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Abstract

There is a growing market demand for wideband D/A conversion at resolutions in excess
of 12 bits, especially for video and radio applications. ZA D/A conversion is known for
providing high resolution in a certain bandwidth. The maximum resolution bandwidth of a
2A DAC is dictated by the maximum speed of its digital XA modulator, which is in turn

limited by the speed of its accumulators.

This thesis demonstrates that by using carry save arithmetic and approximate quantization
in a digital >A modulator, the achievable increase in speed compared to the state of the art

is roughly a factor of two.

The method was verified in a particular design case, a ZA DAC using a second order carry
save ZA modulator, implemented in 0.5 CMOS. The measured performance of the carry
save ZA modulator is 73.53 dB peak SNR (12 bits of resolution) in a 4.68 MHz bandwidth
at a 150 MHz sampling frequency.
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CHAPTER 1 Introduction

1.1. Problem description

Digital to analog converters are critical elements in data conversion systems, making the
interface between the digital computational world and the real analog world. High speed,
high resolution DACs are increasingly finding their way into high frequency applications,
such as spread spectrum communications or waveform synthesis. A trade-off is to be made
when choosing a DAC, depending on the specific application field. For example, CD
players use relatively low sampling frequency DACs with 16 to 24 bits of resolution,
whereas higher sampling frequency DACs used in arbitrary waveform synthesis or DDS

have typically 8 to 12 bits of resolution.

The technical problem addressed in this thesis is the feasibility of increasing the maximum
sampling frequency of a particular high resolution DAC architecture, while maintaining its
in-band resolution in the order of 16 bits. In other words, is it possible to convert, with

high resolution, wider bandwidths of digitized signals to analog form?
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1.2. Proposed solution

TA techniques, used in XA data converters, are known to provide high resolution in a
certain frequency bandwidth by pushing the quantization noise to ranges of frequencies
from which it can be easily filtered out. Practical implementation of such data converters
trade a higher oversampling rate for increased in-band resolution. Computations are done
mainly in the digital domain and the requirements on the precision of analog components
are considerably reduced, compared to other types of data converters. On the other hand,
this type of data converter is limited by the range of sampling frequencies. On the XA A/D

side, however, it has been proven that GHz range sampling is feasible [Wein95].

It will be shown that the method proposed in this thesis allows for a substantial increase in
maximum sampling frequency of digital £A modulators, the fundamental building blocks
of ZA DACs.

1.3. Contributions

The thesis demonstrates:

a) A new digital XA modulator architecture which employs carry save arithmetic. This was
the main research focus. In this type of arithmetic computations are done in parallel with
the data flow, as opposed to classical carry propagate arithmetic, in which computations
are done orthogonal to data flow. The key innovation is the use of CSA approximate
quantization in the proposed circuit, instead of exact quantization, as in CPA digital A
modulators. For small enough approximate CSA quantization errors, both approximate
quantization error energy and quantization error energy are shaped out of the band of

interest by the same XA negative feedback effect. The method roughly doubles the

2
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o R O
maximum sampling frequency of digital ZA modulators, for a given technology, compared

with the state of the art.

b) To prove the technique, a particular second order £A DAC design case was chosen.
Since the application is targeted for wideband and high resolution applications, the digital
A modulator uses a three bit CSA approximate quantizer. The CS £A modulator, part of
the 0.5 CMOS implementation of the A DAC, works correctly up to 145 MHz sampling
frequency. The measured digital performance is limited by I/O pad speed.

The mismatch noise issue, linked to the use of a multibit XA modulator, is addressed by

using a A-based bit shuffling network cascaded with the digital ZA modulator.

c¢) The circuit implementation addresses specific layout problems of mixed signal design,
such as substrate coupling, component matching, etc. The author followed the whole

design flow, from problem formulation to circuit testing.

1.4. Thesis organization

The thesis is divided into seven chapters.

