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5-1 B~k 1234

XG H- (=25 =52 BHEVSE
(Analog Signal) (Sampler) (Discrete Signal)
g(?)

& 5-1



— ~ HE7EEVAR (Ideal Sampling)
Hitkes BN aferkids » st HAEEER 231 5 » g() BPkfErE: (Impulse Train) :

o= 3 o(t—nT)

n=-—o

e 7, HUBR3E Y] (Sampling Period) o HLEFEANIE] 5-2 Fras R RIBE (7)) ZMRfE

Pt

-7 0 T 2T

> [

& 5-2
x,(7) = x()g(?) = i x(nT,)o(t — nT,) (5-1)
GN=Flg®y =1, S o(f—mf) 52)

m==a0



Hrp f, = % fi Ry HY Ak R =R (Sampling Frequency) o G(f) (/s likfEr At (H IR IRSE S f, » SRS RS
fs © EE (5'1)£tﬂT:JE‘
X(f) = Flx, (0} = X(f) % G(f)

—me:Z_OOX(f—me) (5.3)

[e's]

= 2. x(nT,)e™*™"/

n=—ow



x(?) X(f)
F
(a) /\f
- F_l -
~f vy 7 ~f
X *
(1) G(f)
ottt — ot oty
—| T, |— — 7 0 s

X(f)

x,(6) = x(0)g(1)
L = A

0 fm fs_fm fS fs+fm

[&l 5-3



ANl 5-3 Fos » 5 (0 RARSARETE (B | f| = £, [ X() =0)» NEERE £ -1, = 1, ¥
il

|
2fm

iE ] RE HH—BEARE @8 Ay (LPF) JRH{S 5 R SRR - JRA

fiz2fn X T <

X(f)= LXg(f )r'ect( 2{% ) (5-4)

s
AR B w7 A £ B 3 U R &% (Reconstruction Filter) o % (5-4) AUGHA {12 520408 (IFT) nJ45

x(¢) = f—x (O x2f, sinc(2f, 1)

= 2;’” 2. x(nT)o(t — nT,) * sinc(2f,,?) (5-5)

_ 2; n S x(nT,)sinc(2f, (1 — nT.)

A LA b 2 & A 1 EX Ak E 38 (Sampling Theorem) 411 | -



51 EUEEE
EHRAE XD ZREIAEA S, 5 x(0) A F £, B 9B > AE S, = 2f, > x(D) TH

Fl A X BRARAE x(nT) X2 EFHE o & F f,=2f, # 4 Nyquist Rate - i

L. BfESK x(nT,) FEEEUE » (HEZE 0 R3S > sinc2f,(t — nT) > ZZ M > w15
FIEAE K x(2) o

2. JESARGE (Alias Effect) : 7B AR SEZE K (K (Under
Sampling) » f, <2f,, » Q& 4 S5 HE R IR R -
5-3(c) I RS ANIE 5-4 P > fil L 55 & SESHE -
HEOREY » R RIE » B8E3EH x(nT) 3= 7 [0] x(2) - B 5-4

3. FEVHFRESEEE - sk F UK AT 7SR — LPF i
s bEZ @R T FeATIERR - I LPF JRA S0 B4R 28 (Anti-Aliasing Filter) -

4. MRS LPF &FEE FHEE I - Bom i LIRS Nyquist Rate Z BUERSEZR K HFx » .2
Ry Bk (Over Sampling) e O

Y




— 87 AR'EF
Assume x(£) = | cos (10077 |:

(1) Find the spectrum of x(). (2) What is its Nyquist frequency of x(7) ?

(3) Find the spectrum of x*(7). (4) What is the Nyquist frequency of x*(¢) ?

(5) If x(¢) passes through an ideal lowpass filter with cutoff frequency 120 Hz, find the output signal
W)



cos (10077), L. [ <—=—r 1

| (1) x() = g(2) = _ii 5(r—m) £ og(f) = 200 200 , %

0, otherwise

X(f)=G(f) s 1005( £ = 100m) = 100 > G(100m)S( £ — 100m)

M= —00 m=—0o0

Ef G(f)=F{cos (100zt)rect(1007)} —7 [6( f—50)+o(f+50)] *msmc( 1{;0) »

X(f)= i 100G(100m)d( £ — 100m)

m=—o

oo

1 5 [s1nc(m—%)+81n0(m+ )]5(]"—100111)

2
Z50f) + (60 f = 100) + (£ + 100)) = T2—(3( £ = 200) + ( / + 200)) + -~



(2) fi =0

(3) x2(1) = cos® (10077) = %(1 t cos (20077)) » #
F @)y = =00 /) + 5-8(/ = 100) + 5-3(f + 100)
(4) £.=2 % 100 = 200 Hz
(5) XU =28(/) + = [0(f = 100) + 6(f + 100)] + - + B34
Y(f) =26(f) + =[50 — 100) + (£ + 100)]

# (1) = % + % cos (2007x?) ©

10



B

=] . i,
4- XAMPLI:EE 5—3 I 5&7{'5 FZ

Consider ideal sampling of x(¢7) = 64 sin ¢(8¢) sin c(4¢):
(1) Plot X( 1).

