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Abstract— In digital media, quality of stereo sound is more enjoyable than mono sound and most of the audio appliances in 
the market are using stereo quality transmission The prime objective of this paper is to focus on the principle concepts of 
stereo sound enhancement techniques and implement a stereo sound enhancement algorithm on modern FPGA board. Field 
programmable gate arrays (FPGAs), provide one of the major alternative in hardware platform scenario due to its 
reconfiguration nature, low price and marketing speed and it provides us a custom hardware platform where we can design and 
develop the desired algorithm and architecture using different built-in custom logic, DSP cores and automatic HDL code 
generation facility.  The algorithm we have implemented is based on the concept of taking spatial information in audio 
components and enhanced it using delay and adding-subtraction techniques. This paper provides a basic methodology to 
convert a mono audio signal into stereo audio signal using behavioral approach in MATLAB. After that we have implemented 
hardware-in-the loop verification approach of the algorithm on Virtex-ml506 Board. We have used onboard audio Codec 
AC’97 for analog to digital conversion. Moreover we have added an extra facility of converting the sampling frequency from 
8KHz to even 96KHz to enhance the audio quality. The present of System Generator in Simulink software is to generate the 
VHDL codes in order to produce a bit file that can be uploaded to Xilinx Vertex-ml506 FPGA board and finally the audio wave 
file is played using headphones. 
 
Keywords— audio Codec AC’97,Chip-scope-pro, Reconfigurable architecture. System Generator 
 
 

I. INTRODUCTION 
 
Audio Signal is basically two types- Mono and Stereo. 
In digital media, quality of stereo sound is more 
enjoyable than mono sound. Stereo sound is produced 
from more than one channel. There are several ways to 
mix two mono sound channels to produce stereo 
sound. One method of stereo sound enhancement is 
achieved by widening the stereo sound filed, so 
listener can enjoy a clear and noiseless sound with 
great feeling. This stereo sound field can be widened 
with proper location of loudspeakers in the room to 
feel the stereo sound effect [1]. As the stereo sound has 
generally two channels, we can achieve desired stereo 
sound effect by controlling few parameters such as 
intensity of the signal, insertion a delay, phase shift, 
and frequency [5]. 
Moreover, designing it in FPGA environment is a new 
challenge as there are   very few examples of 
implementing the stereo audio processing on FPGA 
platform. Most of the audio related works have been 
done using MATLAB platform and designs have also 
implemented up to software level. Still No such clear 
cut hardware FPGA based audio solution readily 
available in market for stereo sound processing and 
create the interface with loudspeaker along and audio 
mixing facility. This paper presents the basic 
knowledge of stereo sound enhancement to design and 
develop an embedded audio processing unit capable of 
enhancing the stereo effect in various levels ranging 
from behavioral level to structural level. The 
MATLAB based behavioral model describes  a simple  

 
mono to stereo conversion using 3 sets of BPF whereas 
the other System Generator model employs the stereo 
sound enhancement technique implemented on 
FPGA. The later module also comprises of sampling 
rate conversion block to produce the desired audio 
sampling rate for comparison. We have simulated the 
proposed design both in simulink and Xilinx System 
Generator and then finally implemented onto Vertex 
FPGA for testing the quality of audio sound of 
different sampling frequencies. 
 
II. LITERATURE REVIEW  

 
There are very few literatures available regarding 
FPGA based digital solution. Pranav Harish kumar 
Sheth implements a stereo sound enhancement 
algorithm on Altera FPGA board Cyclone II 2C35) 
DE2 Board[5]. He had implemented the algorithm in 
Matlab with FIR band pass filter and with moving 
average filter. He had verified the filters functionality 
with different orders of filter. Next Santosh Kumar 
Thouta  implements a Mono to Stereo Synthesizer on 
Altera FPGA which is a synthesizer that can convert 
mono audio signal into stereo audio signal[6].A 
graphical user interface was developed using 
MATLAB, which allows tuning the frequencies, gain 
and order of the digital filters in the synthesizer to 
adjust the enhancement in the audio quality. After that 
L.C Loong, N.C Kyun, C.J Hui and N.K Noordin 
describes on multirate filters design using Xilinx 
SysGen block[7] where Two SDR models are 
considered; one with System Generator and one which 
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was absed on Matlab Simulink. The model of System 
Generator employs sampling rate concept, while the 
model of without utilizing System Generator employs 
multirate filter concept. 
 
