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The Analog to Digital Convention

Introduction
This process occurs in a piece of hardware, typically an integrated card in your PC or an external telephone adaptor. 

Today every sound card allows 16 bit conversion from a band of 22050 Hz (for sampling you need a freq of 44100 Hz according to the Nyquist Principle) obtaining a throughput of 2 bytes * 44100 (samples per second) = 88200 Bytes/s, 176.4 kBytes/s for a stereo stream. 

http://www.voipreview.org/101.aspx (18/03/05)
Product
There are several types of analog telephone adapters. All ATAs create a physical connection between a phone and a computer or a network device; some perform analog-to-digital conversion and connect directly to a VoIP server, while others use software for either or both of these tasks. 

The simplest type of ATA has one or more RJ-11 jacks to plug a telephone (and/or a fax) into and a USB connector that plugs into the user's computer, laptop, or handheld device. This type of ATA often works in conjunction with some type of software (typically a softphone program). The software acts as an intermediary between the telephone and a VoIP server, digitizing voice data so that it can be transmitted over the Internet. 
In an enterprise setting, an ATA usually has multiple telephone jacks and an RJ-45 connection to a 10/100BaseT Ethernet hub or switch, and is used to connect to a local area network (LAN). Such an ATA digitizes voice data, and uses protocols such as such as H.323 or SIP to communicate directly with a VoIP server so that a softphone is not required.
http://searchenterprisevoice.techtarget.com/sDefinition/0,,sid66_gci1052450,00.html (24/03/05)

1. Cisco ATA 186 Analog Telephone Adaptor
The Cisco Analog Telephone Adaptor products are standards-based communication devices that deliver true, next generation voice-over-IP (VoIP) terminations to businesses and residences worldwide.
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Discription
The Cisco ATA 186 helps customers turn their analog phone devices into IP devices cost-effectively and is the preferred solution to address the needs of customers who connect to either enterprise networks, small-office environments, or the emerging VoIP managed voice services and local services market. 

Enterprise customers are using the Cisco ATA 186 to connect analog phones and FAX machines to their VoIP network. Service providers are taking advantage of emerging telephony applications and the ease of deploying second-line services using the Cisco ATA 186.
http://www.cisco.com/en/US/products/hw/gatecont/ps514/products_data_sheet09186a008007cd72.html (23/03/05)
2. V300ATA VoIP Telephone Adapter with Password Protection and Silence Compression Function
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Features
· Voice over IP call (through Gatekeeper) 

· PSTN phone call (bypass IP) 

· IP address calling (future firmware upgrade) 

· Conference call (Ad Hoc conference call) 

· Call features: call waiting, call hold, call forward, call ID 

· Auto (remove) software upgrade 

· Telnet and web based configuration 

· Password protection for web configuration 

· G.711, G.723, G.726, G.729a 

· Voice activity detection 

· Silence compression 

· Comfort noise generation 

· Echo cancellation 

· Jitter provisioning 

· Protocols: SIP (default), T.38 fax over IP support, DHCP client, DNS client, static IP, FTP 

http://www.globalsources.com/gsol/I/DSL-modem-manufacturers/p/2000000003844/3000000149681/1000320081.htm (23/03/05)

3. TLV320AIC22C
Description

The TLV320AIC22C contains two coders/decoders (codecs) for voice applications, including voice over internet protocol (VoIP). It features two analog-to-digital converter (ADC) channels and two digital-to-analog converter (DAC) channels that can be connected to a handset, headset, speaker, microphone, or a subscriber line via an analog crosspoint.
The TLV320AIC22C has a flexible serial interface that allows the two channels of the TLV320AIC22C to be interfaced to a single multichannel buffered serial port (McBSP) of the external digital signal processor (DSP). The two channels share the digital interface at different time slots. Up to four TLV320AIC22C units can be cascaded together to obtain eight channels. For control purposes, either the serial interface or the inter-integrated circuit (I2C) interface can be used. Programmable-gain amplifiers (PGAs), preamp gain, microphone bias voltages, and analog crosspoint are programmed through the serial interface or the I2C interface. The TLV320AIC22C can be powered down, via a dedicated terminal or by using software control, to reduce power dissipation.

The TLV320AIC22C is available in a 48-terminal LQFP package and is characterized for operation from –40°C to 85°C.
Features

· Two 16-Bit Analog-to-Digital Converters (ADCs) 
· Two 16-Bit Digital-to-Analog Converters (DACs) 

· Programmable Input/Output Gain 

· Analog Crosspoint to Connect the Two Coders/Decoders (Codecs) to Any of the I/O Ports –   Controlled Through the Serial Port or the Inter-Integrated Circuit (I2C) Bus 

· 8-Bit A-Law/µ-Law Companded Data or 16-Bit Linear Data Complying With G.711 Standard 

· Filters Comply With G.712 and G.722 Standards 

· Programmable Analog-to-Digital and Digital-to-Analog Conversion Rate 

· Typical 77-dB Signal-to-Noise + Distortion for ADC 

· Typical 78-dB Signal-to-Noise + Distortion for DAC 

· Supports 8- and 16-kHz Sampling Rates 

· Preamplifiers for Microphone, Handset, Headset, and Speakerphone Gain Selectable Via the Serial Port or I2C Bus 

· 2.5-V Microphone Bias Voltage 

· Seamless Interface to a Single Multichannel Buffered Serial Port (McBSP) of a C54x™ or a C6x Digital Signal Processor (DSP) 

· Four TLV320AIC22C ICs Can Be Cascaded Together to Allow up to Eight Channels 

· 2s-Complement Data Format 

· Differential Outputs 

· Typical Low Crosstalk < –85 dB 

· Hardware/Software Power Down 

· Independent Power Down for Drivers 

· Single 3.3-V Supply Operation 

· 204-mW Typical Power Consumption 

· Available in 48-Terminal Low-Profile Plastic Quad Flatpack (LQFP) Package
http://focus.ti.com/docs/prod/folders/print/tlv320aic22c.html  (22/03/05)
4. EJ-8-1 Set-Top Boxes Composed of Base Unit and Extension Unit, Cables and Telephone Adapter Available
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Features

· The easiest way to create a phone extension 

· Instant phone jack at any electrical outlet 

· A cost effective solution to provide a new telephone outlet 

· Composed of base unit and the extension unit 

· Cables and country specific telephone adapters also available 

· Low-power and high-frequency signals to send voice and data signals through the electrical wiring 

· Works with most DTMF tone equipment including modems, set-top boxes, the Internet TVs, phones, fax machines, cordless phones 

· A single base unit can support any kinds of extension units 

· Easy installation in minutes without tools and easily relocated within the home 

· Work throughout the house

· The security-coding feature enables installation in multiple dwelling units (MDUs) 

· Optimal for shifting a phone, fax or just for connecting the dial-up modem in any room 

· Security: using 16-bit EEPROM with continuous random number generation with code retaining circuitry 

· Multiple extension units can be used with one base unit, however only one extension at a time can be used 

http://www.globalsources.com/gsol/I/CATV-set-top-manufacturers/p/2000000003844/3000000152943/1000675482.htm  (24/03/05)
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