(2) Letx(?) = x() i o(t —nT) and T= 0.01 second. Plot X,( /).

n=—0o0

(3) Compute the impulse response 4(¢) of the ideal LPF with smallest cut-off frequency that can be

used to reconstruct perfectly the original signal x(¢).

\gﬁ (1) X( /)= 64F{sinc(87)} * F{sinc(4t)}

11



BT
- 2rect( ) « recz(i) / \

(2) X,(f)= X(f)*( Z (3(f__))

=100 Z X(f—100n) /_\ ﬂ R

n=—c0

(3) 278 LPF (b)

= H(f) —1—(1)0}’861( lj;) = h(t) = 123i{10(30(122‘) & 5-5

i T)o(t —nT ht=§. T)Yh(t—nT
n__mx(n)( nT) * h() n__mx(n)( nT) P

12



S 4 KEF
x(7) = 10 cos (607¢) cos” (160xf) is sampled with rate 400 times per second:

(1) Sketch the frequency spectrum of the sampled signal.

(2) Find the range of permissible cut-off frequency of the ideal LPF used to reconstruct x(z).

G
Ress

1+ c032(3207rt)”

_ F{s cos (607f) + % cos (2607) + % cos (3 807rt)}

[5(f—30)+5(f+30)]+%[5(f—130)+5(f+130)+5(f—190)+5(f+190)]

M|m

X.(1)=X(f)*400 > 6( £ — 400n) =400 >, X( f— 400n)

(2)fm:190Hsz = cutst_fm$190<fcut<210 ‘

13



x(f) = 6 cos (107¢) is sampled at f, Hz to produce a sampled signal x(z).

(1) Find the expression for the spectrum X,( /) for x,(¢) and plot X,( /) if £, = 7.
(2) Repeat (1) iff, = 14.

(3) Explain how to reconstruct x(¢) from x,(¢) for (1) and (2).

@ (1) x,() = x(?) %} c‘i(t - %)

14



x(¢) = 6 cos (1077) = 3(exp(j10xz) + exp(—j10xt))
=> X(f)=30(f=5+of+5)=>f,=5
=> X(f)=X()*T2(f—Tm)=T 2 X(f—Tm)

=221 f=5—Tm)+(f+5—"Tm)]
2) X(f)=142X(f—14m)=42 2. [6(f — 5 — 14m) + 6( f + 5 — 14m)]

B) e 7<2f, <14 #&H (1) Po&EZERMQ) PTIL REH X(f) KL Wrect(iw),

S<W<9 B o -

15



e FJo G KE 5
Consider the signal z(¢) = x(2¢)y(¢), where x(#) and y(¢) are band-limited to 12.7 KHz and 31.2
KHz, respectively. Find the Nyquist sampling rate for z(z).

el

@ Ap=5X %) * 1)
# z() ZHA KA W=12.7KHzx 2 +31.2 KHz = 56.6 KHz
f,=2W=2x56.6=1132KHz -

16



= « SEJEHY# (Flap-Top Sampling)

PP TEUBU I BT S 2 22 FIE BN URR L IBME RS T » WP TEIRBR SR AR b
2B K R4 (Sample and Hold) PR « [l 5-6 o7 1 7P TEUE 2R PR BRI 2 K B
BRI » % T ERIE 5-3 LRI T WRPATIURR LA TERAR 2 22 R0

1 SRRV £, L BALLIRHE x(0) S AU P BT B SR 4 T3

1)) = S AT (e — ny) = | 2 XTI =nT) )

T (5-6)

t—nT,— =
T

o0

xh(t)= 2. x(nT)rect

n=—0o0

x(7) i o(t — nT,)

n=—on

T
2

Xe(f) = {X(f)*fs Z 0(f =nf)| Tsinc( £y 2]

= f.Tsinc(fT) 2. X( f — nf,)e ™7

(5-7)

17
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& 5-6

/T AN
\/1 0 1\_/ ~/
T T
|
A

--------
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2. {2 H(f) BBUIE KRB RAHGAER » i LPF (20798 MEE R IR x(0) o R ZETE
LPF 121 I3t &8 (Equalizer) » ILH#ES K BIFy