III. PROPOSED SOLUTION 
 
There are several ways to mix two mono sound 
channels to produce stereo sound. While mono is 
perfect for broadcasting, some output formats, such as 
radio or audio CD creation should be produced in 
stereo. Currently most of the audio appliances in the 
market are using stereo quality transmission, but there 
exist a few applications such as radio broadcasting and 
several audio/video transmitter devices where mono 
transmission is used because of high cost involved in 
providing stereo quality. A mono to stereo synthesizer 
(shown in Figure III.a) would be a handy hardware 
that would allow the user to enjoy stereo quality audio 
even from the existing mono audio devices[3]. 
Now there are several techniques by which stereo 
sound can be enhanced and the quality will be 
improved according to the requirement. In order to get 
a good stereo effect the filter parameters such as order 
and gain should be tuned properly. Pass band 
frequencies used for both the left and right channels 
are  
1) Common pass band for both left and right channel 
is 20 Hz - 3 kHz.  
2) Left channel exclusive pass band frequency range 3 
kHz - 9 kHz.  
3) Right channel exclusive pass band frequency range 
9 kHz - 21 kHz.  

 
Figure III.a:  Block Diagram of Mono to Stereo Converter 

 
Reverberation algorithm is a circuit used to enhance 
the stereo sound. This algorithm is worked as post 
processing of sound, which happens before playing the 
actual stereo sound. This circuitry is fixed inside the 
stereo playback system. Any stereo playback system 
requires two input channels and two output channels. 
Both input channels are processed through this 
algorithm. Two loudspeakers are used as an output 
media to play output channels [6].  

 
Figure III.b: Block Diagram of Stereo Sound Enhancement 

Algorithm 
 
Sampling rate conversion method is widely used in 
most application nowadays included audio sampling 
rate conversion. There are many ways to convert a 
digital audio stream from 48 KHz to 44.1, 22.05, 
11.025, 8 KHz. One of the methods is to use three 
multirate conversion filters in cascade to achieve the 
required overall fractional resampling ratio, while 
preserving the signal integrity between 0 and 20 KHz. 
For sampling rate conversion from 48 KHz to 44.1 
KHz, the sequential ratios 8:7, 5:7, and 4:3 are used 
.In this way we can convert the sampling frequency 
from one to another easily.[4] 

 
Figure III.c: Block Diagram of Sampling Rate Conversion 

 
Digital FIR filter enhances the signal by performing 
mathematical operation on the signal. The equation of 
Nth order digital FIR Filter is written as under- 

……….(1)  
In equation 1, N is filter order, y(k) is the filtered 
signal a(n) is the coefficient of a sample and x(k-n) is 
the input signal .   

 
Figure III.d:  Block diagram for FIR filter with delay 

 
Where Z-1 is the amount of delay applied to each 
signal. A band pass filter is simulated for stereo sound 
enhancement algorithm. Digital FIR filter 
performance can enhanced by varying filter order and 
cut off frequency.  There are several tests performed to 
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chose filter order and cut off frequency for better stereo 
sound effect.[10] 
The block Diagram of Stereo Sound Enhancement 
consists of 3 computational blocks. Each Block has its 
specific function as discussed briefly later. Here we 
first placed a 2 channel Synthesis Sub-band Filter in 
the place of 2:1 multiplexer. And we get a very high 
quality response. But after analyzing the result we get 
to know that the output sound becomes again mono 
type. So we have to replace the sub-band filter with 2:1 
multiplexer so that we can get stereo sound. More 
over, the output signal from digital filter becomes so 
weak so that we have to add some gain adjustment 
block to achieve required output signal. 
 

 
Figure III.e: Block Diagram of The System 

 
IV. LAYOUT OF THE REPORT 

 
This project report is divided into the following phases: 
Firstly, Abstract and Introduction, Technical 
background and Proposed Solution where we will 
discuss the previous work done on this topic and what 
we want to do in our project. Every hardware and 
software components in detail is discussed then. Then 
there is the simulation and testing and results 
gathering. After that providing conclusion & future 
Scope and any improvements required. 
 
V. IMPLEMENTATION 

 
Our design consists of three main parts: simulate the 
proposed System Generator design in Simulink, test 
design in hardware using the JTAG connection on the 
Vertex board (hardware loop verification) and finally 
deploy standalone design that will operate with ac97 
Audio CODEC on the Vertex board. 
 
VI. HARDWARE IMPLEMENTATION 

 
JTAG co-sim block- We can quickly verify algorithm 
in FPGA by establishing communication between 
Simulink and target board Virtex®-5 ML506 
FPGA.We have created JTAG co-simulation board 
support package via the System Generator token 
representing implemented design. Figure V.I.a shows 
the complete JTAG co-simulation block of proposed 
design. 
 

