 80-0228-A © 2002 Sensory Inc.
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1.2  Starting a Project

Start the SCT-6000 program from Windows START\Programs\Sensory\SCT-600 menu or click on the SCT-
6000 icon on the desktop. You will see the Main Window.

There are three icons below the tool bar in the Main Window:

» Open Project
» Show/Hide Play Pad
» Stop Synthesis or Play.

Moving the mouse over an icon causes the icon description to be displayed on the right-hand side of the last line
on the Main Window. The left-hand side of that line is reserved for information messages, error messages, and
status messages.

Click on the PROJECT drop-down menu in the tool bar, and then click on the “New” option. The “New” option
allows you to create a new Project or to select an already existing one.

A sample project, called sample.qsp, is included in the SCT-6000 software. It contains some wave files, which
have been analyzed using LPC, MX, CX, and ADPCM. The path for the sample project is SCT-
6000\sample\sample.qsp.

To start your own project, type in a filename.qsp to give your project a name, and select the desired directory.
Then click on “OK.”

A “Project Information” box will appear:

y Pioject Inlfu

=raec Yane |

=diler's Marr= |

Zushorier's boame |

Jarphg | reque cies

|\-'-"-=-J Sep 28 122829993

Zraztion Dala
—cat Medibied: |rmn Ao 10 OBEG36 2000

= diliar Tirre | 12 F 20 i 47 2o

Q. | Cancsl |

» In the Project Information box, you can type in a new filename for your Project, the editor's name, and the
customer's name.

» All the sampling rates have been selected as default. If you wish to "Unselect" a sampling frequency, please
use a right mouse-button click.

» The Creation Date for the Project and the date the Project was last modified are displayed.

» "Editing Time" refers to the cumulative amount of time the Project has been open.

When "OK" is clicked, a Project Window will appear along with its tool bar. It is one of the two main windows in
the SCT-6000 Speech Development System. The other main window, the Concatenation Window, will be
discussed later.

© 2002 Sensory Inc. P/N 80-0228-A 5
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i SCT-6000 Speech Development Tools [] =&
Project Options  Analpsiz Setup  Custom  ‘Window Hardware Help

] Project Window : [C:\MY DOCUMENTS\SAMPLE Q5SP]

ShowjHide Play pad

The Project Window keeps track of the .wav files associated with the project and the types of processing
performed on those .wav files (see Chapter 3).

1.3 Preferences

Before working with a sound file, you may want to set up your preferences for formatting the file information
displayed in the Project Window.

Click on the OPTIONS Menu on the tool bar, and then select “Preferences.” A “Preferences” window will appear.

Filz Mames Warings, etc.,.—————————
& Full Path ¥ Confirm Deletiong, Show Hints
" Name Only ™ Play After Analysis

— Sorting

Maone

~
" Labels " Date

% File Name " Size
— Diizplay
" Date % Sampling Freq.

¥ Show File Humber

Project Colors....

oK Cancel

Check the following selections:

» List the Full Path name for each file or the file Name Only

» Confirm Deletions and Show Hints

» Play After Analysis

» Create byte file in analysis (for individual *.QFM files)

» Sort files according to Labels, File Name, Date, Size, or None
» Display the file Date or the Sampling Frequency

» Show File Number (in the list)

Click on the “Project Colors” button if you wish to customize the colors used for the displays.

6 P/N 80-0228-A © 2002 Sensory Inc.
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Chapter 2: The Sct-6000 Project Window

2.0 Opening a Pre-existing Project
What is a Project? A Project is a type of file folder, analogous to a WinSDS “application” or an SDS5000

“‘document,” which contains related .wav files and the types of processing (i. e., LPC, MX, CX, ADPCM)
performed on the files.

The easiest way to start working with files is to open a pre-existing Project that comes with the SCT-6000
Speech Development System software. There will be files such as the one below listed in the Project Window.

I SD5RWT Agnnech Masnlomend Tonle 127 67]
Bt JRar: A%LEE Sds LI A -otnae Jon
g

Bl e Windiwe - IT-PTITRIGAKN TIEE S A0 1A PTAWIS INCA VRN 05'0C ISP
nc- Col zerlats s mils azhreealiles ta £ a-LEutler 30y sy lInz g2z assing

m  EEE I | EEE
MELP

Column 1 (on the left) in the Project Window displays the number of the file in the project, followed by the file
name. This is optional and has to be turned on using the file information screen (see Chapter 3).

Column 2 displays the complete file path. This display is default and can be turned off using the file information
screen (see Chapter 3).

Column 3 displays the label associated with the file. This display is default and can be turned off using the file
information screen (see Chapter 3).

Column 4 displays the file duration in milliseconds (ms). This display is optional and can be turned on using the
file information screen (see Chapter 3).

Column 5 displays the file creation date or the file's sampling rate (determined by user-selected Preferences).
The display default is the sampling rate (e.g., 7.2K (7200Hz), 8K, 10K, 11K (11025Hz) and can be turned off
using the file information screen (see Chapter 3).

Column 6 lists the names of the synthesis algorithms used to process the file. If no processing has yet been
performed, the words, “no processing” appear in that column. Four synthesis algorithms are supplied with the
SCT-6000 software: ADPCM, LPC, MX, and CX. To view information on each type of synthesis, click on the
SETUP Menu in the Project Window tool bar and select a synthesis algorithm. Clicking on any of these coders
using the mouse highlights the selected coder (see Chapter 4 for more information).

© 2002 Sensory Inc. P/N 80-0228-A 7



SCT-EVAL Instruction Manual

2.1: Adding a File
Follow the directions in Chapter 1, section 1.1 to start a new Project or open a previously created Project.

The SCT-6000 tool supports files with the following sampling rates:

» 11025 Hz.
» 10000 Hz
» 8000 Hz
» 7200 Hz

A wave file with a different sampling rate (e. g., 44100 Hz) must be down-sampled to a sampling rate supported
by the SCT-6000 tool before you attempt to import it (the file should be filtered to prevent "aliasing"). A good
commercial wave-editing program can be used to down-sample and filter the wave file

MX and CX algorithms support only 8 kHz and 10 kHz sampling rates. Therefore, select one of these sampling
rates when down-sampling a wave file to be processed by MX and/or CX.

To "Add" a wave file, go to the PROJECT Menu and click on “Add Files.” This command invokes the Windows
file “Open” dialog box, where you can select a list of wave files to be added to the Project.

Note: Only wave files with a sampling rate among the ones chosen upon opening the Project can be
added to the Project. Furthermore, the wave file format must be 16-bit linear. Stereo files are supported,
but the user will be asked to select a channel.

Choose a "Point of Insertion" if you are adding a file into an existing list in the Project Window. The Point of
Insertion shows up as red (or user-determined color) column-divider lines. To move the Point of Insertion,
selected the file after which you want to insert a file. Then right-click on the file and click on the option "Insert
Files", the Point of Insertion will move to the selected file and the Open window will appear, which contains a file
directory.

After selecting a wave file to add, click on “OK.” The wave file’s path should appear in the Project Window. To
move up and down the list of files, in either the Project Window or the Concatenation Window, use the "Up" and
"Down" arrow keys on the keyboard. To Select or Unselect a file, use [Ctrl] + Left-click on mouse.

For information on the wave file, double click on it as shown below:

%5 Project Window - [C:\USERDATAMWORKADDRIVEASPDATEST1.Q5P]

0001: C:\USERDATA\WORK\DDRIJd 30227 Tue Feb |CELP MELP I

The following window appears:

8 P/N 80-0228-A © 2002 Sensory Inc.
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i Wav File Info [ x|

File Narne IC:'\Userdata\nrmlspchraw\File

Freguency Iguuu Hz
Duration |331 5 m3Ec

Date IMonJuHS'I‘I:DS:EE‘ISSS

Labels and Comment:

|??

IC:'\U serdatabnimlspchrawiFiles_to_Sendsbutler_8

£ et £ Hight
PIayWav[ Stop |
Ok Cancel

You can edit the label and comments window to suit your application. You can use Play button to play the wave
file using the sound blaster.

Short cut Keys for the Project Window are clearly labeled as follows. First use ALT_P, then follow it by the
respective short cut key shown below.

» ADD Files ALT + A
» SELECT_ENTIRE_PROJECT ALT +E
» UNSELECT_ALL ALT +U
» REFRESH ALL WINDOWS ALT +R
» CONVERT WINSDS ALT + W

» CONVERT SDS5000 PROJECT  ALT+S

2.1.1 Converting a WinSDS Application

First, close the current Project, if one is open. To convert a WinSDS application to a SCT-6000 Project, go to
the PROJECT Menu and click on “Convert WinSDS Project.” This command invokes the WinSDS Convert
Dialog Box to create a SCT-6000 project from a previously created WinSDS application.

k%W SD%5 Conir sk Diahey =]

— ng-1

U I e I |

[LLR 1

SE 20202 e M | |

o< Ca-cel

Figure 2-2: WinSDS Convert Dialog box

© 2002 Sensory Inc. P/N 80-0228-A 9
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Clicking on the “WinSDS Word File” button opens the “Open” dialog box. Select the WinSDS filename.wrd file,
and click on “OK.” Click on the “SCT-6000 Project Name” button and type in a projectname. The extension
.gsp will be added automatically. A message will appear, "Project successfully converted." Go to the PROJECT
Menu and click on "New" and then on the Project name. The signals from the WinSDS application should
appear as wave files in the PROJECT Window along with their LPC analysis (and compression).

2.1.2 Converting an SDS5000 Document

First, close the current Project, if one is open. To convert an SDS5000 document to a SCT-6000 Project, go to
the PROJECT Menu and click on the “Convert SDS Project” button. The “SDS Convert Dialog” box appears.
Clicking on the “SDS .MOT File” button opens the “Open” dialog box. Select the SDS5000 filename.mot and
click on “OK.” Click on the “SCT-6000 Project Name” button, type in a projectname.qsp in the “Open” dialog
box, and click on “OK.” Finally, click on the “Coding Table” button and, in the “Open” dialog box, select the
codingtable.tab "654P74."

Note: If the coding table selected in the SCT-6000 tool is not the same as the coding table used to
create the SDS5000 document, the speech will not sound right. Re-analyze with LPC.

Then click on “OK.” Click on the “OK” button in the “SDS Convert Dialog” box. Go to the PROJECT Menu and
click on "New" and then on the Project name. The signals from the SDS5000 Document should appear as wave
files in the PROJECT Window along with their LPC analysis (and compression).

Figure 2-3: SDS Convert Dialog box

i Ll Hnnweak 11ialng

lrput

sps MOTRle | |

Luitput

5256000 P upet Yanw | |

Coding Tablc |

|= UE. =| Lmircel

Note: Do not attempt to convert more than one WinSDS application or SDS5000 document at one time.
Each time the “Convert” command is used for WinSDS and SDS5000, a new SCT-6000 Project is
created. "Convert" then "Add" files to an existing or new Project.

2.2 Recording

2.2.0 Wave File Recording
Clicking on the “Record” option in the PROJECT Menu invokes a “Wave File Recording” dialog box.

10 P/N 80-0228-A © 2002 Sensory Inc.
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 Wave File Recording [ x|
—Wave Device Statu
Im

IBDDD Hz 16 bits MONO

Elapzed Time: l_ 7 l_ B

Record | Stop |

Elaybastk | SayeFile. |

— Fecord Settings

Input Device ISound Blaster PCIT2 YI
Yalume 4 | | _'I

Parameters... |

0K

Figure 2-4: Wave File Recording box

» Wave Device Status - The first line indicates the status of the input .wav device (“Waiting” or “Recording”).
The second line indicates the sampling frequency, i. e., 11.025, 10, 8 or 7.2 kHz. The .wav format must be
“16-bits” and “mono.”

» Elapsed Time - During the recording process, the first number indicates how many seconds have already
been recorded for the current file. The second number is the maximum number of seconds for a recorded
file. This second number is a system parameter that can be changed by the user in the .ini file. The default
value is 200 seconds. Available disk space is the absolute limit for any recorded file.