H,(f)= ﬁf)

= ~ B2RHW#k (Natural Sampling)
H SRR B P THEVER St 2 2= RIAE S B SRS FE S U R 2 (EA R T FD » e KA

Ik IR TH) - &
_ I
2

T

h(t) = rect = H(f)=Tsinc( fT)e7™7 (5-8)

20



HI| B 2R HUR (5 50 Z F5 4k (Time Domain) R 2\
xy(6) = x(0) [h(r) k %: ot — nTs)} (5-9)
S H PRIURAS 5t 2 S8 (Frequency Domain) /-2

Xy(f) = X(p)  [HUDL 2 00 = nf)]
= X(f)* f, 2 Hnf )o( f = nf) (5-10)
= [, 2 Hnf )X(f = nf)

H S H(nf,) = Tsinc(nf,T)e™™" = H(0) =T » % i #AR 2 (K MG N 25 0TS H0RT - 5
Z o EH B AREUS A A g e AR R BT EL AR

21



S Fo K E%
A baseband signal m(¢) with Fourier transform M( /') is sampled using a flat-top sampler. The

sampled pulse width is one half of its sampling period 7 .

(1) Write out the equation of sampler output.

(2) Determine the Fourier transform of the sampler output.

(3) What is the method to completely recover m(¢) from the sampler output.

22



| . ) N
(1) m(@)= 2 mnT)rect T 4 :[ >, m(0)é(t—nT,)| * rect T
n=—c 25 = 2S
2) M(f)z[ > ]1“ 5( )*M(f) _Smc(sz )exp( anT)

—%:smc(fT)M(f mf)exp( EfT)

2 2
Egf =
rfT,
R m(zﬁm)ze%p((ff ))
sinc 25

S f, A omt) Z R B AR

23



v BBENIE 2192 B E IR (Uniform Sampling for Bandpass Spectra)
i\l x(0) 282 FIRES fu ~ BHEE W H fy > W JIa] IR Z BUERSEAR 155

E

H\L

/s _ v (5-11)

m

» BV 25 2 Sk - (LRI 2 SV B 1 T

Hrrm=
PRI JEEA S x(0) -
BREA ¢ LA x(0) ZBEREANIE 5-7

Ju
w

X(f)
Z LR
—fv —/f1 0 fi fu -/

& 5-7

24



SRAKAE [— /7, fi) oA n fHEEEE ~ HAEASARZZR - A& 5-8 Ak -

FlIJ 35 i S

W n {H5E5E W
>/
_fU _fL 0 fL fU A\/\

_fL+nfs _fU+(n+1)fs
& 5-8

_fL—}_nfsSfL

(5-12)
—fut+1f = fy

25



LiESHIRET

(5-13)

(5-14)

26



X(f)
A

—38 —32

& 5-9

32 38

» /' (Hz)

27



— 76 IR E A
Specify the Nyquist sampling rate for the following signals:

(1) x(2) = sin ¢(1007) + sin c*(4007)

(2) x(¢) with spectrum shown in Fig. 5-10.

> /(Hz)
—5B —4B —-3B —-2B —B 0 B 2B 3B 4B 5B

&l 5-10

28



(1) 3{sinc(1007) + sin c2(4000)} = 1(1)0 H(1€0)+ 43)0"(450) ARRAFAEE R

Nyquist Sampling Rate = 2 X 400 = 800 Hz -

(2) ZHRAKBRE » B /,=2X5B=10BHz -

5B ]_[5B]_ . _2x5B
B I[B) 5. oy - 2X3B_ oy,

R B A R A 2B Hz - S BRI H AR REAE -

%ﬁm%ﬁmismm=[

29



— 4 KNEIE
We consider that a bandlimited analog signal s,(7) and a discrete-time signal s(n) =s,(nT) is

constructed from s (¢) by periodic sampling with period = 7.

(1) Derive the relationship between the Fourier transform of s (¢) and the Fourier transform of s(#).

(2) Find the required condition for taking the samples s(r) from s,(¢) which is a lowpass signal with

the highest frequency = f,, if we want to recover s (¢) from its samples s(n).

(3) Derive the interpolation formula for representing s,(¢) in trems of s(#).

