Section 2    The SAAVB

2.1 What is SAAVB?

The Saudi Accented Arabic Voice Bank (SAAVB) [4] is a database of speech waves and their transcriptions of more than 1000 speakers covering all the regions in Saudi Arabia with statistical distribution of region, age, gender and telephones. The database has more than 300,000 electronic files. The followings are some of them:

• 51,600 PCM files of recorded speech via telephone,

• 51,600 Text files of the original text,

• 51,600 Text files of the speech transcription,

• 1032 Text files about the speakers.

2.2 What is the objective of SAAVB?
The purpose of SAAVB is to collect, analyze and organize the required speech data to be used in training the speech recognition system.

2.3 How the process of collecting data works?
At a high level, the process of collecting speech data is as follows. After selecting an appropriate participant, he/she should call the central system using either a mobile or a land line telephone according to his/her category. When the participant hears the ring tone at least once, the caller can hang up the phone without any charges. The proposed system immediately, assuming having an available outbound line, calls back the caller and starts the recording process following a certain procedure. The collected speech data will be periodically moved from the recording platform to the transcription platform where it can be analyzed. The transcription process can be described as a group of professional transcribers who listen to the recorded sentences and type exactly what they hear as the sentences are played back. The whole operations were tackled by taking one task at a time. After many preliminary ideas for the design, it became clear that the following subsystems were vital for implementing the SAAVB project:

1. A telephone interface system

2. A call flow recording system

3. A transcription system

4. A suitable backup and data management system

The system is composed of a telephone interfacing system, a call flow recording system, a transcription system and two backup and data management systems. When a participant calls, the call flow system notices an incoming call through its only one incoming line. It immediately identifies the caller’s number using the caller ID feature and passes it to another part of the call flow system which, in turn, will call back the caller on one of the outgoing lines. After that, a certain greeting and authentication procedure takes place through which the decision of continuing the recording process or not, will be made.

Each of the recording and the transcription systems has its own backup and data management systems. These systems are responsible for organizing data in a suitable form and also performing scheduled backup procedures of the collected and transcribed data.

2.3.1 How the Telephone Interface System is built?
Interfacing any device to a telephone line requires a thorough understanding of the telephone network and the way signaling is carried out. For this process it was found suitable, as also recommended by IBM, to use Intel Dialogic telephone interface cards. Since they could not get any digital telephone lines to use for the project, they had to go with the Dialogic D/41ESC analog interface cards. Each of these cards can be connected to four telephone lines enabling four independent simultaneous calls.
Each card was installed in a separate PC to insure maximum efficiency and reliability. The PCs were top of the line Pentium 4 PCs with very large hard drives to store the data. They were connected to each other by a local area network. For incoming calls, one line was enough since the only purpose of this line was to get the caller’s telephone number using the caller ID feature. That line was connected to a PC which was designed as the master controller of the other. They chose this caller ID call back technique because they did not want the participants to worry about the charges of the calls they were making, so that they could speak freely and naturally during the recording. Of course, this is not the optimal solution, where obviously it would have been better to get a toll-free line to receive the calls on.

Unfortunately, this was not possible due to the fact that mobile phones in Saudi Arabia are not capable of dialing a toll-free number.

On the master PC they connected another line for system monitoring. The purpose of this line was to call some of their project staff updating them on the system’s status.

The other PCs were connected to the rest of the lines. There was one line reserved for phone calls that their staff needed to make while in the lab.

2.3.2 How the Call Flow Recording System is operated?

This part required comprehensive understanding of the Dialogic card functions. The main approach was to develop a system that will identify the participant’s phone number, call him back and start recording. This was done using two programs:

a. The Call Receive program.

b. The Recording Call Flow program.

2.3.2.1 The Call Receive program
This program is responsible for identifying the caller’s ID (phone number) and passing it to the Recording Call Flow program.
There were suitable functions provided by Dialogic to do this, but unfortunately, they were not applicable to the type of Saudi Telecom Company switch that was connected to the lab telephone lines, therefore a different way of obtaining the information had to be found. After many attempts, it was found that the telephone company sends the caller’s phone number between the 1st and 2nd rings as long as the line was not picked up before that. Since the interface card had the capability of connecting only the analog signals on the line, without connecting the digital ones, they managed to record all events on the line before it was picked up. By this way they managed to listen to the data being sent by the telecom company on the incoming line. Using a method provided by Dialogic, which gets dialed digits on the line depending on certain conditions, they succeeded in obtaining the data transmitted over the line.

It had to check that the telephone number was valid, meaning that the call was not made from a phone card for example, which the system cannot properly call back.

The main limitation of the system was that the telephone participant dialed from had to be a direct line.

2.3.2.2 The Recording Call Flow program

This program was basically intended to fetch incoming numbers from the Call Receive program, call back the participants and start the recording process. But with time, they noticed further necessities which complicated the matter further, like for example transferring the call to another number than the one identified by the caller ID program.
2.3.3 THE TRANSCRIPTION SETUP

The transcription setup was done on an independent local area network (LAN). The description of this section can be divided into two parts:

1) The hardware setup

2) The software setup

2.3.3.1 The Hardware Setup

In this setup, an independent local area network was established consisting of a main server and a number of workstations.

The number of workstations used increased as the project progressed till it settled on nine PCs of different specifications and one main server. Each of these PCs was equipped with a comfortable headset to listen to the audio files thru.

2.3.3.2 The Software Setup

This setup can be divided into two parts, the backup and data management, and the transcription program. The transcription program was fully developed at KACST using Microsoft Access 2002.
The transcription program was designed to be kept on the server and accessed thru the LAN by the transcribers. The program will act as a link between the transcribers and the data (audio and text) files on the server where the database was created.

At first, the data files from the recording lab are copied to the transcription lab. Then, the wave files are generated out of the PCM files for the transcribers to use. After that, these files are automatically sorted by the transcription program.

2.3.4 THE BACKUP AND DATA MANAGEMENT SYSTEMS

This part is where most background system operations were designed. Since we used two different setups, one for the call reception recording system and one for the transcription system, the backup and data management systems were independent and separately designed.

2.3.4.1 The Recording Setup Backup and Data Management System

The backup and data management system for supporting the recording setup is very important as it is the basic infrastructure for collecting the speech data. The system is responsible for the following operations:

• Giving an indication of system power failure.

• Giving an indication of lab intrusion.

• Giving an indication of telephone line failure.

• Giving an indication of a participant’s completion of recording.

• Giving an indication of the size of data gathered by specifying the number of backup CDs required.

• Giving an indication of PC hanging or malfunction.

• Making a copy of completed caller data to a different location to simplify obtaining data by           KACST administrators.

• Making a daily backup copy of the collected data.

All these options were designed thru the System_Status and Sensor programs, which operate on the master PC. So, the master PC must be functional at all times to maintain accurate system monitoring.

In order to remotely communicate with system administrators, one phone line was reserved only for the System_Status program on the master PC.

2.3.5 The Transcription Backup and Data Management System

This system consisted of a single backup program written using Microsoft Visual Basic. The program would perform a daily backup copy of the entire database folder to multiple locations on the local area network.
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