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Frequency Domain Min-Max Optimization of
Noise-Shaping Delta-Sigma Modulators
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Abstract—This paper proposes a min-max design of noise- U
shaping delta-sigma (%) modulators. We first characterize > H(z) Y Q Y
the all stabilizing loop-filters for a linearized modulator model.

By this characterization, we formulate the design problem ®
lowpass, bandpass, and multi-band modulators as minimiz&n
of the maximum magnitude of the noise transfer function (NTH
in fixed frequency band(s). We show that this optimization mni-
mizes the worst-case reconstruction error, and hence impk@s the  gjg 1. Ay modulator with loop-filtersf = [H1, H»] and quantizex).
SNR (signal-to-noise ratio) of the modulator. The optimizéion is
reduced to an optimization with a linear matrix inequality (LMI)
via the generalized KYP (Kalman-Yakubovich-Popov) lemma. . . . . i .
The obtained NTF is an FIR (finite-impulse-response) filterwhich 1S & quantizer andd = [H17H2] is a linear f_'lter with 2
is favorable in view of implementation. We also derive a staltity ~ inputs and 1 output. The filteH; shapes the signal transfer
condition for the nonlinear model of AX modulators with general  function (STF) from the input: to the outputy to have a
quantizers including uniform ones. This condition is descibed unity magnitude in the frequency band of interest. On the
as an H* norm condition, which is reduced to an LMI via the other hand, the filte/, eliminates the in-band quantization
KYP lemma. Design examples show advantages of our design. . v 2 ® ; q .
. . o noise by shaping the noise transfer function (NTF). Then, if
Index Terms—Delta-sigma modulators, min-max optimization,  the jnput signak: is sufficiently oversampled, the frequency
noise-shaping, quantization. . . .
components in, are concentrated in the band of interest, and
hence one can effectively extract the original signafrom
. INTRODUCTION the quantized signal by applying a lowpass filter tg with a
suitable cutoff frequency. In fact, it is theoretically siothat
ELTA SIGMA (AX, see Tablé]l on the next page for th§ req Y . y )
. ) . he reconstruction error decreases rapidly as the ovetsagmp
list of acronyms) modulators are widely used in over- . - —
; - 2 ratio increases [8],[18].
sampling AD (Analog-to-Digital) and DA (Digital-to-Anaty) X . L .
) . . .. A usual solution to noise shaping is to insert accumulators
converters, by which we can achieve high performance with . ;
. s : .. (or integrators) in the feedback loop to attenuate the mag-
coarse quantizers |[1]l][2]. They have applications in digit

signal processing systems, such as digital augio [3], [4] arr11|tude of the NTF in low frequency. To improve upon the

2 L2 T . performance, accumulators are cascaded in various was suc
digital communications [5],[6],[7]. More recently, the tran as the MASH (multi-stage noise-shaping) modulators [19],

of AY modulators is extended to several research areas relalzeéi This methodology is analogous to a PID (Proportional-
to signal processing. In_[8], 9], [10], the\s> scheme is Integral-Derivative) control [21], in which the performaof

introduced for quantizing coefficients in finite but redunta : : .
. : : the designed system depends on the experience of the designe
frame expansion of signals, and is proved to outperform t : . o
hat is, the conventional design is of ad hoc nature.

standard PCM (pulse code modulation) scheme. Based on thi . . .
0 obtain a systematic design method, one can adopt a more

[s;;?y,lﬁz[lssc]hellmﬁ 'SdalnssmazgplIﬁgr:gzce?;ngzgsemdosd?:tggs[léhneral type of transfer functions than accumulatorsioe)
' ' e g in Fig.[d. From this point of view, the NTF zero optimiza-

are proposed for controlling linear time-invariant syssenhon [22], [2] was proposed to shape the NBBtimally in

with discrete-valued control inputs. Th&Y. scheme is also he frequency band of interest, sl ). This optimization is

applied o obtain an approximate SOIUUOF of large dlscreE}eone by changing the zeros of the NTF so as to minimize the
guadratic programming problenis [15]. For independentes®ur

) . . . - normalized noise power given by the integral of the squared
separation[[16] and manifold learning [17], machine leagni magnitude of the NTF oveln, 2]. While this method gives a
is combined with© A modulation, called th&A learner. : . e . . .

In designingA> modulators, noise shaping is a fundamentSP/StematIC way to desigh; modulators, it can yield a peak in
issuel[2] gTo describe the issu’e of noise sphagin let usi S{f)he magnitude of the NTF at a certain frequency, since such a
a ené-rélAE modulator shown in Fig]1 Ipn t%is figure) peak cannot be captured by an integrated or averaged ogjecti

9 ' 9 function. A recent paper [23] has investigated this probder
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. . . TABLE |
peaks in the NTF magnitude. Also, the computational cost for ABBREVIATIONS
the optimization is very high due to its infinite dimensidtal
Alternatively, the present authors has proposed to adbpt abAbéeV- Dful't' ”g_me
optimization for att_enuat_ing.the NTF. magnitude .itself with NTE Noise fraisfgn;inction
a frequency-domain weighting function _[24]. This method STF Signal Transfer Function
gives a good performancé a suitable weighting function gﬁg gver-IStaml\llei_ng Féatti,o

. L : . . Ignal-to-Noise Ratio
was chqsen. For general notion Bf° optimization in signal KYP Kalm%n Yakubovich Popoy
processing, see [25], [26]. The well-known Remez exchange LMI Linear Matrix Inequality
method (aka Parks-McClellan method) [27] is related to the LME Linear Matrix Equality

H* optimization. The method gives a near-optimal filter that
minimizes the maximum error between a given desired filter N o - _
and the filter to be designed_ Str|ct|y Speaking, this is né{oo'norm condition of the NTF as a sufficient condition. This

H>-optimal since the response is ignored on the transitid” -Norm constraint can be equivalently expressed as an LMI

frequency band. via the KYP lemmal[40],[41][125]. In summary, the proposed
In contrast to these methodsi we pro&aenove| design method can be described by LMI’'s and LME’S, which can be

based omin-maxoptimization, which can be reduced to finitesolved effectively by numerical optimization softwaresisu

dimensional convex optimization. That is, we directyni- as YALMIP [42] and SeDuMil[[43] with MATLAB.

mize the maximum magnitudé the NTF over the frequency The organization of this paper is as follows: Secfidn Il give

band of interest. In other words, we desi§ix modulators in characterization of all loop-filters that stabilize a linead

order to uniformly attenuate the magnitude over the prespeteedback modulator. Sectidnlill is the main section of this

fied band. This uniform minimization improves therst-case Paper, in which we motivate the min-max design in view of

SNR (signal-to-noise ratio) to be defined in Secfion 1lI-A, oSNR improvement, and then we formulate the design as a

the modulator in the band of interest. Conversely, a peakef tmin-max optimization, which is reduced to LMI's and LME's.