Chapter 2 provides general D/A background useful for high speed DACs: digital

representation formats, current steering DACs and factors limiting their linearity.

Chapter 3 introduces the reader to XA D/A conversion and carry save arithmetc.
Fundamental ZA conversion issues, such as quantization, oversampling and noise shaping
are presented. First order and second order digital A modulator architectures are then
introduced, highlighting the advantages of the latter. In this context, a state of the art

circuit implementation of a second order XA modulator is presented. An example of a bit
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shuffling algorithm using dynamic element matching is briefly discussed. At the end of the

chapter, a brief section gives an overview of carry save arithmetic.

Chapter 4 is the core of the thesis. This chapter starts by laying out the mathematical
foundation for the use of CSA in digital ¥A modulators. The CSA implementations of the
three building blocks of a digital ZA modulator (integrator, approximate quantizer and
approximate clipper) are shown. The theoretical arguments are enforced by simulations
done on a particular design case, a second order digital XA modulator. The speed
advantage of the circuit is demonstrated by comparing it to that of the state of the art

circuit discussed in chapter 3.

Chapter 5 describes the XA-based bit shuffling network. A theoretical section introduces
the reader to the method. The circuit implementation and simulation results are presented

at the end of the chapter.

Chapter 6 is dedicated to experimental results. Both a Xilinx 4010E prototype and the

0.5u CMOS implementation are discussed.

Chapter 7 summarizes the research and discusses future work that can be done, with a

focus on digital radio applications.




CHAPTER? D/A conversion

background

2.1. Introduction

A/D and D/A converters provide the interface between the analog signal domain and the
binary digital world. The outputs of digital circuits must often be converted by DACs to
drive analog actuators such as a speakers, video displays, final stages of radio transmitter
chains (power amplifier and antenna), etc. A Nyquist rate DAC (with output updating
frequency close to, but higher than the Nyquist frequency of the analog signal to be
reproduced) produces an analog output O which is proportional to the input digital word
D:
O=K-D (2.1)

where K is the proportionality factor which can be voltage, electrical charge or current. K

sets both the dimension and the full scale value of the output O. If the digital input D is in

binary format, it is common practice to normalize D with respect to its full scale value, 2™-
1, where m is the number of bits of D. For example, if K is a voltage reference

0= lref 22)

|




Chapter 2 : D/A conversion background

The input word D can be expressed in any digital form easily convertible to analog. A

positive integer N can be represented with m = 1 + I_lOg 2(N)_| bits in binary code as:

m-—1 i
N= Y Dl.-2 2.3)
i=0

where | ] is the round to floor integer operation. A signed integer N can be

represented in two’s complement formusing r = 2 + Llog 2(| N|)J bits, with MSB the

sign bit:
If N >= 0 then

D,._; = 0; sign bit of N is 0;
Dp_g Dp3.n... Dy = binary representation of N on
m = 1+Llog 2(INI)_| bits;
else
N = -N; compute -N;
P,y = 0; sign bit of -N is O;

Po g Pp3..... Py = binary representation of -N on
m = 1+|_log 2(|Nl)_| bits;
Dr—l Dr_3 ..... Do =1 (Pr—lPr-Z' .. .Po) + 1 LSB,’
end;

Fig. 2.1. 2’s complement definition

where ! is the bitwise negation operation. Inverting the sign bit of an m bit two’s

complement number, one gets a binary representation of that number’s integer value plus
2™l For example, inverting the sign bit of 100 (-4 in two’s complement form using three

bits) one gets 000 (O in three bit binary code), thus a translation of 4 = 231 This

observation will be used later in the thesis.

i




Chapter 2 : D/A conversion background

S
An integer N can be represented by a thermometer code of length n >=N (n >=1 for N =

0).
If 1i < N then
Ti = 1;

else
Ty = 0; . (2.4)