» Record: - Clicking on “Record” starts recording. Recording will stop when “Stop” is pressed or the maximum
duration is reached.

» Stop - Stops the recording process. Once a recording is stopped, it cannot be restarted. However, the user
is given a chance to save the recording before the next recording starts.

» Playback - Starts playback of the recorded file. Playback starts from the beginning of the file.

» Save File - Saves the current recording into a .wav file, which is added to the currently project.

2.2.1 Record Settings

» Input Device - The user can choose an input device among those available, e. g., SB16 Aux: Line-in [220].

» Volume - Sets the volume level on the currently selected input device. The gauge on the right hand side
monitors the input level during recording. If overflow occurs, it will turn red and stay red to indicate the
overflow. Otherwise, the gauge is black.

» Parameters - Clicking on “Parameters” opens the “Recording Parameters” box. Choose a sampling
frequency. Only the sampling frequencies selected when opening the project are enabled. “Mono” mode
should be checked. The default parameter for sampling rate is 8Khz and the Mode is “Mono”.

» OK - Clicking on “OK” exits the Recording Parameters dialog box. If the last file has not been saved, the
user is given the opportunity to save it.

© 2002 Sensory Inc. P/N 80-0228-A 11
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Chapter 3: The Sct-6000 Project Window, Analysis/Synthesis

3.0 Analyzing a File

To analyze a file, left-single-click on the file in the Project Window to highlight it. To highlight multiple individual
files for analysis, press CTRL + left-single click the mouse. To highlight a group of files for analysis, press SHIFT
+ left-single click the mouse.

Figure 3-0: Synthesis Toolbar
I Project Window - [CAUSERDATAVWORKADDRIVEASPDATEST1 O5P]

0001l: C:\USERDATA\WORK\DDRIVYd{| 30227Tue Feb ELP

Note: A pop-up menu opens on the right mouse button click

You can go to the ANALYSIS Menu in the Project Window tool bar and click on the desired type of analysis
(ADPCM, LPC, MX, or CX). The ANALYSIS toolbar is shown at the bottom of the Main Window. There are 4
buttons corresponding to the 4 coders. If you select the analysis using Analysis Menu option or the 4-button
toolbar, the SETUP window for the coder that you selected comes up. The toolbar for the 4 coders is shown
below:

Figure 3-1: Analysis Toolbar
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3.1 Setup for the Analysis Algorithms

3.1.0 LPC Analysis and Setup

Select the file to be analyzed using your mouse. The selected file is highlighted (yellow). To perform LPC
analysis, click on the LPC button on the Analysis toolbar or use the Analysis option window. A SETUP box for
LPC pops up as shown in Figure 3-2. Synthesis (on the chip) occurs automatically after every analysis.

LPC Setup lists LPC parameters, Pitch parameters, Coding table, and Preprocessing. Click on the "Analyze"
button at the bottom of the SETUP box to analyze the selected WAV. A LPC box appears on the Synthesis tool
bar. This is highlighted in green, showing that LPC has been completed. The SETUP box closes only if another
WAV file is selected or the "OK" button pressed. The SETUP box also closes if another analysis, such as CX; is
selected.

Figure 3-2: LPC Setup box

' Sensory Setup for LPC Ed

LPC Params...

Pitch Params. .

Preproceszzsing...

Bnalyze

k. Cancel

» LPC Parameters - The LPC Parameters table lists adjustable values for LPC parameters. Default values are
shown below.
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Figure 3-3: LPC Parameters table
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» Pitch parameters - Default values for Pitch parameters TOmin and TOmax are displayed in milliseconds.

» TOmin - Minimum expected Pitch period should be adjusted to the pitch of the voice to be analyzed. Low
values should be used for special effects where great precision of measurement is not the main goal.
[TOmin] is expressed in milliseconds (ms). Acceptable values range from 1.00 ms to the [TOmax] value (see
below). Default = 1.

» TOmax - Maximum expected Pitch period should be adjusted to the pitch of the voice to be analyzed. High
values work best for lower-pitched voices, while low values work best for higher-pitched voices. [TOmax] is
expressed in milliseconds (ms). The following are acceptable values:

» 8 kHz sampling frequency: 1.00 = 18.75 ms
» 10 kHz sampling frequency: 1.00 = 15.00 ms

Figure 3-4: LPC Pitch Parameters box
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14 P/N 80-0228-A © 2002 Sensory Inc.



Instruction Manual SCT-EVAL

» Coding Table: The path of the default (and only) coding table (654P74, sometimes referred to as “D6”)
appears in the Open box.

Figure 3-5: Open Window displaying default coding table
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» Preprocessing: Any optional preprocessing DLL files and function names are shown in the LPC
Preprocessing box.

Figure 3-6: Preprocessing box
i Preprocessing

DLL File... | |

IFunu:tiu:un Mame I

Cancel

ok

The comment at the bottom of the Project Window display, “SysRes 82 82 82,” which is highlighted in green,
changes to “Now Processing [filename.wav].” For MX and CX processing, the amount completed is given as a
percentage. When processing is finished the message changes to “Analysis Completed,” and the name of the
new analysis type (e.g., LPC) appears in the far right-hand (“Analysis”) column in the Project Window next to the
file that was just analyzed.

More than one type of analysis can be applied to a file. Just repeat the procedure described above using a
different analysis method. To hear an analyzed file, see the next chapter on the SCT-6000 Concatenation
Window.

3.1.1 MX Analysis and Setup

Select the file that needs to be analyzed using your mouse to highlight the selected file. To perform MX analysis,
click on the MX button on the Analysis toolbar or use the MX option in the SETUP Menu of the Project Window.
A SETUP box for MX pops up, as shown in Figure 3-7. Synthesis (on the chip) occurs automatically after every
analysis.

MX Setup has Coding table, Preprocessing, Compression, and Analyze buttons. Click on the "Analyze" button
at the bottom of the SETUP box. When the selected WAV file is analyzed, a "MX" box appears on the Synthesis
Toolbar. This is highlighted in green showing that MX analysis has been completed. The SETUP box closes
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only if another WAV file is selected, or if the "OK" button is pressed. The SETUP box also closes if another
analysis, such as CX; is selected.

Figure 3-7: MX Setup box
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» Fixed Rate - If this option is clicked, you can generate a fixed-rate bit stream using MX and Compression is
disabled. The MX rate is fixed at 2.4 kb/s. The Compression Slidebar is disabled if this option is selected.

» Post Filter - The Post Filter option improves the quality of MX. But using the Post Filter consumes an
additional of 1.7 MIPS on the synthesis. It is recommended that the Post Filter be turned off for most
applications, since the additional MIPS can be used by the processor to perform other tasks while speaking
MX.

» Coding Table - Default is "D6" (i. e., 654P74)

» Preprocessing - In the future, the SCT-6000 will allow the user to enter .DLL files for preprocessing speech
wave files before analysis. The .DLL files and function names will be shown in the LPC Preprocessing box
(please refer to Figure 3-6 - Preprocessing box).

» Compression Slidebar - This lets you set the compression level. The default is 1.0, which means the file has
not been compressed. Increments are typically every 0.1. The compression display reads the selected
Slidebar value.

3.1.2 CX Analysis and Setup

Select the file to be analyzed using the cursor. The selected file is highlighted (yellow). To perform CX analysis,
click on the CX button on the Analysis Toolbar, or use the CX option in the SETUP Menu of the Project window.
A SETUP box for CX pops up, as shown in Figure 3-8.

CX Setup lists a "Multi-Rate" option and "Method." Click on the "Analyze" button at the bottom of the SETUP
box. When a selected .WAV file is analyzed, a "CX" box appears on the Synthesis Toolbar. This is highlighted
in green, showing that CX analysis has been completed. The SETUP box closes only if another WAV file is
selected, or if the "OK" button is pressed. The SETUP box also closes if another analysis, such as MX, is
selected. The CX appears in "CX DLL Information" box, along with its bit-rate, e.g., CX3.0 stands for CX at 3
kb/s.

To perform CX analysis, first select a bit-rate from one of the six possible options. The default BIT-RATE is 11.2
kb/s, and the default METHOD is “Default” (see METHOD below).
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Figure 3-8: CX Setup box
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» Multi-Rate: The Multi-Rate option lets you choose from one of the possible Multi-Rate Variable Rate Coders:
CX3.0,3.7,4.5,6.2, 7.7, or 11.2 kb/s.

» Method. Choose from two CX methods:
o Default (DEF) -- The CX algorithm automatically selects a method. This method is used for most
files.
o All Voiced (ALLV) -- The CX algorithm determines that all frames are “voiced.” This method is
useful for music and some sound effects. Please note that the ALLV option should not be used for
speech since it can produce annoying artifacts to unvoiced sounds.

» Preprocessing.” In the future, optional preprocessing DLL files and function names will be shown in the
Preprocessing box (please refer to Figure 3-6: Preprocessing box).

If you want to re-analyze a wave file using CX with a different bit-rate, but don't want it to overwrite the current
CX analysis, use the "Copy File" in the menu that appears when you right-click on the file in the Project Window.
The File Copy Dialog box will open. Type in a new name and click on "OK." The new wave file will appear in
the Project Window.

Figure 3-9: File Copy Dialog box
File Copy Dialog HE
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Cancel |
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3.1.3 ADPCM Analysis and Setup

Select the file that needs to be analyzed using the cursor. The selected file is highlighted (yellow). To perform
ADPCM analysis, click on the "ADPCM" button on the Analysis Toolbar, or use the "ADPCM" option of the
SETUP Menu of the Project Window. A SETUP box for ADPCM pops up as shown in Figure 3-10.

The ADPCM Setup box displays Frame length and Preprocessing. Click on the "Analyze" button at the bottom
of the SETUP box to analyze the selected .WAV file. An ADPCM box appears (highlighted in green) showing
that ADPCM analysis has been completed. The SETUP box closes only if another .WAV file is selected, or if the
"OK" button is pressed. The SETUP box also closes if another analysis, such as CX; is selected.

» Frame Length - Default frame length is 1000.
» Preprocessing - Any optional preprocessing DLL files and function names are shown in the Preprocessing
box (please refer to Figure 3-6: Preprocessing box).

Figure 3-10: ADPCM Setup box
i Senzory Setup for ADPCH E
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3.1.4 Synthesis Toolbar for the 4 Coders

As soon as the analysis is complete the corresponding coder on the Synthesis Toolbar is highlighted in green.

Figure 3-11: Synthesis Toolbar
I Project Window - [CAUSERDATAVWORKADDRIVEASPDATEST1 . G5P]
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An "Automatic Synthesis" (on chip) is played after every analysis. Synthesis on chip can also be done by
double-clicking the framed (green) coder on the Synthesis Toolbar. If an "Edit" option is "grayed out" for a given
coder, then the option is disabled because no editing is possible for that coder (e.g., ADPCM, CX).

Right-clicking on the coder (framed in green) opens a pop-up menu with the the most important options

Note: The "Graphic Edit Uncoded" option is not available for LPC.

3.1.5 Output to File Option

The "Output to File" option in the HARDWARE Menu in the Project Window can be used to create .WAV files of
the processed speech files. When you choose "Output to File," the SCT-6000 generates an ADPCM file with
"_a.wav" in the file name. When a MX file is generated, "_m.wav" appears in the file name. A CX file will result
in"_c.wav" appearing in the file name. Finally, an LPC file will cause "_l.wav" to appear in the file name.

There are two SRAMS on the hardware. The tool generates the compressed binary data for the coders and
stores it on the SRAM. "Output to File" also stores this data on the SRAM. Therefore, the size of the file to be
written to the SRAM should be less than 65,535 bytes. To check the size of the byte file, add the file to the
Concatenation Window and note its size. If the byte size is less than 65,535 bytes, the "Output to File" option
can be used.