NTF magnitude as above can deteriorate the worst-case SREetion[IV discusses stability of thaY modulator model

and also the dynamic range of the modulator. We proposeMifhout linearization. SectianlV introduces a cascadecttme

this paper a more effective method that does not requiref@f high-order modulators. Secti¢nlVI gives design example

selection of a weighting function. to show advantages of our method. Secliod VII concludes our
To this end, we first characterize all stabilizing loop-fite study.

for a linearized modulator. Then, by using this parameticzra

we forml_JIa}te the c_iesign problem as an optimization via a lifgtation and Convention

ear matrix inequality (LMI) for lowpass and bandpass modula ) ) )

tors using the generalized Kalman-Yakubovich-Popov (KYFR Throughout this paper, we use the following notations.

lemma [30], [25]. Furthermore, we can assign arbitrarilsose bbreviations in this paper are summed up in Tdble I.

of the NTF on the unit circle in the complex plane by adding S, S" S is the set of all stable, causal, and rational transfer

a linear matrix equality (LME) constraint to the LMI. These functions with real coefficients, anfl := {R € S :
techniques are mostly adopted frarantrol theory Recently, R is strictly causg.

control theory is effectively applied ta> modulator design ¢! the Banach space of all real-valued absolutely
with finite horizon predictive contro[[31][[32], sliding ode summable sequences. Fo(k)}r>o € ¢!, the (!
control [33], and robust control [34],_[35], to name a few. In norm is defined by[v[|1 == >_; 5 [v(k)].

particular, the idea of applying the generalized KYP lemma ¢*°  the Banach space of all real-valued bounded se-
to AY modulator design is proposed in [36], in which they quences. Fo{uv(k)}r>0 € (>, the /> norm is
assume a one-bit quantizer f@ and optimize the average defined by||v||o := supg>q [v(k)].

power of the reconstruction error in low frequency for lowpa v *w convolution of two sequencesv(k)}r>o and
modulators. In contrast, our approach minimizes warst {w(k)} k>0, that is,

reconstruction error, which can improve the overall SNR as
mentioned above.

Stability analysis ofAY modulators is another fundamental
issue. For first-ordef [37] and second-order [38], [39] madu For this computation, we se{m —k) = 0 if m < k.
tors, stability is well-studied in terms of invariant seth @he
other hand, we derive a stability condition taking account o
nonlinearity inAY. modulators of arbitrary order with general
quantizers including uniform ones. This condition is dedvn In this section, we characterize dil(z)’s that stabilize the
terms of a state-space representation, and is describeuebylinearized model shown in Figl 2. This characterizationliga
¢' norm of a linear system. This can be transformed into ais for the proposed min-max design formulated in Sedfibn II

For a stability condition taking account of the nonlinedeef

1This method was first proposed in our conference artilel [28]. The of the quantizer see the discussion in Sediioh IV.
present paper organizes these works with new results on ShRrmance '

(Section[TIA), bandpass modulator design (Section )-@nd stability We firts.t defing causality, stability, well-posedness andrint
theorems (Sectiof V). Simulation results in Sec{ion VI algo new. nal stability of linear systems.

(vxw)(m) := Zv(m—k)w(k), m=0,1,2,....
k>0

Il. CHARACTERIZATION OF LOOP-FILTERS
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. in ul ps) + () 0 y=Qy
v 4 Yy

H(z) O
R(z) J

N . . . Fig. 3. Error-feedback structure df3 modulator with design parameters
Definition 1 (Causality and Stability)A rational transfer p(z)e s andR(z) € S'.

function P(z) is said to be(strictly) causalif the order
of the numerator ofP(z) is (strictly) less than that of the
denominator, and said to Istableif the poles of P(z) are all A. Worst-case analysis of reconstruction errors
in the open unit diskD = {z € C: |z| < 1}.

Definition 2 (Well-posedness)he feedback system in
Fig.[2 is well-posedif there is at least one clock of delay in
H,(z), that is, the transfer functiofl»(z) is strictly causal.

Definition 3 (Internal stability): The feedback system
Fig.[2 isinternally stableif the four transfer functions from
[u,n]T to [1,y]" are all stable.

We here characterize the filteif (z) that makes the lin-
earized feedback system well-posed and internally staile.
stabilizing filters are characterized as follows:

Fig. 2. Linearized model foAY modulator with loop-filterH = [H1, H2].

In oversampling lowpasAX. converters withoversampling
ratio Nosr (see Tabléll)[[2], the authors attempt to attenuate
the magnitude of the NTF in the frequency bafad= [0, 2] C
[0, 7] whereQ = 7/Nosr. In @ bandpass converter, the band
will be Ig = [wo — Q,wo + Q] wherewy € (0, 7) is the center
frequency. We here consider a general interdfalC [0, 7]
in which the magnitude of the NTF is designed to be small.
In a conventional design [22],][2], the attenuation levethof
magnitude is measured by theerageor theroot mean square

Proposition 1: The linearized feedback system in Hig. 2 is 1 i
well-posed and internally stable if and only if NaveragItr, Is) := @/1 [ Tnre(el)Pdw.  (3)
B
P R
Hy(2) = %};zz), Hy(z) = %};zz), ) On the other hand, we consider therst-casemeasure

