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Abstract
In this paper a digital signal processor is designed on SPARTAN-6 
LX45 FPGA. This processor Consist of an signal analyzer i.e. it 
will do the compression, noise removal and amplification type of 
data management. This is a VLSI based paper means there are two 
sections, one is front end and other one is back end. In this paper, 
front end design means simulation, synthesis, and extraction of 
bit file is done using VHDL on Xilinx 14.2. Coming to back end, 
a micro blaze processor with AC-97 Audio Codec is designed on 
Xilinx 14.2 EDK (Embedded Development kit). Once all stages 
are completed, the processor will be flashed to a Xilinx Spartan-6 
LX45 FPGA board for testing and demonstration. Micro Blaze 
is a 32-bit RISC soft core processor available in Xilinx FPGA’s 
that provides embedded developers to enhance the performance of 
FPGA’s to perform DSP applications. With this basic premise, the 
research work is carried out on processing various analog signals 
into Spartan6-FPGA (XC6SLX45 - CSG320) in which the Micro 
Blaze Processor is capable of removing noise in the i/p analog 
signal and further process the analog signal through FPGA board. 
The required DSP system is designed using Xilinx EDK and Front 
end design is carried out using VHDL language. Finally the .bit 
files are downloaded onto the FPGA board and simulation results 
are verified using Xilinx IMPACT tool.
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I. Introduction
In the world today, the digital product industry is ever growing 
and the development of digitally based products is rising. Various 
industries such as audio, video, and cellular industry rely heavily 
on digital technology. A great part of this deals with audio signal 
processing. This aspect in engineering has gained increasing 
interest, especially with much of the world now turning to wireless 
technology and its applications to keep businesses and industries 
connected. The world of digital technology is certainly one that 
will be present for many years to come.
Audio signal processing is an area of electrical engineering that has 
rapidly grown in the past 30 years. Advances in digital hardware 
and digital computers have spurred this growth. Current integrated 
circuit technology, namely very-large-scale integration (VLSI), 
made it possible to develop smaller, faster, and cheaper special-
purpose signal processing. These circuits made it possible to 
construct digital systems capable of performing the complex signal 
processing tasks that are usually too difficult or too expensive to 
be performed by analog circuitry. Today, many of the functions 
usually performed by analog means are now realized by less 
expensive and more reliable digital hardware. 
This paper front end design is done on Xilinx 14.2, and back end 
design is done on Spartan-6 LX45 FPGA board shown below 
fig. 1.

A. Features of Spartan-6 LX45 FPGA:
Xilinx Spartan-6 LX45 FPGA, 324-pin BGA package• 
128Mbyte DDR2 with 16-bit wide data • 
10/100/1000 Ethernet PHY• 
On-board USB2 ports for programming and data transfer.• 
USB-UART and USB-HID port (for mouse/keyboard)• 
Two HDMI video input ports and two HDMI output ports• 
AC-97 Codec with line-in, line-out, mic, and headphone• 
Real-time power monitors on all power rails• 
16Mbyte x4 SPI Flash for configuration and data storage• 
100MHz CMOS oscillator• 
48 I/O’s routed to expansion connectors• 
GPIO includes eight LEDs, six buttons, and eight slide • 
switches
ships with a 20W power supply and USB cable• 

Fig. 1: Spartan-6 LX45 FPGA Board

II. Front End Design
Before coming to front end design it is important to know about 
National Semiconductor LM4550 AC ‘97 audio codec (IC3) ,it 
consist of four 1/8” audio jacks for line-out (J5), headphone-out 
(J7), line-in (J4), and microphone-in (J6). Audio data at up to 18 
bits and 48KHz sampling is supported, and the audio in (record) 
and audio out (playback) sampling rates can be different. The 
microphone jack is mono, all other jacks are stereo. The headphone 
jack is driven by the audio codec’s internal 50mW amplifier. 

Fig. 2: AC ’97 Audio Codec
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A. DSP Processor Functionality 
The DSP processor main functionality is it receives the audio 
signal through the audio codec LM4550 AC ’97 i.e. from Line In or 
MIC In of Spartan-6 LX45 FPGA and it can do the multi functions 
on the signal like amplification, noise removal and compression. 
Here, LM4550 AC ’97 will convert the analog signal in to digital 
signal why because DSP processor can do the operation on the 
digital signal only. After processing the signal again LM4550 AC 
’97 converts the digital signal in to analog, finally the output can 
collect from Hdphn Out or Line Out.    