18 P/N 80-0228-A © 2002 Sensory Inc.



Instruction Manual SCT-EVAL

Next, select the "Output to File" option in the HARDWARE Menu, and in the Project Window, right-click on the
file Analysis for which you want to make a wave file. After approximately 30 seconds, a message will appear at
the bottom of the screen, saying that the Output File has been created in the same directory as the Project files.

Note: If you do not want to use the SRAM for the "Output to File" option, you can fill up the entire
SRAM(s) with compressed speech and use the "Output to D/A" option.

3.1.6 ADPCM & CX Options
Right-click on the Analysis type (i. e., ADPCM, CX, LPC, MX) of an analyzed file in the Project Window. A short
menu displays options, which are discussed below.

Since ADPCM and CX files cannot be edited (except for border-editing), only the following options are available
for these analysis types:

» Analysis Information on this coder - Brings up a message box containing information about the analysis file
for the type of analysis selected (e. g., frame numbers, frame size, size of formatted data, etc.)

» Synthesis Simulation - Invokes the software synthesizer for the file selected.

» Remove Analyzed File - Deletes the selected analyzed file.

In addition to Analysis Information, Graphic Edit options and Text Edit options are available for uncoded, coded,
and compressed LPC files.

3.2 Batch Analysis

To analyze a group of wave files in the Project Window simultaneously (i.e. in "Batch File" mode), select the files
to be analyzed.

» Go to the SETUP Menu on the Project Window Toolbar, click on the type of analysis (e.g., CX) and then
select the desired options (e.g., bit-rate) in the Analysis Setup window.

» Next go to the ANALYSIS Menu (next to the SETUP Menu) on the Project Window Toolbar and click on the
type of analysis (e.g., CX). Analysis of the selected files will start automatically.
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Chapter 4: The Sct-6000 Concatenation Window

4.0 Opening the SCT-6000 Concatenation Window

The Concatenation Window is the second important window of the SCT-6000 Speech Development System.
Open the Concatenation Window by clicking on the PROJECT Menu in the Project Window tool bar and
selecting “Open Concatenation Window.”

Figure 4-0: Concatenation Window (top)
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You can change the location of the Project and Concatenation Windows by left-clicking on the title bar and
dragging the window while holding down the left mouse button.

4.1 Concatenations

4.1.0 Add
Set up a Concatenation by clicking on the CONCATENATION Menu on the Concatenation Window tool bar.
The tool bar appears automatically when the Concatenation Window is highlighted. Click on the “Add” option.

4.1.1 Insert Concatenation
Clicking on "Add" in the CONCATENATION Menu causes a "Concatenation” box to appear. Name the
Concatenation and indicate whether to insert it before or after any current Concatenation(s).

4.1.2 Delete
Clicking on “Delete” in the CONCATENATION Menu deletes selected Concatenation files in the Concatenation
Window. There is no “Undo,” so files have to be re-inserted using the “Add” option.
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4.2 Moving a File to the Concatenation Window

4.2.0 Procedure

Move a file to the Concatenation Window by selecting the file’s analysis method (e.g., MX) in the far right-hand
column of the Project Window. Use Shift and right mouse button click to add the file to the concatenation
window.

Another way to select a file in the Project Window is to left-click on a file name. A short menu appears with the
five options, including “Select” and “Unselect.”. Click on “Select”.

» Select - Selects a file
» Unselect - Un-selects the currently selected file

If the analysis method selected is LPC, first, a selection box appears for you to choose Uncoded LPC, Coded
LPC, or Compressed LPC to play (all three can be selected, one at a time, if desired).

» Uncoded LPC - Unquantized 16-bit raw (binary) file, i. e., no coding table information.

» Coded LPC - File is quantized to a standard or custom coding table.

» Compressed LPC - File with a lower bit-rate because some frames (e.g. silent frames, repeated frames) are
not transmitted.

Then the file appears in the Concatenation Window under the newly created Concatenation name. Only the
analysis method selected in the Project window appears in the far right-hand column of the Concatenation
Window. The default Option is "Expand," which shows all the concatenation information. You can collapse the
files by clicking on "Collapse" in the OPTIONS Menu.

» Add All Phrases: To move more than one analyzed file at a time from the Project Window to the
Concatenation Window, go to the CONCATENATION Menu and click on the option, "Add All Phrases". An
"Add All Phrases" box will open. Type in the analysis type you want to transfer and the concatenation name
under which the files should be listed.

Figure 4-2: Add All Phrases box
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4.2.1 Display

Figure 4-3: Files in Concatenation Window
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» Column 1 (on the left) in the Concatenation Window displays the Concatenation name (e.g., “1”), an
arbitrary string of characters selected by the user.

» Column 2 displays the number of elements (files or phrases) in the particular Concatenation, optionally
followed by the list of labels (from the Project Window) associated with those elements.
Note: The list is displayed in “Expand” mode (selected in the OPTIONS Menu), and hidden in “Collapse”
mode.

» Column 3 displays the number of bytes necessary to store the Concatenation, and optionally (in “Expand”
mode), the number of bytes for each element in the Concatenation.

» Column 4 displays (in “Expand” mode) the analysis method used for the element (file) in the Concatenation.
Note: Column width can be adjusted by selecting a column divider line and dragging it horizontally while
holding down the left mouse button.

4.3 Formatting the Concatenation Window

4.3.0 “Expand” and “Collapse” Options

Reference was made to “Expand” and “Collapse” modes above. These models are listed in the OPTIONS Menu
of the Concatenation Window tool bar. Clicking on “Expand” will display the list of files in each Concatenation,
while clicking on “Collapse” will hide the individual files in each Concatenation so that only a list of
Concatenations appears.

4.3.1 Preferences
Clicking on “Preferences” in the OPTIONS Menu of the Concatenation Window will display the “Concatenations
Preferences” box.
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Figure 4-4: Concatenations Preferences box
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Concatenation Display:
» Expand - Concatenations and their constituent elements (files) are displayed in the Concatenation Window.
» Collapse - Only Concatenation names are displayed in the Concatenation Window.

Sorting Preferences

» None - No sorting is performed on the displayed files and Concatenations

» Increasing Size - Files and Concatenations are displayed in order from smallest number of bytes to largest
number of bytes.

» Decreasing Size - Files and Concatenations are displayed in order from largest number of bytes to smallest
number of bytes.

» Alphanumeric - Files and Concatenations are displayed in order from lowest starting number (from 0 on)
and/or letter (from A-Z).

» Reverse Alphanumeric - Files and Concatenations are displayed in order from highest starting number
and/or letter (from Z-A).

Colors
You can customize the colors used in the Concatenation Window display by clicking on “Colors” in the
“Concatenations Preferences” box and follow the steps given in Chapter 1: Preferences.

44 Play

4.4.0 Play Options
To PLAY a file (or Concatenation) through the synthesis board, right-click on the file or Concatenation you want
to hear. Play options include (select the portion of the desired signal to be played):

» Whole - Plays the entire signal in all Editors.

» Selected - Plays the selected (highlighted) region of the signal in all Editors

» Left (Before) - Plays the portion of the signal to the left of the cursor in the Graphic Editor or Wave File
Editor, or the portion above the cursor in the Text Editor.

» Right (After) - Plays the portion of the signal to the right of the cursor in the Graphic Editor or Wave File
Editor, or the portion below the cursor in the Text Editor.

» Play A - Plays the file saved as A (see Chapter 7). Note that playing A does not bring it back as the current
version.

» Play B - Plays the files saved as B (see Chapter 7). Note that playing B does not bring it back as the current
version.

In the Project Window, right-click on the desired file in the Synthesis Toolbar. From the drop-down menu, select
the type of analysis to be played: Original .WAV file, Uncoded (LPC), Coded (LPC, MX), Compressed (LPC,
MX).
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» Speed - Use the slider in the Play Pad to select the desired Speed of signal playback.
» Stop - To Stop Play, either click on the Stop icon on the Main Window Toolbar or press the Spacebar on the
keyboard.

4.4.1 Simultaneous Play

The option, “Simultaneous Play,” in the CONCATENATION Menu of the Concatenation Window, brings up a
dialog box that allows the user to play two files simultaneously. The files are selected by Shift + right-clicking on
the processing column of the file.

Note: Only ADPCM and LPC (coded or compressed) can be played simultaneously. Uncoded LPC files
can be played simultaneously only with ADPCM files and other uncoded LPC files.

Figure 4-5: Simultaneous Play box
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4.4.2 Moving Concatenations or Moving Files
To move a file or a concatenation, highlight it, then press the right mouse button. The "Move" box pops up. You
can play, cut, copy, and paste the highlighted concatenation or files.
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Chapter 5: Editing Files

5.0 Editing an Unanalyzed File
Right-clicking on the wave file to be analyzed causes a short menu to appear. The menu has five options:

» Select - Selects a file

» Unselect - Unselects the current file

» File Info - Brings up the “File Info” dialog box

» Insert Files - Sets the insertion point in the Project to add new files
» Edit - Invokes the Wave File Editor window

Click on the “Edit” option to open the “Wave File Editor” window.

Figure 5-0: Wave File Editor window
R FAQVE20400000001 WAY =18l

The Icon Bar for the Wave Editor window displays the following Edit commands:

. Undo Last Operation Increase Vertical Scale

Cut LIEEI Decrease Vertical Scale

w Copy I@ Increase Horizontal Scale

Paste u Decrease Horizontal Scale

Play the displayed wave file using the PLAY Menu commands: Selected, Whole, Left, and Right.

5.1 Editing an Analyzed File

5.1.0 Graphic Editor
The Graphic Editor is invoked either by left double-clicking on the desired processing information for a file, or by
selecting the GRAPHIC EDITOR Menu after right-clicking on the processing type.

Clicking in one of the three displays (Signal, Parameter 1, and Parameter 2) makes it the focus display, and a
dotted-line frame appears around the display. Modification commands apply to the focus display only.

On the left-hand side of each display, clicking the right mouse button brings up a color preference dialog box,
where the user can customize display colors. Right-clicking on the left-hand side of a display where parameter
names are shown brings up a Parameter Selection dialog box to customize which parameter to show in the
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display. The top display can only show the sampled signal. By default, Parameters 1 and 2 are Pitch and Energy
respectively.

Figure 5-1: Graphic Editor Window
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DESCRIPTION:

Signal Window
This window is always the top one in the Graphic Editor, and can only display the sampled signal.

Frame Window
This window is always the second from the top in the Graphic Editor, and displays tick marks for frame
boundaries.

First Parameter Window

This window displays by default the first parameter that is displayed in the Text Editor window, after the frame
number. The user can change this by right-clicking on the right hand side on this window. Typing “x” while the
mouse cursor is in this window will modify the currently displayed frame parameter and set it to the value at the
current mouse position. A “Display Signal Detection” dialog box appears.

Figure 5-2: Display Signal Detection box
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Choose the parameter to be displayed from the Signal drop-down menu, and click on “OK.”
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Second Parameter Window

This window displays by default the second parameter that is displayed in the Text Editor window. The user can
change this by RIGHT-clicking on the right hand side on this window. Typing “x” while the mouse cursor is in
this window will modify the currently displayed frame parameter and set it to the value at the current mouse
position. Note that because of coding, the parameter value may not be exactly the same as the one indicated in
the bottom window (i. e., Information Line).

Information Line
The bottom line is used to display information about the current position of the cursor and the current frame
selection. From left to right:

» Frame - Current frame corresponding to the location of the cursor.

» Selection - Current start and end frames selected (-1 for no selection)

» Name of First Parameter - Followed by value of that parameter for the current frame - If the cursor is in
window displaying this parameter, the value of the parameter at the current position of the cursor is also
displayed; otherwise, three ellipsis dots (...) are displayed between brackets.