P(z)eS, R(z)ed, Nuorst( Intr, Is) = max | Tire(e!™)| . 4)

where S denotes the set of all stable, causal, and rational. .
transfer functions with real coefficients, add := {R(z) € YE; :esasy o see thakluorst gives an upper bound O¥average
S : R(z) is strictly causd|. ' It Ture 1) < Ao (Tare. T
Proof See Appendlﬂ ] average{ NTF, B) = WOI’St( NTF, B)'
By using the parameterf(z) € S and R(z) € &', We hance, minimization of Nuorst IhTe, Is) leads to small
obtain the STF and NTF respectively Bgre(z) = P() and Naveragd Tnr, Is), but not conversely. One can give an NTF
Tnte(2) = 1+ R(z). From this, it follows that the mput/outputwith the same averagd/aerage but much larger maximum

equation of the system in Figl 2 is given by magnitudeNyorst. That is, @ smallVayeragedoes not necessarily
y = Tste u + The n = Pu + (1 + R)n (2) yleld a small/\fworst. S -
Another advantage of minimizing/yorst is the worst-case
By equation [(P), theAX modulator can be realized byoptimization of the reconstruction errar— u (see Fig[B).

means of the design parametdréz) € S and R(z) € S’ Define theworst-case reconstruction errafyorst by

as shown in Fig[]3. This structure, callezror-feedback ) )

structure [2] or noise-shaping codefd], is often applied in Eworst 1= wmg;\:g(ew) — a(e)],

the digital loops required iM\Y> DA converters([2]. By this

block diagram, we can interpret the filté¥(z) as a pre-filter Where g and @ are, respectively, the discrete-time Fourier

to shape the frequency response of the input signal,/agl  transforms ofy and w in Fig. [3. Then this quantity can be

as a feedback gain for the quantization najse — . described by the maximum magnitudéyorsi(Zitr, Is) Of

Tnrr(2) over Ig. In fact, we have the following proposition:
Proposition 2: Assume that the magnitudé(jw)| of the

guantization noise: = Qv — 1 is bounded onlg, that is,

_ _ _ . there exist<y > 0 such thatmax,cr, |7 (e/*)| = Cp. Assume
In this section, we propose a min-max design of the 100Bgisg that

fiI_ter H(z) by using the parametrization _in Proposit_iEh 1. Tse(@*)| =1, Vw € Ig. )
First, we introduce the worst-case analysis of reconstmct

errors in AY, modulators to motivate the min-max design tdhen the worst-case reconstruction error is given by

be proposed. We then present design procedures for lowpass

and bandpass modulators. Eworst = Co - Nuorst(Intr, Is). (6)

IIl. OPTIMAL LOOP-FILTER DESIGN VIA LINEAR MATRIX
INEQUALITIES AND EQUALITIES
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[9(e’)] in dB | Tre(e)]

SNRpp(u) ~ ‘”

0 Q T

Fig. 5. Min-max optimization of the lowpass NTF in the frequg domain:

WU_W minimize the maximum magnitude in the bandIje, = [0, ).
. w

0 Q
Fig. 4. Peak-to-peak SNR for a narrow-band signal.

In what follows, we setP(z) = 1 for simplicity, and show
design methods of the loop-filteR(z). Since the STF and
the NTF can be designdddependentlyby relation [2), one
Proof: By the relation can designP(z) after obtaining the loop-filteR(z) such that

i o~ o A e P(e))| = 1 over Ig and |P(e’*)| <« 1 over [0, 7] \ Ig to

gle) = TST,F(GJ ya(e! ),JFTNT,F(GJ )n(e) L\Céiev)(l better reconstruct|ior(1 pe)r|formance. S

= ﬁ(e’“’) + TNTF(e]“’)ﬁ(e]“’), Yw € I,

we have B. Min-max design of lowpass modulators

[9(e)?) — ()| = [Tnte(e)R(el?)|, Vw € Ig. We now consider the design of lowpass modulators based on
the discussion given in the previous section. Our objedtere
- is to find the loop-filterR(z) that minimizes the magnitude

. . of the frequency response @irr(z) over Iy := [0,Q] as
Note that the assumptiol(5) holds if we choose the pre: L , A
filter P(z) that has a unity magnitude response ofer In Shown in Fig[h5. Our problem is formulated as follows:

particular, if we takeP(z) — 1 then we havélsre(z) — 1. By Problem 1 (Lowpass modulatoriGiven 2 (0 < Q < 7),

. LN . find " that solves the following min-max optimiza-
Proposition 2, optimization alNyrst improves the worst-case .. Rz) €S 9 P

By taking the maximum over the intervdl, we obtain [(6).

. T wors! \ tion:
reconstruction erro€yorst. Minimizing Ayorst also improves .
the peak-to-peak SNR (signal-to-noise ratio) of the madula Jiow 1= R(mz)léls,Nworst(TNTFa Tiow)
defined by : .
o = R(m)ms In[a)gl] |Tnre(e')],
7 (elw z)eS’ welo,
SNRpp(u) 1= —DXweh @) ) _
max,erg|J () — a(el)[? or equivalently,
Let us consider the following set of input signals: minimize  subject toR(z) € S’ and
U:= {u : wmeaﬁ’)é|ﬁ(ej‘“)|2 = 1} . wlél[%fé] [ Thrr(e™)] < 7. (8)
Suppose that the assumptions in Proposiion 2 hold. Then, byfo solve this problem, we assume th&tz) is a finite
Propositior 2, we have impulse response (FIR) filter, that is, we set
1 N
SNR, := min SNR = . _
worst 31613 pp(u‘) CONWorst(TNTF7 IB) R(Z) = Z Rz k7 g = 0 (9)
k=0

It follows that smallerNyorst leads to betteworst-caseSNR.