30



o0

@ (1) 29,0 =8,/ Bstn)= 2 s, (nT)o(t—nT) > ¥

n=-—oo

e 0]

Is(n)} =97 2 s,(nT)é(t—nT); = §’, fsSa(f—”fs),f,g:LT

n=-—o n=—00

(2) Fi%gj;ziszo
(3) s,(t) =s(n) * h(t) = s(n) * 2Tf,sinc(2f.1) = i s, (nT)2Tf . sinc[2f (t — nT)]

n=—o

31



5-2 & it

AllEl 5-11 ffrs » #EEEER.ZAF 5% » TERFRE _E FaEni - (HE{Ey R - Rtk e{eds 2 H

FOOTE (5 AR M1 122 ] RE % R S0y e I

x(0) HtRsE  x(nT) S1b2s
(Sampler) (Quantizer)
& 5-11

(L S E R S W L B S T 2 (S o DU 5-12 75
{5 RS A (S5 RS 2 W) » ELA8 ELbE » T
AL SR > BB S SRS 2 (B o E 28 A IS SR
S [V, V] L S 2 RS » v, 55 k (TR 2 1
A= v = veey FRFH e {4 BERSIFE (Step Size) -

— ~ 155821k 38 (Uniform Quantizer)

w(nT))
A

> x(nT,)

=

2-12

4—(=4)

15 A= A, Yk > FREMTRSTIRRS — % < 0T ¢ ¥, = 4volt, L=8» H] A=2==H - 1 «

32



WS < B ZBUED RIS

(=3.5V, =2.5V, —=1.5V, —=0.5V, 0.5V, 1.5V, 2.5V, 3.5V}

1. 212 L iaE#REE{E 2§ (Linear Quantizer) o

27,
2. A=—F (5-15)
3. HHEAALER R LR - JRET A 2 HAE HRIE (S 5% Bl 2 BEEUS 9% v 222 1H » B

PRI - BALEE TR K L gl MBS RIBE TR - LA 2 A L sfl] » ELiRE O Wl

BB | 55| 2895 Unitorm) 5 ek 0~ U -5 5| - B
(PDF) 3
1 A A
folg=14" 2 sS4 (5-16)
0, o.w.

33



H (5-16) 2RISR H TS (1A B st BB AT

= A? (5-17)

ARANTER] - BefEkE A 2SR - FAMTRTHE— DR B L ds i o i < B G D) A8 B
A \MEDIZSLL

LA\?
MRS R (2) ,
SNR = = =3 5-18
( )O,peak 7’?& —gﬂjjj %"‘ AQ ( )

12

34



4. 75 L0 > QAR TR (.2 (7T (bits) SCH AZHE N - HI s Sl 2= i - HIR
s SN L (R > # L 2 A ZE A B A S B R LA L [R]Es R g o

B B L 2V,
5. i (5-1XD FEBELL P For.2 » L=2' (Wbits BALER) » B A=—7F
YE

3P
(SNR),, = ?/P xzzf—lologm(Vz)%l (dB) (5-19)
p p

S B L EAZTT » (SNR), AJ¥#15 6 dB (22l -

2
6. (1) L ABILIEIRHE m() = A, c05 2nf,0) » HI P=T2 s 1 ¥, =4, (XA (5-19)R 73

(SNR), =10 logl()( ; ) +6/ (dB) (5-20)

~1.8+6/ (dB)

35



(2) Him ABEYIEE 0 23 EEHTER (zero-mean, stationary random process) » HAF{f—
IRF RS R — B0 At X)) ~ U(=4,,,, 4,,) » T

iy

_ 2 [ 2 1
P=FE[X"] ‘[_Amx 7 dx

Vp=A

m

(SNR), =6/ (dB)

(5-21)

(5-22)

36



— g8 4# K

A sinusoidal signal wave, 4, cos (2zf,1), is to be sampled, uniformly quantized and digitalized
by /-bit encoder (i.e., /-bits/sample):
(1) Find the (SNR),, the signal-to-quantization noise-ratio, of this uniform quantizer.
(2) Calculate the (SNR),, in dB for the case of / = 6 and / =9, respectively.

& » (T 1, A
- M “Q:f_%fq 9 =Tz
A2
o 24,, _ 24, 2 3
BHF=> A== 2, » # (SNR),, = A2 =2><22"'
12

(2) 3 /=6 = (SNR),= 1.8+ 6 x [ (dB) = 37.8 (dB)
/=9 = (SNR),= 1.8 + 6 X / (dB) = 55.8 (dB)

37



wfg 5—,6 T 744 ‘é;f!.]-k

Consider an audio signal s(7) = 3 cos (50077):
(1) Find the mean square error of the quantization.
(2) Find the signal-to-quantization noise-ratio of this uniform quantizer when this signal 1s quantiz-
ed by using 10-bit PCM.

