VOICE COMPRESSION USING ADSP2105





	DSP Processors are widely used for analog signal processing such as filtering, compression of voice signal and image processing. The processor has powerful instruction sets and most of the instructions are one cycle execution. So that the result can be obtained much faster and efficient, which is required for Analog signal processing.





	In this project, we are using ADSP 2105 (DSP) processor for voice compression and retrieving. The block diagram is shown below.�





This voice signal is picked up by microphone and it is amplified by the Pre-Amplifier to 0-5V level. The amplified signal fed to CODEC. The CODEC has an ADC (Analog Digital Converter), which receives the signal from pre-amp and converts it in to Digital data. The Converted digital data is encoded in serial format and transmitted to DSP processor by the CODEC. The CODEC and DSP processor are linked by synchronized serial port.





	The processor has two memory blocks externally, Data memory and Boot memory. On power on reset the program from the Boot memory (which is developed and stored in EPROM) is loaded to the internal Program memory of the processor. After the completing loading sequence it starts executing.





	The program is developed such that to receive the data from CODEC and compress it using Linear Predictive Coding (LPC). The compressed data are stored in external data memory (DM). When the IRQ pin is asserted the data from DM is read and expanded. The expanded data is transmitted to the serial Port (to CODEC).





	The CODEC receives the data and decodes it. The decoded data is fed to DAC (which is build-in CODEC). And the DAC reproduces the exact analog signal and amplified by the Audio Power Amplifier.
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