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1. INTRODUCTION

Nowadays, voice and music integration in modern éatols such as dishwasher, washing
machine, microwave oven, calculator etc. and iugtg, human machine interaction is a common thing.
robotics it is also used extensively. Any customiz&lid sound file which resides on computer can be
integrated to AVR GCC program after extracting foeind file data which can be done using binary file
editing software such asex Editor Neo [1]. We used AVR processor based microcontroll@m&ga32 [2].
Clock frequency was chosen as 1MHz and WinAVR safeavhas been used for programming which has
built in libc AVR compiler [3]. After writing C prgram we have compiled it which has generated tlecbb
code (HEX file). The sound file data has been kephe Flash memory of the microcontroller anddeg to
DAC through PORT A of the microcontroller. From amdio amplifier circuit, output has been taken weher
an &2 speaker is connected. Fig. 1 shows the completkldiagram for the sound generation by AVR.

2. AUDIOFILE CLASSIFICATION

For transmission and storage purpose, differentpcession method of audio has been devised for
many years [4]. Due to different application anedhethere are two types of audio coding methodiand
given below
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Fig. 1 Complete block diagram of generating sousidgimicrocontroller

2.1 LOSSLESSAUDIO CODING
Lossless audio coding is based on linear predidotiawed by entropy coding [4]. Lossless audio
coding is divided into two groups as follows

2.1.1 UNCOMPRESSED
There are various files format which applies uncoeeped lossless audio format such as WAV,
AIFF, AU, RAW etc [5].

2.1.2 COMPRESSED
Lossless compressed file is efficient for storinglia data on disk but it takes more processing time
than lossless uncompressed audio file. FLAC, Wak/PAcAC (Apple lossless) etc. file applies this rioait

[5].

2.2 LOSSY AUDIO CODING
Lossy audio coding makes use of a psychoacoustitehad human acoustic perception to quantize
and code the audio signal [4]. MP3, Vorbis, Musépd®C, ATRAC etc applies lossy audio coding [5].

3. DATA EXTRACTION FROM AUDIO FILE

In our design we have applied WAV file format astliis file format no decoding is needed. To
convert any audio file to WAV file format we havead SWITCH Sound File Converter Software [6]. We
have used 8 bit DAC and one speaker.That is whyaadio file has to be converted to WAYV file coniag
these specification, uncompressed PCM format, 84miho and sampling rate is 8 KHz. Here, 8-bit data
takes 1 byte space in memory and there are 800flsgmer second. So 1 second sound file takes 8Kbyte
space in memory. In this project we have applisg#&nd sound as Atmega32 has maximum 32Kbyte Flash
memory. Fig. 2 shows the snapshot of Switch soilaccénverter software. From the menu bar of “Stwitc
sound file converter” software we have to go FileelAFile(s) or have to press ctrl+A from keyboard.
Selecting the desired file we have to click on EfezcOption button in the left bottom corner of sudtware.
Here a window will pop up where desired changegHeroutput sound file are selected. Finally pregshe
Convert button on right-bottom corner will convéinie sound file to our desired sound file formatfteA
converting any sound file to WAV file, we have tpem our desired file using Hex Editor Neairg
this software, we have extracted the data in dddionmat and copied it in a text file. Later thetemxsion of
the file containing the sound data has been chatmédh. As this sound has been sampled in 8 kHit 8-
mono mood, we have sent every sample to the DAQM framicrocontroller every 125 us
interval as microcontroller is set to run at 1MHedquency.
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Fig. 3 showsHex Editor Neo software overview. In this software, from menu bar have to open
our desired WAV file fronfile> Open > File Open. After opening the audio file, the binary datattod file
will be shown in this window. we can copy our reedi data from this opened window to a text filetera
the extension of the text file have to be changeohf*.txt

to *.h.
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4. DIGITAL TO ANALOG CONVERTER

In electronics, a digital to analog converter (DASOnverts binary code to analog signal. There are
various types and circuits for DAC but in this warle have used R-2R resistor ladder digital to apalo
converter circuit [7]-[9]. A basic R-2R resistodtder network is shown in Fig. 4.
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Fig. 4 Resistor ladder digital to analog conveciezuit