(3) How many bits of quantization are needed to achieve a signal-to-quantization noise-ratio of at
least 40 dB ?

|

A 1 A2
JEE 2 Py ==
(1) ap f A1 =713

m|[>N

(2) /=10 = (SNR), = 1.8 + 6/ (dB) = 61.8 (dB)
(3) 6/+1.8>40 (dB) = / > 7 (bits) y

38



= ~ R{EAYE k25 (Robust Quantizer)

i A Z FHELE IR EEE T (Speech) » HAHEAEN 77 BUER] » BB {98 BT rms {H
#1150 2 T 2AL 255 S BGARE LU (S R IRIE (RIS NS SR IRiE = IRF o Syl BRI (ff
SFAGELL—20 - MRS A G IREITRMNEL > & BRESEE 5% » Il nf255T
K. A #i5 2 > JE¥EE (k28 (Non-Uniform Quantizer) .« H HYTE > i Z 5515 9% <
(SNR), » {5 15 3GE L3 AR A i A (S 9% 1T S 29 5 3

AR ) B ZR R AR nl 1S40 > BEACHEATHZR el (e REENE A RE - Bl A
(SORIERH) » TCE i A (S 978N » SNR {HERZ K o NILEEH L M wEexEt HEl
{EEXHEL B R A DhZR g L T SR B LR DI ZR LA REREFF A — B e H 2 SR 21 » 58
L RpR Iy il Lith-g |

39



KEORH - o fE R AL as LA BRI Z AL - IRBIAE S A SR B 5 a2 B9 58 73 I Mz e T
S > T A S 0 FlS o FI R R FH R 2 G R TRIRR - (BRI 2] m b an RIER MR B IR TE - i
AGEUWE » [z BFE AL A G RE ~ AR S FrERE S v #E 0 BB #E =8 (Compressor)
IR JE 32 2] o3 At i A B IR EE AR 22 2] 0 A A5 9% » BB C1 BAL e A Al — 20 TR
Mo i 5 2 B 2 D Re BIHIRIE 22 2] 5 A 2 i A B SR HRIE 22 2] 0 A1 2B 3R © IR
B 245 0% EL A Bl U 9 AN R B AL R B » ORI Al o BRI 250 A s R 28 (Expander)
THEIREIR o AN » RiEREL R TER A - 15 2 BiEas SRR LHIC S A
& 2 %E R “Compandor” = Compressor + Expander o [&] 5-13 &Rl sk JES =) &1L
ZanEIE] - Horh AR A B ) A L AR 1E S 5 B o 1 e e g T P B i

B HE2E 195 {BfEes

EA— o
(Compressor) =21z (Expander)

9-13

40



5-14 fyBREds ~ 2 mALAR LU g ZHan o ~ W ARSALE] o ANIE[FTac - BEAA AR E A
FIE 2 e - Hig i NS 2 e - 3 Bstg 2 Elas 2 A -

ANIE] 5-14 Firois » 35 B &% < e 0/ AHERS BB g(x) » HIl g(x) R — %1 — Hoal3d
I R {1 25 B A B 5 LA R B8 2 RS B S 27 () 0 Hirh g () =1

41



Expander Input
T

Compressor Output
Quantizer Input

Compressor Input Quantizer Output

(a) Compressor,Z #aj /\ (b) 5958212828\ (¢) Expander; 2 #8j /\
¢ HEA R E 3 HREARE B3 B REIRE

@ 5-14 FEI35)EAbas 2 B A Sl Hi AR E

42
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XAMEI:_E 5-‘20 i 5)7 \1? I—LI ‘g #&:

Consider a continuous input signal having the following PDF:

1—|x], -1<x<1

fx) =

0, otherwise

(1) If a uniform (linear) 8-level quantizer is used, determine the step size.

(2) Determine the nonlinear quantizer step levels required to make the quantized signal levels equi-

probable.

% 1=(=D_ 1
(1) A= —8 =
2
] (“21), —1=x<0
(2) 4 g() = CDF of X= Fy(0) = [ fi()di =
-1 (1_x)2
1 — 7 0<x<l1

Y=g(X)=Fy(x) = Fy(») =P(Y <) =P(Fy(X) <) =PX < F{' () = Fy(F{' () =y

dF
£y = *’ny)
¥ Y~U0,1) o y

43



5.3 5% L kG 2B 5

i LA 2 BERSUS St TR A 2 1% BV RSBS00 » SR FEAE 2 5 AR e 5 3R
% (Pulse-Code Modulation, PCM) o

) TSRS — —_ fiBe3 PCM (55
(LPF) (Encoder) (0101-)

& 5-15

Gl 5-15 ps » Ml es < 1R Rl R AL st th < BERUS IR {med ey BEHASS —ELA » JRED
BTSSR - HHEI IR E S E re I UREA T8 - 2 R0 2 TSy a M - s ufr
bef L K > B RN AR (AT LTt - St 2 |liasm s » FMHEE L
FCATHY FA LR A B I B (E A7 Z2H) AL TT L2 Bl 1%

& Vep=Vp=(=Vp)  EHEMER
- 2VP
| = bits/sample, L = 2’

44



BRI C BRI [E| < pVpp » P 0<p <1 HI|

A 17V
|E|max:T:7 EP Sprp

I L=2">—— (5-35)

Y [ > logy=— (5-36)

45



— g2 B K'E A
A signal can be modeled as a lowpass stationary process x(f) whose PDF at any time is

f+(x) = A(x), where A(x) is the triangular function. The BW of this signal is 10 KHz, and it is desir-

ed to transmit 1t using a PCM system with a uniform quantizer.