» Name of Second Parameter followed by value of that parameter for the current frame - If the cursor is in
window displaying this parameter, the value of the parameter at the current position of the cursor is also
displayed, otherwise, three ellipsis dots (...) are displayed, between brackets

» Comments - If user recalled version A or B, this information is displayed here

MENUS

The FILE Menu commands include:
» Save - Saves changes to the current file.
» Save As - Saves changes under a different file name.
» Print to File - Prints currently selected region to a dump file.
» Save as A - Saves the current file as A version (it is a good idea to do this before starting to edit).
» Save as B - Saves the current file as B version.
» Quit - Quit Graphic Editor

The EDIT Menu commands include:
» Undo - Undoes the last operation.
» Cut - Cuts the selected region, and data are sent to the clipboard.
» Copy - Copies the selected region to the clipboard.
» Insert Silent Frame - Inserts a silent frame at the current cursor position.
» Insert n Silent Frames - Opens an "Add Silent Frames" box to type in the number of frames to be inserted.
» Paste - Paste clipboard contents to the beginning of the currently selected region.
» Select All - Selects all frames.
» Decimal Format - Displays information in decimal format.
» Hex Format - Displays information in hexadecimal format.
» Return to A - Goes back to the version saved as A.
» Return to B - Goes back the version saved as B.

The MODIFY Menu commands include:
» Zero Out - Zeroes out the selected region.
» Voice - Voices the selected region.
» Unvoice - Unvoices the selected region.
» Linear Interpolation - Interpolates between the start and end values of a selection.
» % Change - Changes the selected region by a percentage value entered in a dialog window.
» Compress - Compresses the selected region with a compression threshold entered in a dialog window.

The PLAY Menu commands include:
» Selected - Plays the selected region.
» Whole - Plays the whole file.
» Before - Plays the file before the beginning of the selected region.
» After - Plays the file after the end of the selected region.
» Play A - Plays the file saved as version A.

© 2002 Sensory Inc. P/N 80-0228-A 27



SCT-EVAL Instruction Manual

» Play B - Plays the file saved as version B.
Note: Playing A or B does not bring it back as the current version.

The WINDOW Menu commands are typical, and include:
» Cascade - Displays windows in overlapping or cascade fashion.
» Tile - Displays windows side-by-side like tiles.
» Arrange Icons - Arranges icons.
» Close All - Closes all SCT-6000 windows.

ICON BAR

The Icon Bar for the Graphic Editor is the same as that for the Wave File Editor (described above) except for the
additional “Play” icons:

Figure 5-4: Icon Bar

From left to right, these icons represent the commands:

» Listen to A version
» Listen to B version
» Return to A version
» Return to B version

PLAY PAD

The Play Pad allows the user to play the selected file in various ways. The name of the current file, with its
format, appears on the title bar of the Play Pad. The current file is usually the file being edited.

If the Play Pad [E 3 is visible at the time a file is open for editing, the file automatically registers on the Play Pad
as the current file. Otherwise, the user must make the Play Pad visible, and then click on the editing window to
make the file being edited the current file. The Play Pad appears as an icon near the stop sign:

Depending on the algorithm, various buttons on the Play Pad are enabled or disabled. The Play Pad can only be
used for files that can be edited. However, the speed change information is global, so that Concatenations are
played with the speed indicated on the play pad.

Org. Unz. Cod.  Crp.
while ﬂ |
Select. ﬂ - -
Left =_==| C—-| =

Right =_==| —
-
Speed
Figure 5-5: Play Pad

N

5.1.1 Text Editor

The menus and icons for the Text Editor are essentially the same as the ones for the Graphic Editor. The user
can Select a rectangular region (highlighted when selected, then go to the MODIFY Menu and choose the “%
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Change” option to change the value of the given parameter across the selected frames. The Text Editor allows
the user to highlight and select frames for copy and paste.

The Text Edit is simple to use. To change a value in a cell, simply place the cursor on the cell and type the new
value. The change is accepted as soon as the new value is entered. Place your cursor on another cell to
continue editing.

Figure 5-6: Coded LPC Text Editor Window
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Each frame of LPC speech consists of the following parameters:

» Pitch - Fundamental frequency (F0, TO)

» Gain - Energy (AO) level

» K1 through K10 - Reflection coefficients representing cross-sectional areas of the vocal tract from lips to
larynx.

Tips on editing these parameters are given in Chapter 6. For more information on Linear Predictive Coding
(LPC), please see the Appendix.

5.1.2 Editing MX

MX stands for “Mixed-source” Excited Linear Prediction. MX frames have a certain percent of noise source plus
a certain percent of pulse-source (Voicing), as opposed to LPC frames, which are either completely Voiced or
Unvoiced.

Besides “Analysis Information” and “Synthesize (Simulation),” the only options, available to edit MX files are
“Text Edit Coded MX” and “Graphic Edit Coded MX.” These options are essentially the same as for LPC editing.
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Figure 5-7: Coded MX Text Editor Window
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As the Coded MX Text Editor Window illustrates, each frame of MX speech consists of the following
parameters:

» Pitch - Fundamental frequency (FO, TO)

» Gain - Energy (A0)

» BPVC - Percentage of Voicing

» Send - "Send Bit" (Compressed/Uncompressed)

Specific editing tips appear in Chapter 6. Briefly, MX editing typically involves correcting the following problems:

1. The frame value for the “Gain” (i. e., “Energy”) parameter is too high, so that the speech sounds
distorted.

2. Values for the "Pitch" parameter in some frames are incorrect.

3. The frame values of the “BPVC” (i. e., “Voicing”) parameter are either too high, resulting in a “buzz-like”
quality, or too low, resulting in a “hissing” quality.

4. Values for the "Send Bit" parameter are "0" and "1." A value of "1" indicates compressed frame, while a
value of "0" indicates uncompressed frame. (For more information, please see section on MX Editing in
Chapter 6.
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Chapter 6: Speech Editing

6.0 Tips for Optimal Ti Speech

6.0.0 Voice Talent
Selecting the right voice talent to record the speech for a product is extremely important. There are at least two
important criteria to consider when choosing a voice talent: Dialect and Voice Quality.

» Dialect - The voice talent should be a native speaker of the Standard Dialect of a given language; that is, the
dialect spoken by anchor persons reporting the news on radio or television. Examples of standard dialects
are the London dialect of British English, the Madrid dialect of Castilian Spanish, the Cali (Colombia) dialect
of Latin American Spanish, Parisian dialect of French, etc.) The dialects do not exhibit features which allow
the listener to identify the speaker as belonging to any given geographical region or socio-economic or
ethnic group.

» Voice Quality - It is extremely important to choose a voice talent whose voice will be "compatible” with the
Sensory vocoders you are planning to use. Keep in mind the characteristics of the following vocal registers.
Modal voice works well with any vocoder. It is produced with neutral laryngeal settings and has a normal
fundamental frequency range (94-287 Hz). There are no audible noise components, and lower frequencies
have high Energy.

The following Voice Types may require pre-processing to yield the best quality results for some Tl vocoders:

» Whispery voice is actually "unvoiced," consisting of friction noise at the frequencies where "voicing" normally
occurs in modal speech. A combination of Whispery voice and Modal voice is known as "hoarseness," in
which there is a great deal of inter-harmonic noise as well as some voicing. Because of the noise
component, CX synthesis tends to work better than MX for this voice type.

Breathy voice often occurs in female speech (but also occurs in male speech). Breathy voice is
characterized by slight friction noise, low Energy, and low Pitch. A combination of Breathy voice and Modal
voice are considered "sexy" as in the speech of American actress, Marilyn Monroe. Because of the noise
component, CX synthesis tends to work better than MX for this voice type.

Vocal fry has a low fundamental frequency range (30-90 Hz) and is characterized by "jitter" (irregular timing
in glottal cycles). The speech of American ex-Secretary of State (under President Nixon), Henry Kissinger,
represents a good example of Vocal fry. This voice quality is used in Arabic and Swedish speech sounds,
and it often occurs in English at the end of an utterance. Because of the presence of noise, CX synthesis
tends to work better than MX for this voice type.

v

v

Other vocal characteristics that can pose problems for vocoders include:

» Tense (Harsh, Metallic) voice is produced with greater laryngeal tension than Modal voice and is
characterized by a piercing, sharp quality. The voice may sound strained. The higher harmonics have
greater Energy than in Modal voice. Irregular aperiodic noise occurs in the spectrum as the result of
"shimmer" (irregularities in the amplitude of glottal cycles). Transients often occur immediately before word-
initial stressed vowels. French and German use slightly Tense voice. Similar to Tense voice is Palatalized
voice, which is produced with a high, tense, forward tongue position. Palatalized voice is used in French,
English, and Russian.

» Lax (Soft, Muffled) voice is produced with less laryngeal tension than Modal voice. Lax voice may be
accompanied by less tongue movement than Modal speech as well. The result is a dull, "gutteral," breathy,
or whispery quality. Low harmonic partials are strong while higher harmonic partials are weak, and formant
(concentration of voiced Energy) bandwidths are broader than in Modal voice. Standard British English (i.
e., Received Pronunciation) tends to use Lax voice.

» Nasal voice is produced as air flows out of the vocal tract through the nasal cavity. Nasal speech exhibits
noticeably less Energy than Modal speech. It is also characterized by "antiresonances" (regions with no
Energy present) especially for Formant 1 (~270-730 Hz) and for formants higher than Formant 3 (i. e., over
~3000 Hz).

Audition several voice talents to determine which voice and speaking style processes the best with a selected Tl
vocoder. During the audition, listen for whistled or lisped sounds (e.g., [s] and [z]) and any other speech
problems that could make the speech unacceptable.
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6.0.1 Sound Booth

Recording in a sound booth (anechoic chamber) is essential for high-quality synthetic speech. The larger the
sound booth, the better. Eliminate any sources of ventilation noise or environmental noise. Prevent
reverberation by making sure that the voice talent is not directly facing a hard surface (e.g., glass window, hard-
surfaced wall, metal script stand, etc). Use a baffle (or substitute) behind the voice talent.

6.0.2 Microphone and Audio Equipment

Choosing the right microphone will enhance the quality of the speech, reduce editing time, and reduce the time-
to-market for Sensory, Inc. ' vocoders. A rubberized shockmount will prevent microphone vibration, and a
windscreen will prevent "explosive plosives” (e.g., initial [p]).

» Microphone - The following are examples of microphones that have been shown to work well for speech to
be processed with Tl vocoders: Samson Audio S12 Hypercardioid Neodymium microphone and the Audio
Technica 4033 SM cardioid condenser microphone.

» Microphone Preamplifier - Choose a good mic preamp (e.g., Martech).

» Other Audio Equipment - Consider a good analog-to-digital converter (e.g., Lucid), PCI card, a mixer for
analog monitoring and routing (e.g., Mackie), and a good playback system (e.g., Mackie).

6.0.3 Recording Session
Important considerations for the recording session include microphone placement, audio input levels, voice
talent direction, and data capture techniques.

» Microphone Placement - A free-standing microphone should be approximately eight inches from the voice
talent's lips. The microphone should be pointed toward the voice talent's chin. Use a shockmount to prevent
microphone vibration. The voice talent should be instructed not to move his/her head during the recording
since varying the distance from the microphone will result in varying amplitude (Energy level) in the signal.
Input Levels — Set audio input levels to prevent clipping the signal during recording (anywhere from around
-3 dB to —12 dB depending on the content to be recorded). Do not apply equalization, filtering, etc. at this
point, since the aim is to get a very "clean" unclipped signal.

Voice Talent Direction - The voice talent should be instructed to avoid extraneous noise (e.g., page
shuffling, scratching, etc.) while speaking. Ask the voice talent to practice reading the script while levels are
being set and other final preparations are being made. Be sure that final consonants (e.g., [m,n] and [b,d,g])
are articulated distinctly. Answer questions, adjust speaking rate and vocal effort if necessary, correct
mistakes, and give some initial direction regarding the number of "takes" and how each take should be said
(e.g., Take 1 — Energetic, Take 2 — Clear articulation, etc). Maintain uniform pitch and loudness levels within
and across recording sessions.

