AN2E Hdls

4.1 AI2E2 IR
4.2 AH2E2 D12 e
4.3 Ai2E2 MEW NSFE 3!




o

4.1 AFHS

Ki0

o ANNEE9

o AFEE8 MA IS

Iﬂ./l.
nJ
Ul

0t

L

KO
Ul
Ny

JI
o3

4
o

=)

512

(ZEIDICIO

040

00
0I0

70
0l0

i

ol
0l0

52 MG Al A

.

o

A2+ 32 0ICIO

gt
=2

o
TT

J

=
S




4.1 AI2E2| i

QBN Ol 22
o =4 (V0|ce)

L
>
M
il
)
. 0
T HI
ﬂll
Tru
[

e =2 (Music)
- U=z S 2d, L= d2HE A RS 20 HS
- T2 2R, 3eMdE, 28 S 2E

e =23 JH(Sound Effect)
- B2 AIEE0 8= S0 88 JUAH N
XA O < (83

=] HIZ [, XISHE)
™ A& Ol(Natural) 23 0t g & =l (Synthesized) =

= (
=,



4.1 AI2E2] I

o ZFEOUA Xelote 2HEHUH HE =&
e [LIXIE 202 (Digital Audio)
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e ([[LCI (MIDI: Musical Instrument Digital Interface)
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MZBEL JE 24
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F = (Frequency)
S A2E IEo| Bt= Sl
12 =X0|E 28 FlrIl=2H N3, 4o H M43

. JIE =T (2L R) 20Hz~20KHz, &2+ 1K~6KHz0l MY 212
. AP0l & 4 e F0H (= 2 100Hz~6KHz
- [l =L USE 7= (H2)

3K ~ 30K Z 2T
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300K ~3M | = AM 20| @ gt& (535~1605)

3M~30M | EHII omrfm oM, 28 E4, 26 55

30M ~ 300M | &I} TV (54~216M), FM 2}C| 2 (88~108M)
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(2) &= (Amplitude)
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CIXE AI2E=2

o TH Xc2lE ?loll OtE=2A/LIAIE St 2He] B &t
e ADC(Analog-to-Digital Converter)
e DAC(Digital-to-Analog Converter)
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(1) E=2t(Sampling)
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o H=3=(Sampling Rate)
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LiOIBIﬁE A 2| (Nyquist theorem)
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(2) 2 At} (Quantizing)
e HL & HEEz HaE HQIX|
HE=stE 2 M gt=S HEot)| ®Iof MMEE = HIE =
o =2 ol&T
H=5tote 82 & (Sampling Resolution, Sampling Size)
8 hit2 UK G2 5l H S 256(28) SHH 2 ESI & & QX0 16bit2
AUXSHE otH & O ML SH65536(216) A Z g2 Ee = US

(a) 2 bit X2t (42HAH)  (b) 3 bit 2 Xkak (8EHAI) (c) 4 bit 2 X3t (16EHAH)
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(a) A2Hol It (b) $2 H259 LXst  (0) 52 B39 L X5t
(3) £ =2t (Coding)
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| 712709

o LINE M2 U2 )| & &2 Hlu
HE9= %:5,}2 GIOIEl =2DI o x| sample | sample
SRS s= =F : :
(KHz) (bit) (1=24) (voice) | (music)
11.025 8 mono 650 KB & st ¢ ¢
22.05 8 mono 1.3MB | AM Radio ¢ ¢
44.1 8 mono 2.6 MB
22.05 16 stereo 5.25MB | FM Radio - ¢:
44.1 16 mono 5.25 MB
44.1 16 stereo | 10.5MB CD ¢ ¢

11.025 KHz x 8 bits x 1(mono) x 60 sec / 8 = 2 650 KBytes

44.1 KHz x 16 bits x 2(stereo) x 60 sec / 8x1024 =

°t 10.5 MBytes
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CIXIE & ME A

(2) ADPCM 2 & (Adaptive Differential Pulse Coded Modulation)
e IMA(International Multimedia Association)0il A Xt
o HEstE MSO XI0IE HEo= &4
X018 M & ot= &4l 2 DPCM(Differential Pulse Coded Modulation)O| 2t 1) &F
DPCMZ o1& st gt lte| Xt0[Jt AW HlgEH

e ADPCM
DPCMOI A 1 &8 gfit2] XH0IJF 38 A== Li== HAHE 3 ot L, X0
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L= =i o)

hl — V—

| K& 1=

CIXIE A2 E LI 2| 3|
ate. ?}yljg) ressoinlqtlioo“nn?bit) mode data size(1=e &
11.025 8 mono 650 KB kel
22.05 8 mono 1.3 MB AM Radio
22.05 8 stereo 2.6 MB
44.1 8 mono 2.6 MB
44.1 8 stereo 5.25 MB
22.05 16 mono 2.6 MB
22.05 16 stereo 5.25 MB FM Radio
44.1 16 mono 5.25 MB
44.1 16 stereo 10.5 MB CD
48 16 stereo DAT
HE3), 203 L 250 02 SEO HIR ‘!
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£ g A2XIE Do
D=3l E 23
2. 02 0 0SSO S0 @H M E23=2(Sampling Rate)2CH =2 D51t

Iﬂl

M2l & & (Prefilter: Low-pass filter)E Soff H=3tE82 12280 =2
J=1 2= M
3. ADC(Analog-Digital-Converter)0fl 2ol =3}, 2Xtat &= HAHE CIAE
MS 2 Uﬂ'EF, 2353t
4. 23 t=l LI Al E(bit stream) & £ E DSP(Digital Signal Processor) il Al #
of= S&0 N BHY, )8, ME
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5. Z& Al 0l DAC(Digital-Analog-Converter)E H XM M Otg2 ] gz H
Ol i It =lt=20U =2 A= 82 &4
. P_—l— ot =22 HAH AIZID| fIo =X 2l 2 (Postfilter: Low-pass filter) S
SHAIA ZSEQ o2 1 NS Z HE
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