(1) If 16-level quantizer is employed, what are the resulting lowest bit rate and the corresponding
signal-to-quantization noise-ratio (in dB) ?

(2) If the available transmission rate of the channel 1s 120 Kbps, what 1s the highest achievable sig-

nal-to-quantization noise-ratio (in dB) ?

46



i (1) L=16=2"= [=4bits
f.,=20KHz = R,=1X f, > 4 x 20 KHz = 80 Kbps

_ o ' 2 1
PX—E[X]—.[ X A(x)dx—?

A =%=%:~ (SNR), = —* =2 (dB)
—A?

12

2) R, = 120 Kbps =/ X f. = =6 bits = L=2'= 64 = A =2
b p s

P
(SNR), =——— ~ 33 dB

1,0
12A

64



5-4 PR A

=~ B (M-ary) AR/ RE
RALUIEIRAE AR - B RS 252 0T (0, 1) Bi55% - W8 k(| “bits” LI
& “Symbol” » #{ltt, Symbol A M = 2* T AT HEM I

1. 7F M-ary PAM i » i M = 2% FER% e 53 511 FE S M {EATRER Symbol i -
2. 1 M-ary PWM i » i M = 2" RIS BLFE 53 311 FE S| M {FTRERY Symbol fif -
3. 7F M-ary PPM v » & M = 2" FERIK 7 8 47 51 EHHEE] M {[E 0] RE) Symbol {H

O SR AT k(K & A5 - S 2 0 Meary SRS AE S Z (0 PSR BEK -

48



8 5-22

(FxAMPLE T

—BEERZESHEAS,=3KHz EIBRELIEE Vep Z £1% Z W - & A 16-ary PAM
AR R

(1) %’J\Zﬁx iﬁﬁ@%{q? (2) &{Eﬁﬁi{ﬁéih%-%z&‘{ﬁiﬁﬁ:?
(3) A% 3 Symbol Rate 24 ?

@ (1) /.2 2f, - 6 KHz (44 % i 6000 %) -
(2) p=001,1> 1og2$ ~1og, 50 ~ 5.6 » # min 6 bits/sample
(3) Bit Rate R =[f, = 3600 bits/sec, 1 Symbol =4 Bits (16 level)

#H 364L00 = 9000 symbols/sec °
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5-5 4 FF 5 1

B2 T (Time-Division Multiplexing, TDM) 2 T {F J5 ¥ £ 7 i¢ ] b 47 1 Bk 31 %6 15 £ (Time
Slot) » RHERFFEE R MG — (A P A » LLRAE A P oz B Ss < (5 5% Ll -

© BEEh £ TDM AfH - Ard P el (58 A [R] diki (Carrier) » ORI 4 (5 FHIDSEEL -
© BREL 2 AES75E (FDM) BdJ) i (CDM) 2 TR » A AR F Al [RIRFE R (F5%E - 4£ TDM
it FHHIAA AT -

AnfEl 5-17 Ffrzs » 1 TDM SRt 88 528 i < HUS S AR HEE Z MBS 2 (IS B U » 38 £82 H A
[R5 50 o HUBR B & B — e T e -
1

2 " " %-i -
i ) IV/
3 |

[l 5-17 — TDM Rfiz ~EE @ ZEHEFERMERAVE - 835105 E _E M2
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T
= AR L E9AZE m () ~ my(t) Bomy(0) e SRR 55 A W~ W R 2W o 3%3it— TDM % 4
1 &y bk = A2 1Z 5% o

@ \ m, () my(1) m;(1)

TEE W W 2W
&/ BURIER 2w 2W aw

12 2% Commutator #2 %798 & (#31%) 4 W (3 /sec) » TDM Z 4 EH B 4= g 5-18 o

Commutator

il 5-18 y
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B %212 98 m(?) =%(sin7rt+?sin (3xt) +%sin (57t) + ) Z BARJAE R A 4 Hz o 3%3H30E 4R

G wRBAETa  LEREAEA4Hz 8] m(d) 2% 59 EFIFAMN 2 Hz » A Li%4E LPF
Z AR FEAH 1.5~2 Hz o
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— 87 ¥ KEF
Three messages m,(z), m,(#), ms(f) are to be transmitted on a time-division multiplexed basis.
m, (1), m,(t) are bandlimited to 5 KHz, and m;(¢) is bandlimited to 10 KHz.