 
Figure V.I.a: JTAG co-simulation block 

 
We have set the simulation time start/stop time to 
capture 8046 audio samples (size of input audio wave 
file) and performed JTAG co-simulation. After 
downloading the bitsream file to FPGA via JTAG 
cable, Simulink transmits sample to FPGA for 
processing via Simulink sources and FPGA transmits 
processed signals to Simulink through which user can 
view processed samples using available Simulink 
sinks. Finally we have been successful of generating 
.wav file audio_jtagcosim.wav from co-simulation 
block.  
AC97 CODEC- The Audio Codec ‘97 (AC ‘97) 
Architecture and Digital Interface (AC-link) 
specifically is designed for implementing audio and 
modem I/O functionality in mainstream PC systems. 
As we are using here on board stereo AC97 audio 
codec so we have to create HDL wrapper which 
includes common board support packages (.ngc,ILA 
and ICON), and Instantiates the AC97 controller, 
DCM, and System Generator audio design.HDL 
wrapper Interfaces SysGen design to External 
Components and is generated from SysGen .mdl 
model. Figure V.I.b shows Interfacing to AC97 Codec 
with System. 
 

 
Figure V.I.b:Interfacing to AC97 Codec [6] 
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 Next we have implemented the algorithm in 
hardware that includes the interface to the AC97 on 
the Vertex board after connecting cables (audio, 
headphones, standard USB cable for configuration, 
power) and Invoking standalone IMPACT 
programmer to generate the bit file and download into 
FPGA. Then the processed audio.wav file has been 
generated which can be listened using headphones 
connected to line-out port of AC97 which bears 
enhanced quality in comparison with the input audio 
file. Moreover we have inserted Chip-scope-Pro 
cores(ICON and ILA for on-chip verification of 
interface via Chip-scope Analyzer) in the AC97 
controller VHDL netlist wrapper using the Chip-scope 
Core Inserter to perform loop back test, debug and 
analyze  the proposed design shown in Figure V.I.c. 
Using chip-scope-pro triggers, we have captured both 
left and right audio output data of AC97 
controller/CODEC (shown in result section). 
 

 
Figure V.I.c :Loop back test of proposed design unit using 

Chip-scope-pro 
 
VII. SOFTWARE IMPLEMENTATION 
 
The project describes the whole system in Xilinx 
System Generator software which will convert mono 
audio signal to stereo signal through a block which 
works on MATLAB, then enhance the quality of 
stereo sound by reverberation algorithm block and 
finally convert the sampling frequency as we required. 
The design is implementing in Xilinx System 
Generator software in association with MATLAB 
Simulink. 
 
Mono To Stereo Conversion 
     This code can be attached with the remaining 
System Generator block using a M-File Block. We 
have completed the coding till date and merged it as a 
System generator block. 
Stereo Sound Enhancement Algorithm 

 
Figure V.II.a: System Generator Model of Reverberation 

Algorithm 
As the input is stereo so it has to be un-buffered and 
either channel is selected using a demultiplexer. Then 
the two outputs of demultiplexer are inserted in two 
Gateway in block. Outputs of Gateway In block are 
inserted in Reverberation Algorithm sub–block. Then 
it is inputted to Gateway out block.  Then the two 
outputs can be merged using a multiplexer. But at that 
case the output quality will not be better. So to enhance 
the quality of stereo sound more, we use here a 
2-channel Synthesis Sub-band Filter .It is actually a 
band-pass filter which enhance the quality of the 
stereo sound by selecting some appropriate 
co-efficient values.  
 
Reverberation Subsystem Architecture 
Actually it acts as a comb filter. a comb filter can 
transmit the direct as well as the reflected sound. A 
reflected signal is implemented by adding a certain 
delay element to the direct signal and attenuating the 
signal so that it is not as loud as the direct sound. 
Mixing the reflected signal with 
 
 

 
Figure V.II.b: System Generator Model of Reverberation 

Subsystem 
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the direct signal provides an audio where one can hear 
both the straight sounds and the reflected sounds. 
 
Sampling Rate Conversion 

 
Figure V.II.c: System Generator Model of Sampling Rate 

Converter 
 
Here we change the sampling frequency from 32 KHz 
to 44KHz. But here, there is 2 channels as the audio 
file is stereo. So we have to select the sampling 
frequency as 44x2 = 88 KHz to make 44KHz stereo 
signal. So the ratio is 32:88 i.e 4:11. So the 
consecutive ratios are: 2:11, 2:1 and 1:1. Though the 
input frequency is 48 Khz. But the processed output 
from buffer block is 32 KHz. So we have to convert it 
from 32 KHz to 44KHz. The full deployment flow is 
shown in the Figure V.II.c. 
 
Digital Filter 

 
Figure V.II.d: System Generator Model of Digital FIR Filter 

 
After that we have added a digital filter by which we 
can eliminate the internal noise . But the output signal 
from digital filter becomes so weak so that we have to 
add some gain adjustment block to achieve required 
output signal. 
 
 

 
Figure V.II.e: System Design flow 

RESULTS 
 
This section will present the results and spectrum of 
proposed unit for both the software simulation in 
SysGen .and hardware co-simulation using 
Chip-scope-pro. There are not so much related works 
available to the best of our knowledge showing the real 
time FRGA board implementation of stereo audio 
enhancement. 
 

