EMBEDDED VOIP PHONE

Objectives

The goal of this Project is to implement a complex real-time embedded application using the uC/OS-II real-time kernel. The application that students will implement in this lab is an embedded VoIP phone. The students will use the Embest development system to develop embedded VoIP phone. A working VoIP embedded phone should be able to perform duplex phone

communication with the other boards. At the end of the Project all of the systems or boards will be connected through an Ethernet switch and students will prove the functionality of their implementation by performing duplex communications with other systems or boards.

Introduction

Due to intense research into the VoIP technology, there are a large number of commercial VoIP products in the market today. VoIP or Voice over Internet Protocol, is a method for taking analog audio signals like the kind you hear when you talk on the phone and turning them into digital data that can be transmitted over the internet. There are three different flavors of VoIP service in use today:

• ATA (Analog Telephone Adaptor): The ATA allows you to connect a standard phone to your computer or your internet connection for use with VoIP. The ATA is an analog to digital converter. It takes the analog signal from your traditional phone and converts it into digital data for transmission over the internet. Providers such as Vonage and AT&T CallVantage are bundling ATAs free with their services.

• IP Phones – These specialized phones look just like normal phones with a handset, cradle and buttons. But instead of having the standard RJ-11 phone connectors, IP phones have an

RJ-45 Ethernet connector. IP phones connect directly to your router and have all the hardware and software necessary right onboard to handle the IP call. Soon, Wi-Fi IP phones will be available, allowing subscribing callers to make VoIP calls from any Wi-Fi hot spot.

• Computer-to-Computer – This is certainly the easiest way to use VoIP. You don’t even have to pay for long-distance calls. There are several companies offering free or very low-cost software that you can use for this type of VoIP. All you need is the software, a microphone, speakers, a sound card and an internet connection. Cisco IP phones have become an instant favorite of many companies, educational institutions and other organizations. The advantage of deploying these phones results in direct price saving, as lines do not have be leased from phone companies. The 7900 Series IP phones from Cisco offers a host of features and advanced customization options. These phones are connected through a virtual LAN, which guarantees adequate bandwidth for communications. 

The VoIP Phone System: Packet Switching

Data networks do not use circuit switching. Your Internet connection would be a lot slower if it maintained a constant connection to the Web page you were viewing at any given time. Instead, data networks simply send and retrieve data as you need it. And, instead of routing the data over a dedicated line, the data packets flow through a chaotic network along thousands of possible paths.  This is called packet switching.

While circuit switching (used in switching telephony) keeps the connection open and constant, packet switching opens a brief connection – just long enough to send a small chunk of data, called a packet, from one system to another. Packet switching is very efficient. It lets the network route the packets along the least congested and cheapest lines. It also frees up the two computers

communicating with each other so that they can accept   information from other computers, as well.

VoIP technology uses the Internet’s packet-switching capabilities to provide phone service. VoIP has several advantages over circuit switching. For example, packet switching allows several telephone

calls to occupy the amount of space occupied by only one in a circuit-switched network. Using PSTN (Public Switched Telephone Network), that 10-minute phone call we talked about earlier  Consumed 10 full minutes of transmission time at a cost of 128Kbps. With VoIP, the same call may have occupied only 3.5 minutes of transmission time at a cost of 64Kbps, leaving another 64Kbps free for that 3.5 minutes, plus an additional 128 Kbps for the remaining 6.5 minutes. Based on this simple estimate, another three or four calls could be easily fit into the space used by a single call under the conventional system. And this example doesn’t even factor in the use of data compression, which further reduces the size of each call.

Preparatory Examples

In this Project you will use you will learn how to download a file to the development board through an Ethernet connection and

how to store a wav file using the IIS interface. The following are the requirements for this part:

1. Perform the IIC Serial Communication.

2. Perform the Ethernet Communication. 

3. Perform the IIS Voice Interface.

Implementation Requirements for the VoIP Embedded Phone

In this part you have to develop a complete VoIP embedded phone using the MicroC/OS-II RTOS and the Embest Development System. 

The functional requirements of the phone are:

• Use the key pad to introduce a group number to be called

• Use the key pad to send a short message to a group connected.

• Broadcast your phone status (online/busy) to other groups

• Use the LCD to display the group number connected to

• Use the LCD or UART0 to display the time passed while connecting with a MAC address

• List all the online groups

• Caller ID

• Answer machine (option)

• Use the microphone and the earphones to perform a duplex audio communication.

Implementation Requirements for the VoIP Embedded Phone 

In this part you have to develop a complete VoIP embedded phone using the MicroC/OS-II RTOS and the Embest Development System. The minimum functional requirements of the phone are:

• Use the key pad to introduce the IP address called

• Use the LCD to display the IP address connected to

• Use the LCD and the 8-SEG LED to display the time passed while conversing with an IP address

• Use the microphone and the earphones to perform a duplex audio communication

Embest S3CEV40 EVB for S3C44B0X 

This is a platform that is suitable for code development of

Samsung's S3C44B0X 16/32-bit RISC microcontroller (General ARM) for hand-held device and general applications.

S3C44B0X consists of 16-/32-bit RISC (ARM7TDMI) CPU core, 8KB cache, optional internal SRAM, LCD controller (up to 256 color DSTN), 2-ch UART with hand-shake (IRDA1.0,16- byte FIFO), 4-ch DMA, System manager (chip select logic, FP/ EDO/SDRAM controller), 6-ch timers with PWM, 71-bit general purpose I/O ports, RTC, 8-ch 10-bit ADC, IIC-BUS interface, IIS-BUS interface, Sync. SIO interface and PLL for clock.

Embest S3CEV40 EVB consist of S3C44B0X, boot Flash, SDRAM, LCD&TSP touch screen interface, two serial communication ports, ethernet interface, USB interface, keyboard interface, IIS(sound) interface, exterior IDE port, Nand Flash, RTC, JTAG interface and 8-SEG. Embest S3CEV40 EVB provide a high performance and low cost solution for embedded engineers.

Hardware specification

· Dimensions: 190 x 190 mm(main board)

· 5.0V DC or USB power supply

· 2 M bytes 16-bit Flash

· 8 M bytes 16-bit SDRAM

· 4K bit EEPROM with IIC BUS

· 2x RS232

· USB connecter

· 10M Ethernet interface connector

· microphone import

· IIS audio frequency export (speaker out)

· 16 M Bytes Nand Flash

· external IDE port

· LCD&TSP touch screen port

· 320×240 LCD * (optional)

· 4×4 keyboard * (optional)

· Reset button

· 2 interrupt buttons and 2 LEDS

· 8 segment leds

· 20-pin JTAG interface connector

· 4 groups 2×20 PIN expansion connectors of CPU
Software Specification
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