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i ; i of-i For an ADC system, the modulator is analog and
As long as the quantizer does not overload |e| < A/2. go‘%\évfggsvg?lg?iﬁges%%v;%il\r;i(t‘g% lt))?ngsoFf{.mterest the (decimation) filter is digital. The anti-alias filter
If i) the quantizer does not overload, ii) the input to the 0 Oversampling reduces noise. which precedes the modulator is not shown.
quantizer is busy and iii) the number of quantization The first alias is approximately 20SR times higher in For a DAC system, the modulator is digital and
levels is Iarge, then the quantization noise is white with frequency than the upper passband edge. _ the filter is analog. The interpolation filter which
a power 0,2 = A%/12 = 1/3 for A=2. 0 Anti-aliasing requirements are relaxed by oversampling. precedes the modulator is not shown.
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doubl e u, v=0, x=0; doubl e u, v=0, x1=0, x2=0;
whil eX( f:I nu >_> Vu ) whil ex(l Cl:n >u> _u \2.{ H = synthesi zeNTF( n=3, OSR=64,
v = x<07?- 1; 1; x2 += x1 - v; opt =0, H nf =1. 5,  0=0) ;
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;:out << v << endl; \éoutxizo\'/ i.<l’endl . [v xn xmax y] = sinul ateDSM u, H, nl ev=2, x0=0) ;
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252 = 202(0OSR)~2 for sincl 2 = 602 —4 inc2 .
|ONP = m°og e( ) IONP = T[409 60e(OSR) for sinc Oﬁ Og sigma_H =
= 3 5 3 o = 2 5 - IQNP = ——=  rmsGain(H, 0,0.5/ OSR);
3(OSR) = 202(0SR)~2 for sinc 5(0SR)°} = 602(OSR)~® forsinc OSR
(u constant,|u| < 1) O Lee' s Rule (with margin):
(=10 (X <2) %xl\s\u\ +2, \xz\s(s_—WD [H|l,, <150 probably stable
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Quantization noise is not white- susceptible to Less susceptible to limit cycles. Can trade-off stability (in terms of the frequency
“limit cycles,” esp. with small DC inputs. Frequent quantizer overload (which leads to excess of quantizer overload or in terms of the maximum
For DC inputs, the output spectrum is discrete. quantization noise) can be avoided by the use of a stable input) for increased noise suppression by
less aggressive NTF. increasing the bound on |[H|, .
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MAI N FUNCTI ONS 160 Eel 5 =4 n=3
ntf = synthesi zeNTF(or der =3, OSR=64, opt =0, H_i nf =1. 5, f 0=0) ' ; ; '
ntf = clans(order=4, OSR=64, Q=5, r max=0. 95, opt =0) VA4Q Aot O L T
[snr, amp, kO, k1, si gma_e2] = predict SNR(ntf, OSR=64, anp=. .., f0=0) :
[v, xn, xmax,y] = simlateDSM u, ABCD, nl ev=2, x0=0) or 120 et G A T
[v, xn, xmax,y] = sinmulateDSMu, ntf, nl ev=2, x0=0) m 1004 A A AT
[snr,anp] = simul ateSNR(ntf, SR, anmp=. .., f0=0, nl ev=2, f =1/ (4* OSR) , k=13) S g : : :
[a,g9,b,c] = realizeNTF(ntf, form' CRFB', stf=1) Z
ABCD = stuffABCD(a, g, b, c, for n¥' CRFB') o
[a,g,b,c] = mapABCD( ABCD, f or m=' CRFB' )
[ ABCDs, unax] =scal eABCD( ABCD, nl ev=2, f =0, x| i n¥1, ymax=nl ev+5, umax, N=1e5) : : : : :
[ntf,stf] = cal cul at eTF( ABCD, k=1) 20
[gu, gv, H, LO, LOk] = designLCBP(n=3, f0=1/16, f b=1/128, H nf=1.6,t1=0, ..) : : : : :
[ sv, sx, si gma_se, max_sx, nax_sy] = sinul ateESL(v, ntf, M=16, dw=[1..], sx0=[0.]) 0 y y T T T
16 32 64 128 256 512 1024 OSR

[f1,f2,info] = designHBF(fp=0.2,delta=1e-5, debug=0)
[s,e,n,0,Sc] = findPl S(u, ABCD, nl ev=2, opti ons)

AUXI LI ARY FUNCTI ONS .  CRFB Topology for a3'-Order Modulator

w ndow = ds_hann(N)

snr = cal cul at eSNR(hwf ft, f)

sigma_H = rmsGin(H f1,f2)

Hinf = infnornmH

[ABCD = partitionABCD(ABCD, m

tf_z = eval TF(tf, z)

figureMagi c( xRange, dx, xLab, yRange, dy, yLab, size )
printmf(file,size, font,fig)

The tool box is available fromhttp://ww. nat hwor ks. cont mat | abcentral /
fil eexchange.
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