Note that if condition [(5) holds and if the input signal igNote that the constrainty = 0 ensuresR(z) € S’. Note
sufficiently narrow-bandedSNRy, can be estimated by thealso that FIR filters are often preferred to IIR filters that
difference between the peak af(jw) and the peak of noise, may cause instability attributed to quantization and reicur
or the maximum noise level |¢@(QJW)|’ over the frequency when they are implemented in digital devices. Therefore, th

rangelg (see Fig[4). assumption to use FIR filter fa®(z) is not too restrictive. We

Conversely, ifEworst iS as large asnax,cy, [i(e!*)], then then introduce a state-space realizatioh, B, C(«)}, such
the SNRy, will be very poor, and the dynamic range will alsdhat R(z) = C(a)(21—A)~' B, wherea := [ag, a1, ..., an],
be very narrow. As seen above, minimiziNGyeragecan yield 0 1 0
a large NTF magnitude at a certain frequency, and hence the 0
performance may be degraded. See examples in Sdciion VI o R

. 2 . A= , B:=1"1,

where we illustrate that minimizingwors:improves theSNRy; o 0 (10)

better than minimizingVaverage

2 The difference is also known as tepurious-free dynamic rand&FDR). C(a) :=[an,an—1,...,q1].
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[ Tire(e™)] Problem 2 (Bandpass modulatorfziven w, € (0,7) and
Q > 0 such thatlnig = [wo — Q,wo + Q] C [0,7], find
R(z) € &' that solves the following min-max optimization:

Jmid '== min Nworst(TNTFaImid)
R(2)eS’

= min max |TnTe(e!)],
R(2)€S’ wE[wo—NQ,wo+1]

i D w -
| or equivalently,
0 w—Q wo wi+ ™ . . ,
minimize « subject toR(z) € S’ and
Fig. 6. Min-max optimization of the bandpass NTF in the fregey domain: v ! ( ) €
minimize the maximum magnitude in the bandlg = [wo — ©, wo + Q). max |Tnrr(e)] < . (12)
wE[wo—,wo+]

As in the lowpass modulator design, we here constRin) to
Then inequality [(B) can be described as a linear matribe an FIR filter defined il {9). L&tA, B, C(a)} be state-space
inequality (LMI) by using the generalized KYP lemma [30]: matrices as defined in the previous section. Then the baadpas
Theorem 1:Inequality [8) holds if and only if there exist modulator problem is also reducible to an LMI optimization
symmetric matricey” > 0 and X such that via the generalized KYP lemma_ [30].

Theorem 2:Inequality [I2) holds if and only if there exist
-
Mi(X,Y)  Mp(X, V) Cla) symmetric matriced” > 0 and X such that

MQ(Xa Y)T M3(Xa 72) 1 <0, (11)
C(CY) 1 -1 %(X,KWO,Q) M5(Xa Ya WO) C(a)T
M5(X7 Ya WO)T MG(Xa 72) 1 < 07 (13)
where C(a) 1 1
M(X,Y)=ATXA+YA+ATY — X —2Y cosQ, where
AT . .

My(X,Y)=A XB+YB, My(X,Y,w0,Q) := AT XA+ Y Ae 30 + ATyelwo
M3(X,72):BTXB—72. — X —2Y cos (),

Proof: By the generalized KYP lemma[B0, Theorem 2] M;(X,Y,wq) := AT XB + Y Be 0, (14)

for t_he Ipw frquency _rang;.'.fk_)W = [0,9] in the discrete-time Ms(X,Y,wo) i= AT XB + Y Bo“o,
setting, inequality[(8) is equivalent to

[ ]\Aj# %2 ] +[Cla) 1 }T[ Cla) 1]<0. Proof: By the generalized KYP lemma [30, Theorem 2]
2 3 for the mid frequency rang@miq := [wo — Q,wo + Q] in the
Then applying the Schur complemeft [40, Sec. 2.1] to thiiscrete-time setting, inequality (12) is equivalent to

Mg(X,v?) := BTXB — 4.

inequality gives inequality{11). [ | M M
By Theorenfll, the optimal coefficients, . .. .y of the filter [ s ] +[ Cla) 1 ]T[ Cla) 1]<0.
R(z) in (@) are obtained by minimizing subject to[(IIl). This Mg Ms

LMI optimization is a convex optimization problem [40l. [#4 Then applying the Schur complement [40, Sec. 2.1] to this

and hence can be efficiently solved by standard optimizati%qua"ty gives inequality(13). m

softwares e.g., MATLAB. For Optimization softwares and Remark 2:LMI (m is Comp|ex_va|ued’ however’ for some

MATLAB codes, see Appendik]C. LMI solvers, a real-valued LMI is required. An equivalenake
Remark 1:The obtained NTH—‘NTF(Z) = 1+R(Z) isan FIR valued LMI for ) is given in Append|KB

filter, which is more preferred in view of implementation. On Remark 3:LMI (I3) with the center frequencyw, = 0

the other hand, a conventional optimal design [22], [2]dsel s equivalent to LMI [I1L) for lowpass modulator. That is,

an lIR (infinite-impulse-response) filter that has a problfm Theoren{]L can be obtained as a special case of Thedrem 2.

stability in digital implementation. This is an advantadehe Theoreni® can be directly extended to the following multi-

proposed design. band bandpass modulator design:
Problem 3 (Multi-band bandpass modulatoiven w; €
C. Min-max design of bandpass modulators (0,7) and€y >0,1=1,2,..., L such that
Bandpass modulators are used in digital demodulation of Iy = [w; — Q,w + ] C [0,7], 1 =1,2,...,L,
frequency modulated analog signals, elg.] [43]] [46]. find R(z) € &’ that solves the following min-max optimiza-

We can formulate the bandpass modulator design as a MG

max optimization in the same light of lowpass modulators. I

Fig.[d illustrates noise shaping for bandpass modulatdrerev A . Noora( Thiree. )2

wo € (0,7) is the center frequency arif) is the bandwidth o R es ; worsi(Tre, 11)

of interest. Our objective here is to minimize the magnitude I

of the NTF over the frequency bad@,g := [wo — 2, wo + Q. — min max | Thre(e))2,

Our design process is formulated as follows: R(z)e8" — welwi =0+
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Yy An=Qy—1¢
5 5
3| — 3
11— Y 1 Y
-1 20,2 4 )
— 13 -3
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Fig. 7. Uniform quantizey with M = 5 (number of steps) and = 26 =2  Fig. 8. Quantization erron = Qv — + of the quantizerQ in Fig.[2.
(step size).