Bit 7 MSB (most significant bit) to Bit 0 LSB (leasignificant bit) are driven from microcontroller
ports. Ideally, the bits are switched between Qsv(digital 0) and Vref (digital 1) [10]. The R-2fRetwork
causes the digital bits to be weighted in theirtdbation to the output voltagedut. In this circuit 8 bits

are shown, giving 256 possible outputs. Depending oiiclvibits are set to 1 and which to 0 the output
voltage (Vout) will be a stepped value between lisvand Vref minus the value of the minimum steipOb
The actual value of Vref and 0 voltsn will dependtbe technology of the digital logic gates usedrige bit
8-0. In our case we will drive our microcontrolley standard +5 Volt supply and so Vref will be Txar a
digital value VAL, of a R-2R DAC of N bits of 0 V/\4, the output voltage Vout is given in [10] as

VAL
Vout = Vyef * oN @)

In this paper we have considered 8 bit DAC, so Mr#l hence 2256 with V=5 V. So VAL will vary
between 0b0000000 to 0b1111111. So we have fromatiequ(l) the minimum value of VAL will be
(00000001 = 1) and maximum value of VAL will be (1111111 = 255)

Vout = 5><$3 =0.0195 Votls 2
Vut = 5% 222 = 4.9804Volts 3)
8

So the output voltage of the DAC will swing betwee0195V to 4.9804V.

5. AUDIO AMPLIFIER

The output signal power from DAC is very weak tivdra speaker. To get notable and
audible sound, an audioamplifier circuit is usedvah in Fig. 5. This simple amplifier shows the LM a
high-gain configuration (A = 200). For a maximunirgaf only 20, the 10 uF capacitor connected framlp
to pin 8 has to be removed. Maximum gains betwegrard 200 may be realized by adding a selected
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resistor in series with the same 10 pF capacitbe T0K2 potentiometer will give the amplifier a variable
gain from zero up to the maximum [11].
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Fig. 5 Schematic circuit diagram for audio ampitifie

6. CIRCUIT DIAGRAM

Fig. 6 shows the complete circuit diagram. Thsistor ladder R-2R DAC is connected to the
microcontroller through PORT A and the “x” markddqe shows the output of the DAC. It is then fedh®
audio amplifier circuit. This circuit amplifies thpower of the input audio signal. Generated souwnd i
produced by an® speaker. The microcontroller is powered from séadd-5V power supply and the audio
amplifier needs +9V power supply for smooth operati
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Fig. 6 Complete circuit diagram of the sound getienasystem using AVR based microcontroller

7. AVR GCC PROGRAM

AVR GCC is the most popular ¢ compiler for prograimgnAVR based microcontroller as it is
completely free [12]. It also has some inherentaatizges over some traditional ¢ compiler [13]. The
program for the microcontroller has been writteiCiand compiled with AVR GCC. The sound file date h
been placed in a file called data.h and includethénprogram, then a loop reads those data onenéyand
sends to DAC connected to PORTA after every 128us,to sound has been re-sampled at 8 KHz 8 hit
WAV mode as described before. Fig. 7 shows the ftbart of the main C program.

8. SIMULATION AND RESULT

DAC circuit connected to ATmega32 can be simulaisithg Proteus ISIS 7 VSM. Fig. 10 shows
the circuit we just described before drawn in RusteTo check if our circuit really works, first vgent a
continuous data from microcontroller to DAC rangirgnary 00000000 to binary data 11111111 with 1
increment. Linearly incrementing the data will aiscrease the output voltage accordingly as shawn i
equation (1). If this process loops back than arlloscope we will see a triangular wave showniig. B.

In next step we have loaded our hex file to therawontroller and the sound output voltage graph
shown in Fig. 9 from Proteus ISIS 7 VSM oscilloseop
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In Fig. 10 we have drawn the resistor ladder R-2&RCDwith microcontroller and we placed an
oscilloscope to view the output wave shape at pdint
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Fig. 10 Simulation of the sound generation systemgiAVR based microcontroller using Proteus

9. CONCLUSION

In this paper, customized sound generation tegtenihas been shown in detail implementing
micrcontroller. Not only ATmega32 microcontrolleatbalso any 8-bit microcontroller can be used fos t
purpose. PIC microcontroller will also serve thepgmse. If it is necessary to store a large souled tlen
MMC or SD card can be used. MMC or SD card can camoate with microcontroller with its SPI protocol
[14]. In summary the whole process is like this£anversion of our desired sound file format to Wé&und
format. ii. Extraction of sound data. iii. Integmat of the sound data in main c program. iv. Comgilthe ¢
program. v. Programming the microcontroller witte thenerated HEX file. vi. Connecting the circuit as
shown in Fig. 6 vii. Simulation of the sound getierasystem is shown in Fig. 10 using Proteus Vidsting
of the circuit in real world.
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