(1) Design a PAM commutator switching system such that each message is periodically sampled at
its own Nyquist sampling rate.

(2) A PCM system is used to digitalize the TDM signal obtained in (1). Each sample is quantized

into 256 levels. What is the maximum bit duration that may be used.
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ﬁf’% (D) fa=/o=10K, f;=2X10K=20K
¥ f.=2x 10+ 20=40 K samples/sec °
4 Commutator 4 #BAi% my 2 R > m, m, &
1 X » 4=l 5-20 7o~ » H LA 40 K

4
$2 /sec o
(2) L=256=2"= =8> ¥

=10K

R, =8f,=320 Kbps

1 |

_ _ -3
= R, 390 X 1077 sec

T,

& 5-20

55



5-6 £ & R R B BB L B A

— \ ERFE DM)

DM 1] FH AH 2 Bk A1 o 72 SEE T T i B > 72 i e B8 Bk g R 20 W {18 EDAK e o 72 R 2z AR
/N SORFE A B A LR IR R » HAER L - TeE HER +0 0 & » HAERA -
L ZER —6 - s a2 A/ L alE 5-21 Ffros e
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Ll

+0

LEIUAN

b 5-21

“REE{tsRcmAE LR R E

o

N At K\

x(7)

01 01 1 1 1 1 01

0 000 0O

[El 5-22 DM FEER R 2 5F
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anlEl 5-22 Frs - Wi AS 5T x(0) Bl T, PP EUS — RELTEME (fhaHE) b » HaRAER I
(UK AEECA) HI R Bt A Ll 5 +0 0 T —RZTAME (flatHE) 15 +6 » [ a2
Ry “17 o oz 0 HRERE (UEBY ) JI R 2 tay 2Bt —o 0 T — R UE
(GEHE) (2 1L —0 - [A]Rs i A ae < R <07 -

DM Z5# R HY 77 B 1] 5-23 -

+ e(nT,) 1-bit e, (nT,) DM 1537
m(nT) —@ ~ Quantizer ] tRtREE ———

| m,[(n—DT]

LE

& 5-23
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Hrf m(nT) B HURE5% @ T, 2w HUEGERR » m (nT) WA BHEE 57 - SR EIRAIE
e(nT,) = m(nT,) — m(nT,] = m(nT) — m[(n— 1)T] (5-37)
T A UK E T FE 21— {72 7T (1-bit Quantizer) » TEff T, HYIFFALLE—K > % e(nT,) > 0 HI|

Wt s 1 Sz 0 % e(nT) <0 HilfgHFs 0 < EAHE (@ 2-level ®ALAS « & e(nT) >0 Hl L
TH—1FE# > 0 > BEFEEEE » N2 > R eI > 0 > REHEBHE -

(1T = sanle(n)] = | et =0 (5-38)
e\nl;)=osgnelnl,)| = 5-38
1 e -0, % e(nT,)<0
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m,(nT,) = m[(n — DT] + e (nT,)

TE 2 MU & R BB — AL TS SRR e, (nT), 1 -6, 0~ —d » FEHIE NS (Accumulator)

et [ A S 5T -

e, (nT) +m[(n—1)T]=m/(nT,)

(5-39)

(5-40)

REZRHY o (5-40)I\F% (5-39)zN 2 Sl id . o DM Shitfe L s MR ANIET 5-24 Ffrs -

mnT) | (5@

_|_
e, (nT,) >

TS

YSES

— B 25N

/

& 5-24
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(ERF ISR » (£ DM Shitfe i E A CRRARRT 33 AR 8050 - RS SRR R » A5 .2
TEA B Z PIAHE B (O BaRPIRS 1) BEoRafiE 0 » sAET (1 9P 0) B (i o -
=iURRZE O AT [ =6, 0] Z35Z) (Uniform) 73 4fi » O~ U(=46, 9) » TLHREE(1H Je 388 52 B

to=0
s (ol 8 (5-41)
%~ _5(] 20 dq = 3
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0 L&

L. BASGHHEK H (Slope Overload Distortion) : ELESHEEEHE m, (nT,) HEADURIVIR IR (E
5t m(nT,) » JRE[ m(0) ZFERAEK > e AR R GE MRS RIS EECR R o [t
IKF 6 WLZEINR A REME SO Rt~ sk 1B © 6 L R A,