A. Stability analysis in state space

Let us first make the following assumptions:

Assumption 1:The linearized model shown in Fifl 2 is
" internally stable. That is, the filtef/ (z) = [Hi(z), Ha(2)]

we[wlgggiﬂrﬂl] |TNT|:(e'] )| <7, l=1,2,...,L. (15) SatISerS[IIl?. -
Assumption 2:There exist real numbe® > 0 andd > 0

Theorem 3:Inequalities[(15) hold if and only if there existsuch that if|)| < M + 1 then |Qw) — 1| < 6.
symmetric matriced; > 0 and X;, [ = 1,2,..., L such that Note that the first assumption is necessary for the stability
of the nonlinear system. The second assumption considers

or equivalently,

minimize y; + - -- + 7% subject toR(z) € S" and

-
Ma(Xi, Yi,wi,8h) - Ms(X3, Yi,01) Cla) general quantizers including uniform ones. For example, th
Ms(X1, Y T M (X, ~v? 1 0 i i in Ei
5 (X1, Yi, wi) 6(X1,77) <Y, uniform quantizer shown in Fig] 7 had = 5 and§ = 1; see
C(a) 1 -1 also Fig.[8. For uniform quantizers, the numher= 2§ is

(16)  called thestep sizeand the interva|—-M — 1, M + 1] is called

1=1,2,...,L, the no-overload input rang§2)]. Under these assumptions, we
o have the following lemma:
where My, Ms, M5, and M are defined in[(14). Lemma 1:Assume that Assumptions] 1 arid 2 hold. If
Proof: A direct consequence of Theorém 2. B 0) < M+ 1 and if ||p|i]julle + 8|71 < M + 1, then
we have
D. NTF zeros n(k)| <o, k) <M+1, k=0,1,2,..., (17)

To ensure perfect reconstruction of the DC input level, anmherep and r are respectively the impulse responsesiof
to reduce low-frequency tone$yre(z) should have zeros atand R, and|| - |; and| - || denote, respectively, th& norm
z =1, or the frequency = 0 [2]. A similar requirement is and /> norm of sequences.
for a bandpasg\X modulator; we set NTF zeros at a given  Proof: Since the filterH = [H;, H] satisfies [(IL), we
frequencywy € (0,7), or z = etiwo, The zeros ofl\te(2) havey = Pu + Rn wheren := Qv — 1. Then, we have
can be assigned by linear equations (linear constraints) fk) = (p xu)(k) + (r *n)(k) for k=0,1,2,.... It follows
ai,...,ay. Define v(z) == 2N + 320 apzV "% Then, that
Tntr(2) hasp zeros atz = zg if and only if

k
(k)] < 1(p*w)(®)] + D (@)l [n(k — )
=1

k
dv(2) —0, k=0,1,...,u—1,
dv | _. k
<l ulle + (e @) Y
where d(;’jf) := v(z). The LMI with these linear constraints Osish—l i=1
can also be effectively solved. If [4(0)] < M + 1, then by Assumptiofil2, we haye(0)| =
|Qy(0) —(0)| < 4, and hence
IV. STABILITY OF NONLINEAR FEEDBACK SYSTEMS k

W] < I * ulloo +8 Y Ir(D)]
i=1
< lpllillulloo +8llrfly < M +1.

Although the linearized model in Figl 2 is useful for analyz-
ing and designing noise-shapirg> modulators as above, the
stability of AY modulators should be analyzed with respect
to their nonlinear behaviors induced by the quantigerWe Again by Assumptiofil2, we also haye(1)| < 4. By induction
here discuss the stability of th&®>. modulator model without on k, we deduce that) (k)| < M + 1 implies [(k + 1)| <
linearization. M +1 and|n(k + 1)| < 4. We thus have inequality (17)m
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This lemma gives a sufficient condition for the input
of the quantizerQ to be always in the no-overload range
[-M —1,M + 1]. A AX modulator is conventionally said
to be stable ify(k) € [-M — 1, M + 1] for all £ > 0 [47],

[2]. However, since the modulator involves feedback, tluiesl e

not necessarily guarantee boundedness of all signals in the le(k)|
feedback loop. To show the boundedness, we introduce a state

space model of thé\>: modulator for analyzing the stability

of the feedback system. %

First, invoke a minimal realization of the filteH (z) be
{An,[B1, Bs],CH, Dy, 0]}, as follows:

Hy(z) = Cy(zl — Ag) 'By + Dg,
Hy(z) = Cu(zl — Ag) ' Bs.

Then a state-space model of the closed-loop system show
Fig.[ is given by the following formulas:

Fig. 9. Boundedness of quantization erfefk)|, where 3 is the limiting
value of {8y }.

i

ce matrix Ay is stable by Assumptiofl 1, the sequence
}k>0 is bounded and monotone increasing, and we have
k) < B forall k=0,1,2,. [ |

z(k +1) = Agz(k) + Byu(k) + Bun(k), Stablllty condition[(ID) depends on the maximum amplitude
n(k) = (Qy — ¥)(k), of the inputu. This is different from stability conditiori {1) for
W(k) = Cpa(k) + Dgu(k), k=0,1,2,..., (18) the linearized model that is independentofThe difference

is due to the nonlinearity (in particular, saturation) ire th
Ao = An + Bl quantizer@. Therefore, one should limit the level of inputs
B, := B1+ BsDpy, B, := Bs. before it is quantized. See also the example in Se€fion]VI-A.