Data Capture - Record using a sampling rate of at least 44.1 kHz or 48 kHz. Save the recorded speech data
as 16-bit, mono, signed integer files of the following types

v

v

v

o WAV Windows wave format
o .SIG Raw data; no header
o .PCM Raw data; no header

6.1 Editing LPC
6.1.0 General Rules For Speech Editing

» Ignore the "letters" that spell the words you are editing. Listen to the sounds. In this manual, speech
sounds are represented by IPA (International Phonetic Alphabet) symbols.

» Fix the worst (most obvious) problems first. Change values as little as possible (i. e., make small changes).

» Edit speech through the product enclosure in which the speech will be played.

6.1.1 Editing Parameters
LPC is edited by changing the values of the frame parameters. Every frame is composed of the following
parameters:

» Gain - Energy or AO value referring to the loudness of the signal

» Pitch - FO or TO value referring to how high or low in frequency a sound is

» K1-K10 - K-parameters correspond to cross-sectional areas of the vocal tract, which extends from the lips to
the larynx. K-parameters are related to articulation of speech sounds. For more details on K-parameters,
please see the Appendix.
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6.1.2 Editing Vowels
There are several types of editing problems in editing vowels:

» Vowels, which are Voiced, may have frames that are analyzed incorrectly as Unvoiced. The vowel may
sound whispered or harsh. To Voice frames that are incorrectly Unvoiced, select the frame(s) holding down
the right mouse button in Text Editor. Next, go to the MODIFY Menu and click on "Voice". The new Pitch
value becomes non-zero, and K5-K10 cells contain zeros. Fill in the "0" cells with the same values as in
adjacent frames.

» The Pitch assigned to voiced frames may be incorrect. LPC makes error "tracking the Pitch" of some
voices, especially for very high-pitched or low-pitched voices. Incorrect pitch may cause the voice to
"squeak" or "growl." There are two ways to fix incorrect Pitch: (1) Change the Pitch value in a cell in Text
Editor by clicking the left mouse button and typing in a new value, or (2) Select the Pitch of multiple frames
in Graphic or Text Editor, and use the "Linear Interpolation" option in the MODIFY Menu. This will create a
smooth sequence of Pitch values from the first to the last value selected.

» The Gain level of a vowel may be too high, creating a "ringing" or "echoing" sound. Usually this problem
occurs because the recording level was too high during the recording session. There are different ways to
decrease Gain:

(1) To decrease the Gain level in just one or a couple of frames, left-click on the cell in Text Editor, and type in a different value.

(2) To decrease the Gain across a Selection in either the Text or Graphic Editor, click on "% Change" in the MODIFY Menu. A
"Percent Variation" box opens, as shown below. Type in a negative value to decrease the value of Gain (or any parameter) by a
percentage, or type in a positive (unsigned) value to increase the parameter value by a percentage.

Figure 6-0: Percent Variation box
i Percent ¥ariation

e

i

Cancel |
6.1.3 Editing Consonants

English consonant sounds can be divided into groups according to the Manner of Articulation with which they
are produced. Speech sounds are produced using exhaled air, i. e., air flowing out of the vocal tract. The term,
"Manner of Articulation," refers to the path and manner in which the air flows from the vocal tract during speech
production.

The groups of consonants divided by Manner of Articulation are Nasals, Approximants, Fricatives, Stops, and
Affricates. The Energy or loudness of a sound depends on the amount of airflow used to produce it. Some
Manners of Articulation are produced with noticeably less Energy than others. LPC processing often
reproduces these sounds with an Energy level that is too high.

NASALS [, v, [] and LATERAL [A]
Two Manners or Articulation that are produced with notably less Energy than the others are Nasals [u, v, []
and the Lateral Approximant [A]. The Nasals are [u] as in mom, [v] as in no, and [] as in sing. The Lateral
Approximant is [A] as in leaf (there are other Approximants, but they will not be discussed here).

Airflow for most English sounds exits from the Oral Cavity (mouth). However, airflow for Nasals travels
through the Nasal Cavity and exits out the nose. On the way, much of the Energy of the sound is absorbed
by the mucous membrane of the Nasal Cavity. The result is that Nasals have a lower Energy level than
most other sounds. LPC tends to reproduce Nasal sounds with too much Gain. The result is a "blip," "gulp,"
or "pop" in the Nasal, especially in initial and final position.

Airflow for the Lateral Approximant [A] is split in two streams. These streams exit the vocal tract over one or
both sides of the tongue. The tongue tip touches the gum ridge (Alveolar Ridge) behind the teeth, so that
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the air cannot flow directly outward; it must flow around the tongue tip. Because the air column coming out
of the vocal tract is split in two, as it flows around the tongue tip, the Energy is weaker than if all the air
flowed out in one stream. LPC often reproduces [A] with too much Gain, so that it sounds like a "gulp."
Decrease the Gain values for Nasals and the Lateral by following the procedures described in the previous
section.

Nasals in final position (i. e., at the end of a word or phrase) often contain a "blip," "
speech. "Select" noisy frames and "Cut" them in Graphic or Text Editor.

pop" or "twang" in LPC

FRICATIVES

In the production of Fricative, turbulence is created as air flows out of the vocal tract through a narrow
constriction or opening between two articulators, e.g., tongue and Alveolar Ridge. The turbulent airflow is
heard as a "hissing" noise. The hissing noise sounds different depending on where the constriction occurs in
the vocal tract and the shape of the constriction. Listen as you say [s] and "sh" aloud.

The noise source in LPC cannot always reproduce Fricatives accurately for a given voice. There can be a
problem with Voicing. For example, a Voiced Fricative like [z] may sound like an Unvoiced Fricative [s] (see
below). There may also be a problem with Gain. That is, the Gain level may be too loud, so that a Fricative
like [s] sounds harsh and static-like. In the worse case, the quality of the Fricative may become
unintelligible, so that the listener cannot determine what the sound is.

There are two groups of Fricatives: Unvoiced and Voiced. The Unvoiced Fricatives are [¢] as in fine, []] as
in thin, [c] as in sue, [%] as in shoe, and [n] as in high. The Voiced Fricatives are produced exactly like the
Unvoiced Fricatives except that they are produced with vocal-fold vibration or Voicing. The Voiced Fricatives
are [w] as in vine, [d] as in then, [C] as in zoo, and [|] as in measure. Acoustically, Voiced Fricatives have
lower Gain and may be shorter in duration (especially in final position) than Unvoiced Fricatives.

Voicing Problems — When a Voiced Fricative (e.g., [(]) sounds like its Unvoiced counterpart (e.g., [c]) in final
position, as in the word letters, it can be changed to sound like [(] by shortening its duration. "Select" the
last frame, "Cut" it, and listen. Continue this procedure until you begin to hear [(] instead of [c]. (Remember
that although the final sound in letters is spelled with the letter "s," it is pronounced as [(].)

Gain Problems — Sometimes the Gain level for LPC Fricatives is either too high or too low. If there is too
much Gain for an Unvoiced Fricative (e.g., [c]), it may sound harsh or static-like. If there is too much Gain
for a Voiced Fricative (e.g., [(]), it may sound "buzzy". To solve the problem, go to Text Editor and increase
the Gain parameter. If Gain is too low for a Fricative, increase the Gain for the frames involved. As
discussed earlier, increasing the Gain is done by (1) Raising the values for relevant frames in the Text
Editor, or (2) Using "% Change" for Gain in the MODIFY Menu.

Quality Problems — Once in a while, the Quality of a Fricative may be so poor that the listener cannot
determine what the sound should be. In that case, the frames of the "bad" Fricative should be replaced
with the frames of a "good" example of the same sound from another word as spoken by the same voice
talent. If possible, find an example where the "good" Fricative occurs in a similar phonetic context. Then
follow the instructions below:

Open Graphic or Text Editor

Select and Copy the frames of the good Fricative

Place cursor before or after the "bad" Fricative

Paste the copied frames of the good Fricative

Delete the frames of the "bad" Fricative

STOPS

The Stops are [r] as in pin, [1] as in two, to, too, [] as in came, [B] as in bin, [8] as in do, due, dew, and [}]
as in game. Stops are produced by first, touching two articulators together at some "point of constriction" in
the vocal tract. For example, in the production [r] and [B], the two lips come together. In the production of
Stops, the two articulators stay together for a short period of time, called the Closure Phase. During this
time, there is briefly no sound, just silence. Then the articulators pull apart. The air that was trapped behind
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the constriction when the articulators were together is "released" with a "pop" or "burst". Stops in synthetic
speech may have Gain or Voicing problems, or they may disappear.

Gain Problems - The Gain level for LPC Stops is often too high, so that the Stop sounds distorted or like a
"thump". Sometimes the Gain is too low, so that the Stop seems to disappear. To raise or lower the Gain
level, open the Text Editor window and find the burst portion of the Stop, which should follow some frames
of silence. Increase or decrease the Gain parameter. As discussed earlier, increasing the Gain is done by
(1) Raising the values for relevant frames in the Text Editor, or (2) Using "% Change" for Gain in the
MODIFY Menu.

Voicing Problems - Like Fricatives, Stops can be divided into two groups depending on whether they are
Voiced or Unvoiced. The Unvoiced Stops are [r] as in pin, [t] as in two, to, too, and [x] as in came. The
Voiced Stops are [B] as in bin, [§] as in do, due, dew, and [(] as in game.

The main difference between LPC Voiced and Unvoiced Stops is that Unvoiced Stops [n, 1, k] contain
longer Closure Phase, or Silent Period, than Voiced Stops. An Unvoiced Stop must have at least two silent
frames, while a Voiced Stop typically has just one silent frame.

Sometimes Unvoiced Stops [r, t, k] may sound like their Voiced counterparts [, 5, f]. (Stops [] and [B] are
produced in exactly the same way, except that the vocal folds are vibrating for [], but not for [x]. The same
holds true for the pairs [t] and [5] and [k] and [}]). One technique to turn a Voiced Stop into an Unvoiced
Stop is to increase the Silent Period by Selecting, Copying and Pasting a silent frame in the Graphic Editor.
Turn an Unvoiced Stop into a Voiced Stop by Selecting and Cutting a silent frame for the Stop in Graphic or
Text Editor.

Missing Stops: Once in a while, a Stop may not process at all, especially in final position in a word. If raising
Gain does not make the Stop audible, then Copy and Paste a good example of the final Stop from another
word in the Project spoken by the same voice talent.

AFFRICATES
An Affricate is composed of a Stop followed by a Fricative. There are only two Affricates in English: [t[1%] as
in church and [dLJ |] as in judge. They are produced in the same way, except that [6[] |] is Voiced, and [tli#]
is Unvoiced. Notice that the first sound is a Stop [r, 8], while the second sound is a Fricative [#, |] (asin
shoe and measure).

LPC Affricates sometimes have the same problems as Stops, in that the Stop portion may "disappear.”
When this happens to the Affricate [t[J%], only the Fricative [#] can be heard, so that a word like chick
sounds like "shick." To change [%] to [t[1&], Copy and Paste a couple of silent frames in front of the [#%] in
Graphic Editor. If that does not work, try to Copy and Paste an initial [t] between the silent frames and the
beginning of [%]. Adjust the Gain value as needed.

More LPC editing tips can be found in the Appendix of this manual.
6.2 Pre-Processing the Input Signal for Optimal Sensory Speech

Pre-processing (e.g., small amounts of digital multi-band processing and analog compression, amplitude
normalization, and graphic equalization) can enhance the quality of the speech, reduce editing time, and reduce
the time-to-market for Sensory, Inc. ' vocoders.

6.2.0 Amplitude Normalization

Be sure the wave file is fully amplified (100%%). “‘Normalize” (reduce) the amplitude by approximately 15% (~3
dB) in a good wave editor (e.g., Cool Edit Pro™. It's a good idea to save this file under a different name, which
indicates that it has been down-sampled and normalized. This will distinguish it from the original wave file.