 
 

Figure VI.a: Real Mono Audio Spectrum 
 

 
Figure VI.b: Output Spectrum of Mono to Stereo Conversion 

Unit 
 

 
Figure VI.c. Stereo output responses using all 8th, 16th and 32nd 

order filters 

 
 

Figure VI.d: Output Spectrum of Reverberation Architecture 
Unit 
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Figure VI.e: Output Spectrum of Sampling rate Conversion Unit 
 

 
 

Figure VI.f: output spectrum of Filter and Gain block 
 

 
 

Figure VI.g :Output of JTAG Co-simulation ( listen to 
audio_jtagcosim.wav file) 

 
 

Figure VI.h: Output of Chip-scope-pro 

The Figure VI.i shows experimental arrangement of 
listening the processed stereo audio file(inputted from 
mobile phone) from line out port of AC97 audio 
CODEC of Vertex FPGA board using headphone.   
 

 
 

Figure VI.i: experimental set up 
 
CONCLUSION & FUTURE SCOPE 
 
The project focused on design of Stereo Sound 
Enhancement System on Xilinx System Generator 
Software environment and the implementation of the 
design on FPGA. But still we feel that the real time 
verification of the output of the FPGA should be done 
for the project before becoming a complete product. So 
we will do this next. 
In future we want to add another facility of Acoustic 
Noise Cancellation so that we can get better stereo 
effect and to design an audio mixer that mixed two 
audio inputs and allowed for the control of the mixing 
in real-time.  In addition to mixing the signals, the 
user would be able to record and playback mixed 
sound and apply different audio effects to the mixed 
sound: echo, reverberation, time-stretching, FFT 
based graphic equalizer to equalize the magnitude 
with an navigated user interface. 
 
REFERENCES 
 
1]Habib Estephan, Scott Sawyer, Daniel Wanninger, 
“Real-Time Speech Pitch Shifting on an FPGA”,2008. 
[2]“FPGA-based MP3 Player” ,Lalu Luka, Dr. Yufeng 
Lu and Dr. In Soo Ahn, May 10, 2010. 
[3]“Design And Development Of A Multirate Filters 
In Software Defined Radio Environment” L.C Loong, 
N.C Kyun, C.J Hui and N.K Noordin, Department of 
Computer and Communication Systems Engineering, 
Universiti Putra Malaysia, 43400 UPM Serdang, 
Selangor, Malaysia. 
 [4]Pranav and Harish Kumar Sheth, 
“Implementation of Stereo Sound enhancement using   



International Journal of Electrical, Electronics and Data Communication, ISSN (p): 2320-2084, Volume-1, Issue-3, May-2013 

 Design And Implementation Of Stereo Sound Enhancement On FPGA 
 

89 

MATLAB”, Charotar Institute of Technology 
Changa, India, 2005 
[5]“Mono to Stereo Synthesizer Implementation on 
FPGA”, Santosh Kumar Thouta,  CMR College of 
Engineering and Technology, India, 2006. 
[6] Revision 2.3 April, 2002 ac97_r23.pdf 
[7] Loong, Kyun, Hui and Noordin, “Design and 
development of multirate filters in SDR”  
International Journal of Engineering and Technology, 
Vol. 5, No. 2, 2008, pp. 74-82 
 
APPENDIX  
 
function nargin = mono2stereo(Filename) 
%UNTITLED2 Summary of this function goes here 
%   Detailed explanation goes here 
%if(nargin==null) 
 %   error('no input'); 
%end 
try 
    [AudioData,Fs,nBits]=wavread(Filename); 
catch 
    error('cant read input wav file'); 
end 
index_AudioData= size(AudioData); 
index =index_AudioData; 
if(index ~=1) 
    error('this is not a mono file'); 
end 
Audio_data_stereo(:,1)= AudioData; %side1 
Audio_data_stereo(:,2) = AudioData; %side2 
wavwrite(Audio_data_stereo,Fs,nBits,'r2.wav'); 
soundsc(Audio_data_stereo,Fs,nBits); 
disp(['WAV file',Filename,' is generated in working 
directory']);  
end 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

OVERVIEW OF XILINX VIRTEX-5 FPGA 
ML506 
 

We are using Vitrex ML506 FPGA board in our 
project. The XtremeDSP™ development platform — 
Virtex®-5 ML506 FPGA edition is a feature-rich DSP 
general purpose evaluation and development 
platform. Though economically priced, the ML506 
offers users the ability to create DSP based and high 
speed serial designs utilizing the Virtex-5 FPGA 
DSP48E slices and RocketIO™ GTP transceivers. A 
variety of on-board memories and industry standard 
connectivity interfaces add to the ML506’s ability to 
serve as a versatile development platform for 
embedded applications 

 

 
 

Figure VII.a :Xilinx Vertex ML506 board 
 
 
 

 