B. UCF File Generation
# PlanAhead Generated physical constraints 
NET “SOURCE[2]” LOC = E4; 
NET “SOURCE[1]” LOC = T5; 
NET “SOURCE[0]” LOC = R5; 
NET “VOLUME[4]” LOC = P12; 
NET “VOLUME[3]” LOC = P15; 
NET “VOLUME[2]” LOC = C14; 
NET “VOLUME[1]” LOC = D14; 
NET “clk” LOC = L15; 
NET “BIT_CLK” LOC = L13; 
NET “SDATA_IN” LOC = T18; 
NET “SDATA_OUT” LOC = N16; 
NET “SYNC” LOC = U17; 
NET “AC97_n_RESET” LOC = T17; 
NET “n_reset” LOC = T15; 
NET “VOLUME[0]” LOC = A10;

II. Back End Design

A. Introduction to Micro Blaze Processor
The microprocessors available for use in Xilinx Field 
Programmable Gate Arrays (FPGAs) with Xilinx EDK software 
tools can be broken down into two broad categories. There are soft-
core microprocessors (Micro Blaze) and the hard-core embedded 
microprocessor (PowerPC). This tutorial will only focus on the 
soft-core Micro Blaze microprocessor, which can be used in most 
of the Spartan-II, Spartan-3 and Virtex FPGA families. The hard-
core embedded microprocessor mentioned is an IBM PowerPC 
405 processor, which is only available in the Virtex-II Pro and 
Virtex-4 FX FPGA’s. The Micro Blaze is a virtual microprocessor 
that is built by combining blocks of code called cores inside a 
Xilinx Field Programmable Gate Array (FPGA).
The Micro Blaze core is organized as Harvard architecture with 
separate bus interface units for data accesses and instruction 
accesses. Micro Blaze does not separate between data accesses to 
I/O and memory (i.e. it uses memory mapped I/O). The processor 
has up to three interfaces for memory accesses: Local Memory Bus 
(LMB), IBM’s On-chip Peripheral Bus (OPB), and Xilinx Cache 
Link (XCL). The LMB provides single-cycle access to on-chip 
dual-port block RAM (BRAM). The OPB interface provides a 
connection to both on-chip and off-chip peripherals and memory. 
The Cache Link interface is intended for use with specialized 
external memory controllers. Micro Blaze also supports up to 
8 Fast Simplex Link (FSL) ports, each with one master and one 
slave FSL interface. Writing software to control the Micro Blaze 
processor must be done in C/C++ language. Using C/C++ is the 
preferred method by most people and is the format that the Xilinx 
Embedded Development Kit (EDK) software tools expect. 

Fig. 3: Over View of Micro Blaze Processor

The EDK tools have built in C/C++ compilers to generate the 
necessary machine code for the Micro Blaze processor.
The inputs to the FPGA DSP system will be an MP3 bit stream that 
is preloaded onto a Compact Flash Memory (CFM) and any user 
interface control input. In addition, volume control is triggered 
by a change in the on-board rotary encoder dial position. The 
outputs of the MP3 decoder that is, 16-bit Pulse Code Modulated 
(PCM) outputs is obtained and the audio files are played through 
an external speaker. The PCM outputs need to be converted to 
analog format via the on-board stereo AC-97 codec hardware 
chip before the audio can be heard with an external speaker that 
can be attached through the audio jack with a 15 mW amplifier. 
The high level system block diagram for the ac97 codec system 
is represented below.

B. The System Includes

A. User Interface
The user interface provides the inputs to control the MP3 player, 
such as scanning, selecting, playing, pausing, and stopping the 
MP3 files. It will also allow to output related information (i.e. 
title and author of the song) on the LCD.

2. Compact Flash Memory Card
The compact flash memory (CFM) card supplies the preloaded 
MP3 files for the MP3 decoder system in the FPGA. MP3 files are 
loaded onto to the CFM using a PC and memory card reader.

3. On board Stereo Audio AC97 Codec
The Atlys board includes a National Semiconductor LM4550 AC 
‘97 audio codec (IC3) with four 1/8” audio jacks for line-out (J5), 
headphone-out (J7), line-in (J4), and microphone-in (J6).Audio 
data at up to 18 bits and 48KHz sampling is supported, and the 
audio in (record) and audio out (playback) sampling rates can be 
different. The AC97 codec (i.e., AD1981B) is used to convert the 
PCM format signal from the MP3 decoder into an audio signal, 
which is fed into an external speaker through an audio jack. 
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Fig. 4: Spartan 6 FPGA AC97-Codec Audio System

4. MP3 Decoder
A MP3 decoder runs on the Xilinx Spartan-6 XC6SLX45 FPGA 
that will decode the selected MP3 stream with the sampling 
frequency specified in the MP3 header. A typical sampling   
frequency is 44.1 kHz.

IV. Simulation and Analysis
Synthesis process converts user’s hardware description into 
structural logic description. It provides a means to covert 
schematics of HDL into real world hardware. Synthesis tools 
convert the described hardware into a net list that a vendor may 
use to create a chip or boardshown in fig. 5. 

Fig. 5: RTL Block Diagram for AC’97

Simulation refers to the verification of a design, its function and 
performance. It is process of applying stimuli to a model over time 
and producing corresponding response shown in fig. 6.

Fig. 6: AC’97 ISim Test Output

V. Conclusion
In this paper a FPGA based DSP processor is designed, this 
processor will do the process on the audio signal like compression, 
noise removal, and amplification. Here the DSP processor is 
designed using Xilinx EDK tool and software description is done 
using VHDL. finally the bit file is dumped in to Spartan-6 FPGA 
for verification.
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