From Theorem[4, it follows that when AYX modulator

The nonlinear effect of) is represented by the signal(k). o o :
satisfies the condition in Theorem 4, the erfefk)| in the

Consider the ideal statg (k), which is the state when there
is no quantization, that is, whe® is identity (orn = 0).
Define the state errar:= 2 — z;. We then have the following ¥
theorem:

state space is bounded as shown in [Hig. 9. As a result, thee stat
z(k) is also bounded, and we can conclude that the system
is stable in a weak sense (i.e., bounded but not guaranteed to

converge to zero). By Theor@ 4, we derive a generalizafion o

Theorem 4:Suppose that theAY modulator shown in < - k ) :
the stability condition given i [47] as the following colay:

Fig.[ satisfies Assumptions$ 1 ahd 24{0) < M +1 and if

Il )l oo + 87|l < M +1, (19) _Corollary 1: Suppose that theAX modulator shown in
.[1 satisfies Assumptiof$ 1 alnd 2. Define the noise-te-stat
sfer functionG(z) by G(z) = (2I — Aq)"'B,, and its

|mpuIse response by. If ¥(0) < M + 1 and if inequality

(20) (19) holds, then we havge| o < dlg||1-

Proof: By Theoreni#, we have

then there exists a bounded, real and monotone mcreasm
sequence S } such that

le(k)| < Bk,

where|e(k)| denotes the Euclidean norm of vectdi).
Proof: By the state-space representatipnl (18), we have

k=0,1,2,...,

e(k)| < Jim 5y =8> [ 4LBal| = bllgls,

k—1 k—1 =0
x(k) = Aga(0) + ) AgBuu(k — i) + Y AgBun(k — i) forall k = 0,1,2 u
2 2 1,2, ..

k1
k) + > AyBan(k —i). B. Stability condition by arff> norm inequality
=0

Assume that|p||; = 1. Then, we can rewrite conditioh (19)

From this, we obtain in Theoreni# as

e(k) = (21)

7l

= —le

1
< SO0 +1 = o)

ZA&B n(k — 1)

By the triangle inequality, we have

k—1
k)l < Z |AG Bl - [n(k —

From LemmdlL, we havbz(k)| <6

By (@), we have|1+r||; = 1+ r_, |ax| = 1+]|r]1, and we
can show tha{{21) is equivalent to the condition giveriir] [47

. 2l .
H1+7’H1§5(M+1+5— (22)

[[ufloo)-

for all & > 0. Put Let NV be the order ofR(z). Then by the following inequality

(see[[48, Theorem 4.3.1]),

,_.

B : HA Bnl-

1 +rl < N+ 1)1+ Rl|e,

1=0
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,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,

— — O- Max. gain = 1.5 (3.2 dB)
¢ Lk

Fig. 10. Cascade of Error Feedback

we have a sufficient condition fof (R2):

[TnTElloo = (1 + Rl|oo
1 (23)

2N + 1)5 ' — proposed
—90- : : --- conventiongl

Magnitude (dB)

< ( (M 41406 — ||ufoo)-
For the stability of binaryAY modulators, the following -100-, - : 3‘_T;/32 -
criteriortl, called the Lee criterion, is widely used [49]] [2]: 10 107 Erequency (fatisec) 10 "
| TnTF|loo = |11 4+ R||e < 1.5. (24)

Fig. 11. NTF's: proposed (solid) and the NTF zero optimmat{dash).

From conditions[{23) and {24), attenuation of t#€° norm
of Txte = 1+ R improves the stability. Therefore, we add the

following stability constraints to the design of modulator To satisfy the stability condition| Tnrr|o < 70, the filter
R(z) is designed to limit|1 + B[ < =x/70. If this is
[ TNTEl[ oo = (11 + Rllco < 705 satisfied, we havé{Tnte|l < ||1+ R < 70, by the sub-

where~, > 0 is a constant (e.gqo = 1.5 for the Lee Multiplicative property of thef/>* norm [48].

criterion). Assuming thatR(z) is the FIR filter defined by

@) and also that its state-space matrices are givefiih (10), VI. DESIGNEXAMPLES

the above inequality is also reducible to an LMI via the KYP In this section, we show two design examples of lowpass

lemma, also known as the bounded real lemma [40], [41]: and bandpasA¥. modulators by the proposed method.
Lemma 2:The inequality|| Tnte|lco < Y0 holds if and only

if there exists a symmetric matriX > 0 such that A. Lowpass modulator

ATZTA -7 TATZB ) Cla)" We here show a design example of a high-order lowpass
B'ZA B ZB-7 L | <0 modulator with the cascade structure shown in Eig. 10. We
C(a) 1 -1 setP(z) =1, that is, Tste(z) = 1, and R(z) be an FIR filter

Proof: The equivalence is a direct consequence of tidth 32 taps. The cutoff frequency is set to ber/32. The

KYP lemma (aka, bounded real lemma)|[40, Sec. 2.7] and thtR filter R(z) is designed to minimizeViorst(Zi, [0, €2])
Schur complement [40, Sec. 2.1]. m defined in[(#) and the coefficients are obtained by the LMI in

Theorent L, with the stability conditigfifyTr|| s < 1.5, which
is also described by an LMI in Lemnia 2. The numberof
cascades is 2, that is, the order of the modulat82is2 = 64.

) ) We also design a modulator by the NTF zero optimization [22],
To des!gn a high-order modulator, we can use the cascalgjathat minimizes the averag&/aeragd e, [0,€)]) defined
construction of the error feedback modulators in Eig. 3. Thg @). This modulator is designed by the MATLAB function

proposed cascade structure is shown in [Eig. 10. By using tg?nthesizeNTF in the Delta-Sigma Toolbox[[2],[50],
structure, we havésre(z) = P(z) and where the order of \r¢ is 4, the over sampling ratidosr is
Tare(z) = (1+ R(2))™, 32, and the stability conditiofiTirr|oc < 1.5.