6.2.1 Graphic Equalization

The synthesis process tends to boost the lower frequencies and attenuate the higher frequencies in a signal.
Sometimes the effect is a "muffled” or "muddy" quality. Therefore, wave files of such voices may require graphic
equalization to increase or decrease the Gain for certain frequencies. With the Graphic Equalizer in a wave
editing program, the amplitude of higher frequencies (~2-4 kHz and above) can be boosted while the amplitude
of lower frequencies (below ~100 Hz) can be attenuated.
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6.2.2 Down-sampling

Using a wave-editing tool with good filtering, such as Cool Edit Pro® or Matlab®, down-sample .WAYV files from
48 kHz (preferred) or 44.1 kHz to 8 kHz or 10 kHz. A higher sampling rate improves the quality but increases
the size of the data.

Note: Some wave-editing tools may introduce noise when down- sampling. The quality of the results
depends upon the quality of the filter.

6.2.3 Editing the Wave File

Border-editing (i. e., deleting silence at the beginning and end of the signal) must also be performed with a
wave-editing tool. At this time, it is also a good idea to remove artifacts (e.g., transients, etc.) and extraneous
noise from the signal. Replace unacceptable speech sounds (e.g., slurred or distorted sounds) by copying and
pasting acceptable versions of those sounds from somewhere else in the file.

6.3 Editing Mx Speech

6.3.0 Mx Parameter Sets
MX analysis creates one analysis file containing three sets of parameters:

» Uncoded
» Coded
» Compressed, with the compression factor defined in the MX Setup dialog.

UNCODED MX - There is really no "Uncoded MX" synthesizer. When you edit Uncoded MX parameters, the
changes are automatically transferred to the Coded parameters. When you click on "Uncoded" on the Play Pad,
you hear the simulation of MX synthesis, using the Coded parameters.

CODED MX - When you edit Coded parameters, the changes are automatically passed to the Compressed
parameters, because the only difference is in the "Send Bit". When you edit Compressed parameters, you are,
in effect, editing coded parameters.

COMPRESSED MX - Using the Edit Menu's "Compress" command on any file (Uncoded, Coded or
Compressed) works on the Coded parameters and computes the "Send [frame] Bit" for every frame. More
information can be found in the next chapter, which discussed "Compression" in detail.

6.3.1 Mx Editing Parameters
MX synthesized speech requires less editing than LPC speech. However, some problems may still arise,
especially with a high degree of compression.

Three parameters can be edited in the Text Editor for Coded MX:

» Gain - Energy or AO value referring to the loudness of the signal

» Pitch - FO or TO value referring to how high or low in frequency a sound is

» Voicing (BPVC) -- "Band-pass Voicing" refers to the degree of Voicing in a frame. A value of "1" or "2" is
close to Unvoiced ("0"), while "3" is moderate voicing, and "4" or "5" are Voiced.

» Send - "Send Bit" refers to file compression. If the file is Uncompressed (i.e. Compression Ratio set to
1.000) Send Bit has a value of "0". If a file is Compressed (i.e Compression Ratio set to less than 1.000,
such as 0.600), then Send Bit has a value of "1". This parameter cannot be edited.

The commands in the MODIFY Menu can also be used, i. e., Zero Out, Linear Interpolation, % Change, and
Compress. The commands, Select, Copy, Cut, and Paste, are also available for editing MX. All of these
commands work just like they do for LPC editing.

For Uncoded MX, the Text Editor contains the following parameters:

» Pitch - FO or TO value referring to how high or low in frequency a sound is

» Gain - Energy or AQO value referring to the loudness of the signal

» BPVC - "Band-pass Voicing" refers to the degree of Voicing in a frame. A value of "1" or "2" is close to
Unvoiced, while "3" is moderate voicing, and "4" or "5" are Voiced.
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» UV_Flag - "Unvoiced Flag" can be used to make an Unvoiced frame a Voiced frame. A value of "0"
represents an Unvoiced frame, while a value of "1" represents a Voiced frame.

» K1-K10 - K-parameters correspond to cross-sectional areas of the vocal tract, which extends from the lips to
the larynx. K-parameters are related to articulation of speech sounds. For more details on K-parameters,
please see the Appendix.

6.3.2 Editing Mx Speech

Most MX editing problems are related to Gain or Pitch. These parameters can be edited using Text Editor or
Graphic Editor. Edit Pitch and Gain just as you would with LPC speech. Please see LPC Editing section above
for details of editing different sound classes.

Note: Changing BPVC (Voicing) may create static noise in the signal.
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Chapter 7: Compression, Formatting & Saving

7.0 Compression

LPC and MX speech data can be compressed to decrease the number of bytes using the “Compress” command
in the MODIFY Menu. The MODIFY Menu becomes available after right-clicking on the analysis type in the
PROJECT Window and selecting an Edit option. Select the desired portion of the signal to be compressed in
the Graphic Editor or Text Editor. Click on “Compress” in the MODIFY Menu to invoke the Compression box.

Figure 7-0: Compression box

: Compresszion

Compreszion Factor: 100

Cancel |

Type a compression threshold in the dialog window and click on “OK.” Play the compressed file to determine if
the quality has been affected by the compression. Increase the compression value until just before any quality
degradation is detected.

Of course, MX can be compressed during Analysis. Press MX Analysis to open the MX Setup box. The
Compression Toolbar can be set for any Compression Ratio along a continuum from 0.001 to 1.000
(uncompressed). Increments are every 0.1.

7.1 Formatting SCT-6000 Files

The “Format” command in the CONCATENATION Menu invokes the Data Formatting Options dialog box to
create the final speech data.

Figure 7-1: Data Formatting Options box
+ Formatting Dptions

& From Concat list

¢ From Ordered File

Cahcel |

There are two ways to format data:

» Concatenation List. Files are ordered in the Project file, filename.qsp, as listed in the Concatenation
Window.
» Ordered File: Files can be ordered by the user in the filename.qrd file in your PC-directory.
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7.2 Saving SCT-6000 Files

In the PROJECT Menu, there are several commands used to save a Project.

» Save: Saves changes to the current file.

» Save As: Saves changes under a different file name. Clicking on “Save As” invokes the Open window,
which also serves as a “Save As” window. Click on the “Directory” button to select the desired drive and
directory. Then click on, or type in, a new filename.qsp. Click on “OK”.

» Save as A[ALT + A]: Saves the current file as version “A”.

Note: Saving the current version to “A” creates an instant copy of the current version. If you continue
making changes to the current version, they are not included in version A. To make changes to version A,
you must first load it by clicking on the “Return to A” icon on the EDIT Menu tool bar of the Graphic Editor or
Text Editor ([>A]).

» Save as B [ALT + B]: Saves the current file as version “B”. See Note above.

» Print to File: Prints the currently selected region to a dump file.

» Archive: Invokes the "Archive QSP Project" dialog box to save all the files related to a project.

This dialog box asks for a directory name where files will be copied. The user can choose direct copying, or
batch copying:

o Direct Copying - If "direct copying" is chosen, the files are copied to the archive directory before the
dialog box returns. A file with extension .qar, and the same name as the project is created and saved
in the archive directory. It is the same as the regular batch file mentioned below.

o Batch Copying - If "batch copying" is chosen, a regular batch file is created (with the same name as
project and extension .bat), and the user can execute that file later to archive the project. At the same
time, a restore file is created (with extension .gst). It is a batch file that contains all copy commands
necessary to recreate the archived files from the archive directory to the original directory.

Here is a summary of the files saved with a SCT-6000 Project:

» *.wav - Original .wav file

» *.qrd - Keeps track of directories and processing information

» *.gfm - Byte file generated after concatenation

» *.qcl - *.wav analyzed with CX

» *.gml - *.wav analyzed with MX

» *.qlp - *.wav analyzed with LPC

» *.gap - *.wav analyzed with ADPCM

» *.gsy - Synthesis simulation, which can be dragged & dropped into a wave-editing program

» project.qar - Project copied to Archive directory

» project.qrd - Project files ordered by the user

» project.qsp - Project files ordered as in Concatenations Window

» project.bat - Project files saved in a batch file, which can be used to archive the project

» project.qst - Restore file containing all copy commands necessary to recreate the archived files from the
archive directory to the original directory.

7.3 Moving a SCT-6000 Project

Moving a SCT-6000 Project to a different directory from the one in which it was saved originally requires
changing the path name in some Project files:

1. Copy all Project files to a new directory (e.g., CANEW)
2. Edit path information in the project.qrd file as follows:
C:\OLD\x.wav — C:\NEW\x.wav
That is: [1][C:\OLD\x.wav][CX][Coded](x) — [1][C:\NEW\x.waVv][CX][Coded](x)
3. Edit two lines of the project.qsp file as follows:
First line:
gv_fileO=[C:\OLD\x.wav][x][01][938899432][CX] — qv_file0=[C:\NEW\x.wav][x][01][938899432][CX]
Second line:
qv_comment0=C:\OLD\x.wav — qv_comment0=C:\NEW\x.wav
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7.4 Quit

» Quit - Quits the Graphic or Text Editor.

» Close - Closes the current Project. If changes have been made, the user is given a chance to save the
Project.

» Exit - Exits the SCT-6000 Program
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Appendix A: Speech Synthesis Algorithms

A.0 LPC Synthesis

LPC stands for Linear Predictive Coding, a type of speech synthesis. The basic theory underlying LPC
synthesis is that any sample is a linear function of those that precede it. Using the least-squares method, a
sample in time is equal to the preceding sample times a weight, plus the sample before that times a weight, plus
more weighted samples, minus some error or residual signal. The weighted samples (frequencies and
amplitudes) are the Linear Predictive coefficients. The error is the residual or the part of the signal unaccounted
for by a sequence of digital filters; ideally, it represents only the excitation of the vocal tract. Weights and errors
can be transmitted instead of individual samples. This represents a simplification in transmission since weights
and errors do not change as rapidly as the samples themselves.

LPC parameterizes a complex, dynamic (changing) acoustic signal into a few values or parameters that change
very slowly. The Source-Filter model of the vocal tract is used for LPC synthesis. The parameters that represent
the signal are the frequencies and bandwidths of a set of filters that would produce that signal given a certain
excitation. The model is represented by a uniform tube open at one end and excited by a quasi-periodic series
of pulses (for voiced sounds) and random noise (for noisy sounds such as fricatives and affricates). Changes in
the shape of the vocal tract over time are accounted for by dividing the tube into 10 smaller segments of equal
length with varying cross-sectional areas.

REFLECTION COEFFICIENTS: Input frequency is determined by extracting the pitch period from the original
signal. The analog signal from the preamp is low-pass filtered with a cut-off frequency of 4 kHz. The output of
the filter is sent to the analog-to-digital converter. The addresses of samples to be used in the calculation of
autocorrelation terms for each 25 ms analysis frame are determined. If the frame has been evaluated as voiced,
these terms are subjected to pre-emphasis via an algorithm that discards one term. The remaining 11 terms are
then normalized from 32 to 16 bits. Autocorrelation terms are transformed into 10 reflection coefficients called K-
Parameters, which model the vocal-tract transfer function. Each coefficient corresponds to a region within the
oral or pharyngeal cavity, moving from the area near the lips for K1 back to the area near the glottis for K10.

PITCH TRACKING: The pitch period is calculated by locating the highest peak in the autocorrelation sequence
and counting the number of samples occurring before that peak. If the first term falls below the predetermined
threshold or if the peak value is below a second threshold, the frame’s pitch is set to zero (unvoiced).

ENERGY ROUTINE: An Energy factor (Gain) is produced as a by-product of the analysis algorithm. Parameter
values are valid for 20-25 ms. When the pitch period and reflection coefficients have been determined for a
frame, these values are used to derive RMS (root-mean-square) Energy, the output amplitude of a frame. If
RMS Energy is less than the RMS Noise threshold, the value is set to zero (silence).