0
T

s

dn(1)
dt

> max‘ (5-42)

0 u S
Hort —— (R m(nT,) ZSEHERA -

2. RN (Granular Noise) = BERIZS@AHCEMH » HRIESHE NG EA S M) k&
5 o JEiF > AILLZEEER 0 LUSHERERIREA, o
3. AU DM SRif £ 11 i b < 3EFE N ET RIS 0 - M85 £ - BB (LRIZIIG (R2R
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I HI A 0 - fi 2 5 EE = 2 iF%E: (Adaptive Delta Modulation,
|

R) B 6 - AR LAR IR

ADM) -

=~ ES Ik RISRE (DPCM)

DPCM {&i& i Ak = A111E] 5-25
DPCM {58

e, (nT)
Ri52s

e(nT))

m(nT) —1@‘) e
m (nT.) "

q s +
©

@
a8 m,(nT)
e

& 5-25




e(nT,) = m(nT,) — m(nT,) : {HETaRAE » €3 1 qnT) FBEALEE - 1
e, (nT,) = e(nT)) + q(nT,) FAL X ¥y
m,(nT,) = m(nT,) + e, (nT) (5-43)

DPCM Ui a5 2 28l 211 l&] 5-26 -

e (nT.) +=@ > m,(nT)

s |

& 5-26

HESRHY > 7 SIS DPCM 2 B3 (5 1-bit 4G ES) -
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= MR/ HIRZ (Minimum Mean Squared Error, MMSE) FE1i5 38
1 x(n) = x(nT) » {1 p BEAREFARS B A ZRANE -

x(m) =wix(n—=1)+wyx(n—2) + - +w,x(n—p) = wx (5-44)

Hifw=[w ow, = w L x=[i=1) x(1=2) - x(n1-p)] P MMSE Fifti 2 2 3%
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E W AE 2] w s B AR J = EL((n) — X(m)*] Bi/ ] o

Jw) = E[(x(n) — w'x)*] = E[x*(n) — 2x(n)w'x + w'xx'w]

(5-45)
= R,(0) = 2w'r + w'Rw
Hr

r=Ex(mx] = [Ry(1) Ry(2) - Ry(p)],

_RX(O) R)((l) R)((p)_

R.(1) R,(0) . : (5-46)
R =E[xx'] =

: Ry(1)
Ry(p) = Ry(1) Ry(0)]
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15 B AR ER B J = ELGe(n) — X(n))°] 1w 05053 > PIHSHAE SRS 0 > RSBl EMATT

%— —2r+2Rw=0 = Wy = R7'r (5-47)

Iinin = J (WMMSE) - RX(O) - ZW&MSEr + WI{/IMSERWMMSE

5-48
=R, (0)—r'R7'r (5-48)

1. —fETE (k@S [One-tap (order one) Predictor] : [(5-47)z( » n[{% —FEFAML & L R EAN

T
_Ry(1)
" R(0) 15:49)
FH(5-48)=X » n[{5FEGHR A= LB A |
52 = = Ry(0) = wRy (1) = Ry (0) = XD _ o (o)1 = w?) (5-50)
min RX(O)
2. ¥afL4s (Prediction Gain) :
2
GO B0} RO s

ot R, (0)(1—=w?) R(0N1—w? (1-wd
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—— 71 %@ T
A delta modulator has the message signal:

m(t) = 6 sin 207t + 4 sin 407t

Determine the minimum sampling frequency required to prevent slope overload, when 1mpulse

weights d, are 0.17.

@"?’, ‘53? = 1207 cos (207t) + 1607 cos (4077)
dm B ) 2807
‘Wmax—zsoyrs =00 = /.2 5y = 28 KHz -
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B 88 ¥ 2T #

(1) A continuous data signal is quantized and transmitted using a PCM system. If each data sample
at the receiving end of the system must be known to within £ 0.5% of the peak-to-peak full-scale
value:

(1) How many binary symbols must each transmitted digital word contain ?
(i1) Assume that the message signal is speech and has a bandwidth of 4 KHz. Estimate minimum
required bandwidth of the resulting PCM signal.

(2) The analog waveform shown in Fig. 5-27 is to be delta modulated. The sampling period and the
step size are indicated by the grid on the figure. The fist DM output and the staircase function for
this period are also shown. Show the rest of the staircase function and give the DM output. Indi-

cate regions where slope overload distortion exists.
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DM Output
A

&l 5-27
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el
G (1) () - < 0.5% > L= 1005 =7

(i) 7, =2f, =8 K samples/sec > #&

R, =17 bits/sample X 8 K samples/sec = 56 Kbps

Rb
BW:T =28 KHz

(2) DM Output
A

& 5-28

> 1
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