Fig. 11 shows the frequency responses of the proposed
where m denotes the number of filterR(z). This can be modulator and that by optimizing the NTF zeros. By this
proved by the following equations: figure, we see that the magnitude of the proposed NTF is

Um = Pu+ R(y — ¥m), uniformly attenuate_d 0\/_e(0,7r/32] While_ the conventional
one shows peaks in this band. The difference between the
y—te =0+ R)y—¢p-1), k=mm-—1,...,2 two maximal magnitudes at the frequenay = /32 is
y— Y1 =n. approximatelyl 1.2 (dB), and the difference at low frequencies

If R(z) € &, then the linearized feedback system is stabli§ aboutl2.4 (dB). _ _
An advantage of this structure is that the number of taps of 1Nen We run a simulation to evaluate the obtained mod-
R(z) can be reduced, and hence the implementation is mu¢gtors. We used MATLAB functionsimulateDSM and

easier than a filter with a large number of taps. This strectu§iMulateSNR in the Delta-Sigma Toolbox. Fig. 12 shows
can be applied ta\> DA converters. the spectrum of the output when the input is the sinusoidal

wave with frequency 0.0325 (rad/sec) and amplitude 0.5. We
3Note that this is neither sufficient nor necessary for sitgbil assume a uniform quantizer with/ = 1 and¢é = 1/2 (see

V. CASCADE OFERRORFEEDBACK FORHIGH-ORDER
MODULATORS
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---conventional (pp—SNR=91.5d
—proposed (pp-SNR=95.5dB)

.
!
H
H
n

Amplitude (dB)

H a-n a-o
[

-10G

0.4765

106514

-8 0.9 1

10 0.7
Frequency (rad/sec) Input'LeveI

Fig. 12. The spectrum of the output of tAe> modulators: proposed (solid)

and conventional (dash), pp-SNR denotes the peak-to-phak S Fig. 14. Enlarged plot of Fig._13 with linear scale for inpavéls.

TABLE Il
COMPARISON INFIGs.[ITI3.
10 : : : ‘ ‘ —
-=-conventional (PSNR = 79.6dB) max NTF (dB) | SNRpp (dB) | peak SNR (dB)
8g- [=—Proposed (PSNR = 84.4dB) nthy | Conventional -49.4 915 79.6
i Proposed -60.6 99.5 84.4
i Improvement 11.2 4.0 4.8

il is given by M +1—§||r||; = 0.6514 (-3.722 dB), and that for
il the proposed modulator &/ + 1 — §||r|1 =~ 0.4765 (-6.439
Ll dB). The degradation of the SNR for high input levels is due
to saturation in the quantizer that leads to instability hie t
modulator. We can say that if the input level is limited to the
5 stability bound, the degradation is avoidable. We note tifrat
60 40 20 710 conventional modulator can accept higher level of inputs. T
Input Level (dB) 64393722 see the difference more precisely, we show an enlargedrplot i
Fig.[14. The difference however does not matter if the inputs
Fig. 13. The SNR versus the amplitude of the input: proposetid) and  gre |imited to the pre-estimated bound by Theofém 4. These
conventional (dash). -6.439 is the stability bound for theppsed modulator, simulation results show that the proposed min-max (or worst
and -3.722 is for the conventional modulator. . . prop ) )
case) design gives a better SNR as mentioned in Sdcfion I11-A
We summarize the results in Talplé II.

&

-120 -100 -80

Assumption[2). We observe that the quantization noise is
well attenuated in both cases. Note that the frequency 6.032. Bandpass modulator
(rad/sec) is taken around the first notch of the conventionalwe next show a design example of a bandpass modulator.
NTF gain (see Figl_11). The notch frequency is expected We set P(z) = 1, and R(z) be an FIR filter with 32 taps.
give much better performance to the conventional modulatpre center frequency is set to ber/2, and the bandwidth
than the proposed modulator. However, the simulation shoygrameter2 is 7/16. The FIR filter R(z) is designed by
this does not necessarily hold. In fact, the peak-to-peaR,SNusing the LMI in Theoreni]2, with the stability condition
SNRpp defined in[(¥), of our modulator is 95.5 (dB), while thaﬂTNTFHOO < 1.5. We design two modulators, with zeros at
of the conventional modulator is 91.5 (dB). That is, our gesi ., = 47 /2 and without assignment of zeros there. We also
is superior to the conventional oneSNRp, by approximately design a modulator by the NTF zero optimization![22], [2],
4.0 (dB). designed by the MATLAB functiosynthesizeNTF  in the

Fig. [13 shows the SNR, the ratio of the signal power tbelta-Sigma Toolbox, with the order dfyrr is 6, the over
the quantization noise power (SQNR), of the modulators assampling ratioNosr is 16, the center frequencfy = 1/4,
function of the amplitude of the input sinusoidal wave witland || TnTe|lc0o < 1.5.
the frequency 0.0325 (rad/sec). For almost all amplitudes,Fig. shows the frequency responses of the two pro-
the proposed modulator shows better performance than tfesed modulators and that by optimizing the NTF zeros. We
conventional one, in particular, the difference of the pealan see that the proposed modulator without assignment of
SNR, or the maximum SNR is about 4.8 (dB). The figureeros shows the smallest magnitude over the ban@ —
also shows the stability bounds estimated by inequalifly {19 =/16,7/2+w/16], and that of the proposed modulator with a
Theoreni¥. That is, the bound for the conventional modulatpero atr/2 is slightly larger. To see these precisely, enlarged
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T T T 1
i Max. gain = 1.5 (3.2 dB)
o e o
-10- -10-
g g
5 20 - -20
9 °
2 2
£ =
g3 2-30-
= b
-+ proposed (w/o zerp)
—40- — proposed (w zero)| 7 -40-
=== conventional
50+ -50-
2-1732] {24132 4 2 34
-6 0.5 25 3 -6 05 25 3

1.5 2 1.5 2
Frequency (rad/sec) Frequency (rad/sec)

Fig. 15. Bandpass NTF's: proposed with zerosvat= +m/2 (solid), pro- Fig. 17. Multi-band bandpass NTF designed by Theofgém 3 wéttos at
posed without assignment of zeros (dash-dots) and the NbFaptimization w1 = 7/4, wa = 7/2, andws = 37 /4.
(dash).

domain as a min-max optimization. It is seen that the progose
; | min-max design has an advantage in improving SNR.
L RS e The proposed design problem is reduced to an LMI opti-
‘ | mization, using the generalized KYP lemma, and this has a
o § S computational advantage. The assignment of NTF zeros can
o 3 . be taken care of by an LME. We have given a stability analysis
of the AX modulator model without linearization and derived
an H°°-norm condition for stability, which is also described
as an LMI via the KYP lemma. The obtained NTF is an FIR
filter, which is favorable from the implementation viewpbin
Design examples have shown effectiveness of our method.
Future work includes STF optimization as ih _[23], or
adaptive quantization as i [51] combined with the proposed
optimal filter.