A complete set of analysis parameters is called an analysis frame. Parameter values are updated several times
within a frame by means of interpolation logic to smooth transitions from frame to frame. Every 10-20 ms, LPC
analysis updates the values of the following synthesis parameters:

» Reflection coefficients representing linear prediction
» Type of excitation (Voiced or Unvoiced)

» Energy of excitation

» Pitch period (or frequency) of Voiced signals

Since LPC analysis represents the speech signal as a small set of parameters, the signal can be edited to
correct problems before re-synthesizing. SCT-6000 tool allows for speech/sound recording from an external
source. From the analog signal, it computes and codes linear prediction parameters and allows for their
modification (editing). The SCT-6000 tool also allows for sound-editing, e.g., cutting words, adding silence,
inserting, deleting portions of the signal. Powerful ROM generation software creates complete EPROM data with
words/sounds that have been previously recorded and coded.

Weaknesses of LPC:
1. LPC s an all-pole model.
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One weakness of LPC is that it is an "all-pole” model. That is, it provides only for resonances (or poles)
in the signal spectrum, but does not provide for "antiresonances" (or zeros). Antiresonances are
frequency regions in which no energy can be found. Some English sounds, such as Nasals ([u] as in
mom, [v] as in none, and [[] as in sing) and the Lateral ([] as in leaf), are characterized by
antiresonances (zeros) in their spectra. Therefore, these sounds often need editing.

2. The Filter is well described but the Source is not.
LPC adequately represents a variety of speech sounds (the "Filter" part of the "Source-Filter Model) but
it does represent the Source very well. In other words, voice qualities other than "Modal" ("Chest
register") such as Breathy, Harsh, Nasal, Twang, and Vocal fry, do not synthesize well. In addition, the
noise source is always uniform, white noise, so that sounds like [c] and [C] do not always synthesize
well.

3. Analysis frames are long (20-25 ms).
Analysis frames in LPC are 20-25 ms long, depending on whether the sampling rate is 8 kHz or 10 kHz.
Some sounds, such as Stops (i.e., [r] as in pin, [B] as in bin, [t] as in tin, [3] as in din, [x] as in came,
and [f] as in game) are characterized by rapid changes in frequency, called transitions, that are shorter
than 20 ms. Thus, Stops do not always synthesize well and often require editing.

A.1  MX Synthesis

MX stands for "Mixed Excitation Linear Prediction”. It is based on the LPC model, except that LPC produces
only Voiced and Unvoiced frames, while MX produces frames with "mixed" voicing. That is, for each frame,
there is a Voicing parameter, which assigns a value between "1" and "5" to determine the degree of voicing for
the frame. Values of "0" through "2" are at the Unvoiced end of the Voicing continuum, while values of "3"
through "5" are at the Voiced end of the continuum.

Advantages of MX:

» MX speech requires less editing than LPC
» MX speech has a more natural quality than LPC because of "mixed" Voicing.
» MX has low bit-rates ranging from 1 kb/s to ~4 kb/s.

A.2 CX Synthesis

CX stands for "Codebook Excited Linear Predictive Coding". It solves a major problem of LPC synthesis, i. e, its
simplistic model of excitation, or undifferentiated Source. In the sampling process, the speech is partitioned into
five consecutive blocks of input samples called vectors. Encoding and Decoding are performed on a block-by-
block basis. The vectors are quantized using a series of weighted impulses.

There are two excitation codebooks: An "adaptive codebook" for Pitch and a "stochastic codebook" for the
Residual (Error). For each input block, the encoder passes each of the 1024 candidate codebook vectors
through a gain-scaling unit and synthesis filter. The codebook vector that produces the best quality speech is
chosen as the Excitation.

Advantages of CX:

» CX speech does not need editing. In fact, it is impossible to edit CX speech.
» CX speech is very high-quality synthetic speech at low bit-rates (3 kb/s — 11.7 kb/s).

A.3 ADPCM Synthesis

ADPCM stands for "Adaptive Delta Pulse Code Modulation". ADPCM is very high-quality synthetic speech, but
generates some background "noise" in the signal that CX does not. The bit-rate is relatively high at 32 kb/s.
ADPCM cannot be edited in the SCT-6000.
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Appendix B: Editing Tips

B.0 LPC Editing Problems and Some Solutions

PROBLEM 1: Unwanted NOISE occurs at the beginning or end of signal.
» SOLUTION 1: Border-edit the signal to cut off silence before and after word(s).
» SOLUTION 2: Edit the Gain contour so that it tapers off gradually.

PROBLEM 2: Noise in the middle of the speech signal or between two words.
» SOLUTION: Reduce low-Gain frames to zero.

PROBLEM 3: Unnatural “puff of air” in a consonant or distortion in a vowel.

» SOLUTION 1: Check the first four K-parameters for values set to zero or for extremely low values extending
over 2-3 frames only. Replace these with values resulting from an approximate straight-line interpolation
from the corresponding parameters of adjacent frames.

» SOLUTION 2: Reduce the Gain of intervocalic consonants to zero. Redundant features of adjacent sounds
may still cause the correct sound to be perceived.

PROBLEM 4: Fricative seems to “whistle.” This is typical of [c] and [¢] produced by some speakers.
» SOLUTION: Check K1 or K2 and reduce values.

PROBLEM 5: A Voicing error is very common at the boundary between voiced and unvoiced sounds.
» SOLUTION: Change Pitch of the last Voiced frame to zero, and edit Gain, or copy Pitch of the last voiced
frame onto the first Unvoiced frame.

PROBLEM 6: Quality of a consonant is correct, but it is difficult to perceive.
» SOLUTION 1: If the consonant is not a stop ([xt« B f]), increase Gain and/or lengthen the sound by
repeating the last frame.
» SOLUTION 2: If the consonant is a stop, insert a silent frame or a low-Gain voiced frame. If there are
already several silent frames before the Voiced frame, eliminate them.

PROBLEM 7: Vowel quality is poor.
» SOLUTION 1: Look for abnormally low Pitch values and increase them so that they are in line with the rest
of the word.
» SOLUTION 2: Listen to each frame of the vowel, and identify the bad frame(s). Copy the K-parameters of
adjacent frames that sound right. Try to avoid using the same set of parameters for more than 3 frames.

PROBLEM 8: Vowel has a “ringing” quality.
» SOLUTION: Check for a mismatch of Pitch and K-parameters as above. Move the Pitch value of bad
frame(s) up or down a few steps.

B.1 K-PARAMETERS

B.1.0 Vowels
1. HIGH Vowels ([1] beat, [\] bit, [v] boot, [«] book) have LOW K2, K5.
LOW Vowels ([—] bat, [[T] father) have HIGH K2, K5
2. FRONT Vowels ([1] beat, [\] bit, [¢] bait, [«<>] bet, [—] bat) have LOW K4.
HIGH FRONT Vowels ([1] beat, [\] bit) have LOWER K4.
LOW and MID FRONT Vowels ([£] bait, [«>] bet, [—] bat) have HIGHER K4.
3. BACK Vowels ([v] boot, [«] book, [o] boat, [J] bought, [[]] father) have HIGH K4.
LOW BACK Vowels ([]] father) have LOWER K4
HIGH BACK Vowels ([v] boot, [«] book) have HIGHER K4.
4., ROUNDED Vowels ([v] boot, [«—] book, [o] boat, [1] bought): K1
LESS ROUNDED Vowels ([o] boat, [ 1] bought) have HIGHER K1;
MORE ROUNDED Vowels ([v] boot, [«—] book) and [w] have LOWER K1.

B.1.1 Consonants
1. STOPS
[n] pan, [1] tan, [«] can, [B] bait , [5] date, [ t] gate
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B.1.2

Sudden drop in Gain (Energy, A0).

o

O
©)
@)

VOICELESS STOPS: [n] supper, [«] pucker occurring between vowels are preceded by 1+ silent
frames. In final position ([r] beep, [x] beak) they are preceded by 4-5 silent frames with LOW Gain
(Gain, A0).

UNASPIRATED VOICELESS, which occur after /o/, as in spot, stop, school)

VOICED STOPS ([p] bet, [8] debt, [ ] get) in any position = 2 frames

ASPIRATED VOICELESS STOPS ([x] pin, [t] tin, [x] kin) which occur at the beginning of a syllable
= 3+ frames

FRICATIVES

[¢] five, [w] five, [6] thin, [0] then, [s] sue, [C] zoo, [#] shoe, [ | ] measure, [n] who
Less dramatic drop in Gain (Energy, A0) for 4-5 frames

AFFRICATES

[t %] chin, [571]] gin

Drop in Gain (Energy, AO) during frames 1-2 for STOP portion; rest corresponds to FRICATIVE.
APPROXIMANTS

[¢] red, [A] led, [] wet, [¢] yet

Gain (Energy, A0) and K-parameters change slowly and smoothly.

LIQUIDS

[¢] red, [A] led

K1 mid, K2 drastic drop, K3 and K4 HIGH.

NASALS

[u] seam, [v] seen, [ [] sing

Significant drop in K3; K2 HIGH.

Place Of Articulation

K1:
O

Lowest for LABIODENTALS ([¢], [@])

o VERY LOW for BILABIALS ([=], [B], [1])
o As Place of Articulation moves back in the oral cavity, K1 increases.
K2:
LOW [€] zeal, [8] deal
[w] win, [6] thin, [0] then, [v] xnow, [t] to
\ [n] pat, [B] bat, [¢] fat, [w] vat
[c] sat
HIGH [] fission , [ | fusion

K3/K4:

@)
@)

[] coat, [{] goat K3 > K4
Fronted [«T] came, [ 1] game (occurring before front vowels) K3 < K4

Gain (Energy, A0):
LOW el fat w Ivat n[lhat

\ Hol wetlIBLIbet 13 debt |t get in pet 10, lether 101 either
OolIsuell¢zoolk[1kin[Itl tin, [#%] shin, [ |] measure

HIGH Fronted Uk T icanel tTgain

[0, w] (five) Increases on last frame before adjacent vowel

(hive) Values are like those of adjacent vowels (but unvoiced)
(wife) Quick rise to the upcoming vowel

[6,0] (ether, either) Peak is mid-way through
[c,C] (sue, zoo) Ramps up or down to adjacent vowel

1 (fission, vision) Flatter contour than for [o, (]
(keen) Drops slightly in last frame of the aspiration
(teen) Aspirated: High on first frame, then decrease
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B.2 LPC Editing Techniques for Sound Classes

B.2.0 Consonants

» STOPS
VOICED STOPS [B, 3, f]: The basic problem with these sounds is that the interpolation logic of the
synthesizer chip updates LPC-parameter values 8 times per frame, making the abrupt transitions associated
with STOPS difficult to produce. Parameter smoothing is not advised since smoothing even one frame of a
[B] can makes it sound like [@w]. The technique in these cases is to accentuate the differences in parameter
values between frames for the STOP and frames for the adjacent sounds.
In initial position, it often helps to precede the VOICED STOP with a low-Gain unvoiced frame, which is
characterized by exaggerated K-parameter values (e. g., for word-initial [B], the extra frame should have K1
near zero).
To enhance the Aspiration of UNVOICED STOPS [r, 1, x] in syllable-initial position, make sure that the first
frame has a fairly high Gain (Energy, AQ) value followed by frames in which the Gain (Energy, AQ) value is
decreased by one or two steps.
In syllable-medial and -final position, UNVOICED STOPS should be preceded by one or more frames with
Gain (Energy, AQ) set to zero. In final position, if over-articulation occurred during recording, UNVOICED
STOPS may be too prominent. Decrease the Gain (Energy, AO) values.
Note that the UNVOICED STOP, [rn], should be SHORT (2 frames maximum) with lower Gain (Energy, AO)
than other UNVOICED STOPS.
FLAPPING OF [, 8]: When an ALVEOLAR STOP [, 8] occurs in a stressed (accented) syllable and is
followed by an unstressed syllable containing a vowel such as schwa [..] (which sounds like “uh” or “er”) as
in the words: writer, rider; latter, ladder; party, etc. In Standard American English, [, 8] is pronounced as a
FLAP [™], which sounds like a short [5]. A FLAP consists of 1-2 very low-Gain Voiced frames.