Magnitude (dB)

1.35 14 1.45 15 155 1.6 1.65 1.7 1.75 1.8
Frequency (rad/sec)

Fig. 16. Enlarged view of bandpass NTF's in Hig] 15. ACKNOWLEDGMENTS
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figure of Fig.[Ib around the center frequency is shown imid for Exploratory Research No. 22656095, and the MEXT
Fig.[18. By this figure, the magnitudes of the proposed NTRsrant-in-Aid for Young Scientists (B) No. 22760317.
are uniformly attenuated over the band, while the conveatio
one shows a peak on the edges of the band. The differences APPENDIX
between the magnitudes of the proposed NTF's and that of the pyqof of Propositiof 1L
conventional one are about 12.9 (dB) and 15.3 (dB).

Finally, we givg an example of a multi-band modulatO{heory 52]
proposed. n Sgcuolﬂb. We sdt(z) = 1, and R.(Z) be First assume thaff,(z) and Hy(z) are given by [{lL) for
an FIR filter with 32 taps. The center frequencies are Ssect)meP(z) € SandR(z) € S. Since R() € &', R(=)
by w1 = 7/4, we = 7/2, andws = 37/4. The bandwidth ' .

parameter il — 7/16, 1 = 1,2,3. We also impose the is strictly causal and so i#l2(z) = R(z)/(1 + R(z)). This

. . implies that the system is well-posed. For internal stabilire
infinity norm condition||Tire|| < 1.5 and place zeros abi, 04 show that the four transfer functiong1 — Hy(z)),

wa, andws. Fig.[I1T shows the magnitude frequency respon B - g
of the NTF designed via Theoreph 3. The figure shows th%%(’z)/(l HZ(’?))’. anng(z)./(l_ Hz.(z)) are all stable (i.e.,
eir poles are inside the unit circle in the complex plaBg).

our design method works well. the equalities in (1), we have/(1 — Ha(z)) = 1 + R(2) €
S, and hencef;(z)/(1 — Ha(z)) = P(z) and Hz(2)/(1 —

In this proof, we adopt a standard technique of control

VII. CONCLUSION Hy(2)) = R(z) are stable.
We have proposed a min-max design method\af mod- Next assume that the feedback system is well-posed and
ulators. First we have characterized all stabilizing Iditters internally stable. DefineR := Hy/(1 — Hy) and P :=

for a linearized model. Then, based on this result, we ha¥h /(1 — H>). Since Hs(z) is strictly proper from the well-
formulated our problem of noise shaping in the frequeng@osedness, so i®(z). Then by the internal stability of the
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feedback systemi = Hy/(1 — Hy) and P = H, /(1 — Hy)
are stable, that if(z) € S’ and P(z) € S. [

B. Real-valued LMI for Theoref 2

For a Hermitian matrixt” € C"*™ the inequalityF' < 0 is
equivalent to ([44])

ReF —ImF 0
ImF ReF )

Hence we obtain the following real-valued LMI fdr (13):

OF NOISE-SHAPING DELTA-SIGMA MODULATORS 11

[ntf,RI=NTF_MINMAX(32,16,1.5,1/4,1);

For the optimal multi-band bandpass NTF shown in
Section[VI-B is also obtained by using another function
NTF_MINMAX_MBs

ff=[1/8,1/4,3/8];
[ntf,RI=NTF_MINMAX_MB(32,64,1.5,f,1);

Remark 4:When one runs the codes, a messagarf
into numerical problems " may appear. This means
that there was some kind of a numerical problem encountered
in optimization, and the usefulness of the returned sahutio
should be judged by the designer. This may happen occasion-
ally in numerical LMI optimization. For example, in numealc
optimization with an LMI conditionM > 0, the minimum
eigenvalue ofM may be slightly negative due to numerical
problems. In many cases, this does not matter. To avoid this,
one can adopt very small > 0 and rewrite M > 0 as

M.(X.Ya) —M(Y) ] _,
M’L(Y) MT(Xa Ya Oé) ’
where
M (X,Y) My(X,Y) Co)T
Mr(Xa Y,Oé) = MTQ(XaY)T Mr3(X17) 1 3
C(a) 1 -1
M (X,Y):=ATXA+ (ATY + Y A) cos wo
— X —2Y cos (2, L
M,5(X,Y):= ATXB + Y B cosw, []
M,5(X,y) == BTXB — 2, 2l
Ma(Y) Mpa(Y) 0 3
M;(Y):= | =M 0 0f, [4]
0 0 0
M (Y) = (ATY — Y A)sinwo, Bl
M;2(Y) := =Y Bsinwy.

[71
C. MATLAB codes for optimal NTF
We here introduce MATLAB codes for executing numericall8]
computation of the design proposed in this paper. The codes
are downloadable from the following web site:

\protect\vrule widthOpt\protect\href{http://www-ics.

This site provides a MATLAB functionNTF_MINMAX (10
which is the main function to design optimal modulators.
Note also that to execute the codes in this section, Control
System Toolbox[[53], YALMIP [[42], and SeDuM[[43] are'*!
needed. We use Control System Toolbox for defining stafgsz]
space representation of systems. YALMIP is a parser for LMI
description and SeDuMi is a solver for convex optimizati0ﬂ3]
problem including LMI's with the self-dual embedding tech-
nique. This function computes the optimal NTF am{z) [14]
minimizing v > 0 subject to LMI [11) for lowpass modulators
and [I3) for bandpass modulators. THE°-norm condition [15]
of the NTF and assignment of the NTF zeros can be also
included using LemmEl 2.

For example, the optimal lowpass NTF shown in Segts]
tion [VI=Alis obtained by

[ntf2,R]=NTF_MINMAX(32,32,1.5%(1/2),0,0);
ntf=ntf2"2;

[17]

The optimal bandpass NTF with zeros:at= e*™/2 shown [18]

in Section VI-B is obtained by

M > el.
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