» FRICATIVES
LABIODENTAL FRICATIVES [¢, ©]:

o Voiced Labiodental Fricative [w]: In syllable-Initial position, all frames should be Voiced with smooth
Gain (Energy, AOQ) transitions to and from adjacent sounds. In final position, have 1-2 Voiced
frames followed by 2-3 Unvoiced frames with an Gain (Energy, AO) level of 1.

o Unvoiced Labiodental Fricative [¢]: In initial position, lengthen by adding identical frames. In final
position, Gain (Energy, A0) values should remain very low until the final frame.

INTERDENTAL FRICATIVES [6, 0]:

o Voiced (Inter)dental Fricative [4]: In initial position, shorten to two frames and introduce a sudden
increase in Gain (Energy, AO) for the second frame.

o Unvoiced (Inter)dental Fricative [6]: Use Gain (Energy, AO) values of 1, 3, 1, 2 (or increments) for
four successive frames

ALVEOLAR AND PALATOALVEOLAR FRICATIVES

o Voiced Alveolar and Palatoalveolar Fricatives: [, |]:In natural speech, these sounds are

characterized by both Voiced Gain (Voicing) and Unvoiced Gain (i. e., friction noise). In the LPC
MODEL, a frame must be either Voiced or Unvoiced; it cannot be both.
Switching back and forth from a Voiced frame to an Unvoiced frame may produce an acceptable
Voiced FRICATIVE. In final position, make most or all frames of final [{] Unvoiced (Pitch = 0). In
initial or medial position, insert one or more silent frames, then copy all K-Parameter values except
Gain (Energy, AQ) from adjacent Voiced frames. Gain (Energy, AO) should be zero in these frames.

o Unvoiced Alveolar and Palatoalveolar Fricatives [c, &] often require a decrease in Gain (Energy,
A0). Quality can be improved by editing K1 and K2. In initial position, The value of Gain (Energy,
AQ) should increase gradually from 1 to a maximum of approximately 7-8 (or increments).
Fricatives with a sudden Gain onset sound like AFFRICATES. In final position, the value of Gain
(Energy, A0) should decrease gradually to 1.

o Unvoiced Glottal Fricative: [n]: Shorten to two Unvoiced frames and decrease their Gain (Energy,
AO0) to low values. Voiced frames with low Gain (Energy, AQ) values may also be used. Copy values
for K1 through K4 from the immediately following Voiced frame.

» AFFRICATES [tOa, 80/ 1:

o Voiced Palatoalveolar Affricate [5[1]]: Make the first 1-2 frames Unvoiced (Pitch = 0). In final

position, the Gain contour may be decreased gradually.
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o Unvoiced Palatoalveolar Affricate [t[1%]: Rapidly increase Gain (Energy, AO) in the first 2-3 Frames.
Delete some of the middle frames of the FRICATIVE portion of the AFFRICATE.

NASALS [py |0

The LPC MODEL does not adequately account for NASAL Stops. Problems often occur at boundaries
between NASALS and VOWELS. NASAL-VOWEL transitions are often characterized by “pops” or “clicks.”
Decreasing Gain (Energy, A0) immediately before and after the boundary should make the pops/clicks less
noticeable. Smooth Pitch and K-Parameter contours across the boundary.

In final position, as Gain values decrease, the signal-to-noise ratio decreases, and a buzzing sound can
occur in some of the frames. This type of noise can be eliminated by one or more of the following
techniques: (1) Trim away as much of the NASAL as possible without making the word sound “clipped.”

(2) Slightly increase the Gain (Energy, AO) of the NASAL frames. (3) Identify the NASAL frames that seem
to “buzz” the least, and copy their values onto the noisy frames.

In word-medial position, insert an extra NASAL frame and/or decrease the Gain (Energy, AO) at the syllable
boundary.

B.2.1 Approximants [¢, A, ¢, ®] and Vowels

For some speakers, APPROXIMANTS (and VOWELS) in final position often fall to the lower limit of the Pitch
range, and FO needs to be raised by lowering values 1-2 steps. Final APPROXIMANTS (and VOWELS) tend to
be too loud, and the Gain (Energy, AO) should be lowered.

» HIGH VOWELS [1,v] and APPROXIMANTS (GLIDES) [¢, ] are particularly susceptible to a “ringing”

problem. This type of problem is probably addressed more successfully during recording rather than editing.

» The transitions between a HIGH VOWEL [1, v] and a GLIDE [¢, o] as in the words you [pv] and we [m1] are

even more difficult to achieve.

» LOW VOWELS [—, 7] and APPROXIMANTS (LIQUIDS) [e, ] can descend to a type of “growl” (called

vocal fry or glottal fry) for low-pitched voices. Use the same techniques as described above for “ringing
vowels:” (1) Smooth out Pitch (FO) and especially Gain (Energy, AO) contours. (2) Locate “good” frames
and copy their K-parameter values to the “bad” frames.
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Appendix C: Error and Warning Messages

The most common error and warning messages are listed below, in alphabetical order. The most serious
messages are printed in bold type.

>
>
»
»
»
»

»

v v

v v

v v v v v v v v

v v v v

v v v v v v v v v V¥

v

v v v v

»

Archive operation failed - The last archive operation failed, and the Project was not safely archived.
Cannot Run Several Instances - Another instance of SCT-6000 is already running.

Close Open Project First - Only one Project at a time can be open.

Could Not Add Phrase - The last phrase was not added to the current procedure.

Could Not Create Custom Coding Table - The custom coding table creation procedure failed.

Could not create TMP directory - The temporary directory was not created so that editing operations may
not work.

Could Not Register Classes - The program classes could not be registered. It is probably time to reboot
Windows.

Could Not Save Project - The current Project could not be saved, probably because there was no room left
on the disk.

Directory Creation Failed - The system failed to create requested directory: The path specified may be
wrong.

Duplicate File, Cannot Add - A Project cannot contain two .WAYV files with the same name and path.

Error reading PRM file - While converting (‘importing’) an SDS5000 document, a failure occurred while
reading the PRM file.

Error: Allocating Memory - There is not enough memory. It is time to reboot Windows.

Error: Analysis Already In Progress - Cannot launch another analysis batch while one is already running.
Error: Cannot Add File - A file could not be added to the Project

Error: Cannot Edit File - Now: The requested edit operation failed because the file is busy (probably being
played or analyzed).

Error: Could Not Launch Dialog - The dialog box could not be created, maybe because a DLL is missing.
Error: Could Not Start Timer - Windows must be very low on resources, and it may be time to reboot.
Error: File Too Large to Edit - There is a maximum size for .WAV files to be added to a Project.

Error: Invalid Analysis Method Name - The name of the analysis method was not found in any SCT-6000
DLL files.

Error: No Sampling Frequencies Defined in INI File - There are no allowed sampling frequencies defined
in the .INI file

Error: Nothing Selected - An operation on the selected region was requested when nothing was selected.
Error: Null Pointer - A NULL pointer was encountered: This message should never appear.

Error: Opening File - The system tried to open a file that did not exist, or it could not open an existing file.
Error: String contains delimiter character - A string contains string delimiter characters, which make the
"tokenizer" fail.

Failed to lock memory for format chunk - Internal message for audio input/output.

Failed to lock memory for header - Internal message for audio input/output.

Failed to lock memory for instance data - Internal message for audio input/output.

Failed to open waveform-input device - Internal message for audio input/output.

Failed to open waveform output device - Internal message for audio input/output.

Failed to write block to device - Internal message for audio input/output.

File Already Open - Cannot edit a file that is already being edited.

Format order file not found - the .QRD file (which defines the order of files in the formatted file) was not
found.

Invalid Format, Cannot Add - You have attempted to add an invalid file to a Project. (“Invalid” means that
the file format is not one allowed by SCT-6000.)

No concatenation selected - You have attempted to perform an operation on the current concatenation
when no concatenation has been selected.

No files found for custom coding table - You did not define any files to be used to create the custom coding
table.

No label entered, use CANCEL to exit dialog - No label was entered in the label dialog box.

Not enough memory for header - An internal message for audio input/output.

Not enough memory for instance data - An internal message for audio input/output.

Out of memory: It is probably time to reboot Windows.

Previous recording not saved, save it now? - The last recording operation was not saved to a WAV file.
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» QVSDS system not detected! - Software could not detect SCT-6000 hardware.

» Switch is set to programming mode - The SCT-6000 hardware is in programming mode and will not work
with SCT-6000 software.

» The waveform device can't play this format - An internal message for audio input/output.

» The waveform device can't record this format - An internal message for audio input/output.

» TMP directory name must be initialized - You failed to name the temp directory.

» TMP directory name was not initialized - The system failed to name the temp directory

» Unable to prepare wave header - An internal message for audio input/output
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The Interactive Speech™ Product Line

The Interactive Speech line of ICs and software was developed to “bring life to products” through advanced
speech recognition and audio technology.
The Interactive Speech Product Line was designed for consumer telephony products and cost-sensitive
consumer electronic applications such as home electronics, personal security, and personal communication.
The product line includes award-winning RSC series general-purpose microcontrollers and tools, SC series of
speech microcontrollers, plus a line of easy-to-implement chips that can be pin-configured or controlled by an
external host microcontroller. Sensory’s software technologies run on a variety of microcontrollers and DSPs.
RSC Microcontrollers and Tools
The RSC product line contains low-cost 8-bit speech-optimized microcontrollers designed for use in
consumer electronics. All members of the RSC family are fully integrated and include A/D, pre-
amplifier, D/A, ROM, and RAM circuitry. The RSC family can perform a full range of speech/audio
functions including speech recognition, speaker verification, speech and music synthesis, and voice
record/playback. The family is supported by a complete suite of evaluation tools and development kits.
SC Microcontrollers and Tools
The SC-6x product line features the highest quality speech synthesis ICs at the lowest data rate in the industry.
The line includes a 12.32 MIPS processor for high-quality low data-rate speech compression and MIDI music
synthesis, with plenty of power left over for other processor and control functions. Members of the SC-6x line
can store as much as 37 minutes of speech on chip and include as much as 64 1/O pins for external interfacing.
Integrating this broad range of features onto a single chip enables developers to create products with high
quality, long duration speech at very competitive price points.
Application Specific Standard Products (ASSPs)
Voice Direct™ 364 provides inexpensive speaker-dependent speech recognition and speech
synthesis. This easy-to-use, pin-configurable chip requires no custom programming and can recognize
up to 60 trained words in slave mode, and 15 words in stand-alone mode. Ideal for speaker-dependent
command and control of household consumer products, Voice Direct 364 is part of a complete product
line that includes the IC, module, and Voice Direct 364 Speech Recognition Kit.

Voice Extreme™ simplifies the creation of fully custom speech-enabled products by offering
developers the capability of programming the chip in a high-level C-like language. Program
code, speech data, and even record and playback information can be stored on a single off-
chip Flash memory. Based on Sensory's RSC-364 speech processor, Voice Extreme
includes a highly efficient on-chip code interpreter, and is supported by a comprehensive
suite of low-cost development tools.

Software and Technology

Voice Activation™ micro footprint software provides advanced speech technology on a variety of

microcontroller and DSP platforms. A flexible design with a broad range of technologies allows

manufacturers to easily integrate speech functionality into consumer electronic products.

Fluent Speech™ small footprint software recognizes up to 50,000 words; offers Animated Speech with the
ability to automate enunciation and articulation; performs text-to-speech synthesis in either male or female
voices; provides noise and echo cancellation, performs Wordspotting for natural language usage; offers
telephone barge-in; and provides continuous digit recognition.
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