The output of the bit shuffling network used to implement the ZA DAC proposed in this
work is expressed using an m out of n code. In such a form of representation, a positive
integer N is represented on n >= N bits (m >= [ for N = 0) in such a way as m = N bits
have a logic ONE value and the rest have a logic ZERO value. The following relation
holds:

n—1

N= Y R;
i=0

2.2. Important DAC specifications

DAC performance specifications can be divided into static and dynamic specifications.
There is a wealth of information in the literature about DAC static performance
specifications such as resolution, DNL, INL, PSSR, etc. ([Hoes94], [Raza95]). More

relevant for a XA DAC are the dynamic specifications presented below:

1) The most important dynamic specification of a DAC is the signal to noise ratio [SNR],
the ratio between the signal power and the total quantization noise power (see Section 3.2)
in the band of interest. It depends on the resolution of the DAC and automatically includes

specifications such as linearity, distortion, glitches, noise, etc. Over half the sampling
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frequency, the maximum SNR should ideally follow the theoretical formula [Plas94]:

SNRmax(dB) = 6.02-N+1.76 (2.5)

Figure 2.2. shows the dependence of a DAC output as a function of normalized sinusoidal
input level. While the dependence is linear for small input levels, it rolls-off sharply for

large input levels. Linear quantizers, discussed in Section 3.2., exhibit the same behavior.
A sxr (aB)

input signal level (dB relative to maximum level)

Fig.2.2 . Representative curve of SNR versus signal level

An even more stringent dynamic performance measure is obtained if the total harmonic
distortion power is added to the quantization error power in the band of interest, thus
computing the signal to noise and harmonic distortion ratio [SNHR].

2)When DACs are used with large oversampling ratios or the spectral purity is important,
the spurious free dynamic range [SFDR] is used to define the ratio between the maximum
signal component and the largest distortion component. SNR and SFDR in a 200 KHz
bandwidth are shown in Figure 2.3. for a Nyquist DAC.Additional DAC dynamic

performance specifications can be found in the literature [Plas94], [Raza95].

0— SMR (dB) [ — — — —
useful g
signal SFDR = 88 dB
-50
90 _| |
- SNR=102 dB pectral spur frequency
\/\‘_‘l\ i
0 B0 0 130 B00 1 »{KHz]
Fig.2.3. Definitions of SNR and SFDR
for a Nyquist DAC

8
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2.3. Current division DAC

Current division reconstruction DAC stages are commonly used in high speed DACs, such
as the ZA DAC proposed in this thesis. Current switching is preferred in high speed
applications over other reconstruction DAC architectures (eg. charge division) for its good
high frequency performance [Raza95]. Since high D/A conversion resolution is the other
important issue addressed in this work, knowing the sources of error in practical current
steering DAC implementations is necessary. The D/A reconstruction stage shown in
Figure 2.4. has two blocks: a two’s complement (or binary) to thermometer decoder and a
current steering array with nominally identical current sources (segmented current

steering array).

m Two’s complement | 27.] Current

_74’ to thermometer 4 steering .
decoder reconstruction

digital DAC analog
input output
(2's
complement
or binary)

Fig.2.4. Current steering
D/A reconstruction stage

The use of thermometer code ensures reconstruction DAC monotonicity since digital input
increments simply cause additive increments in the analog output [Raza95]. The use of m
out of n code and segmented current steering arrays has the same advantage, and it was
chosen in the XA DAC implementation proposed in this work. Figure 2.5.a. shows a
segmented current steering array: N current mirrors that generate N nominally identical

output currents, the sum of which is equal to I,,,. The thermometer code value (Dy.....Dy)

controls which current sources are switched to the output.
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Cp Tour

— R
I,=I I,=I Iy=I
X v
[ - out
-
o

Di D2 Dy current steering array

thermometer code

(a) (b)

Fig.2.5. (a) Segmented current steering array;
(b) conversion of the output current to voltage
using a resistor.

In Figure 2.5.b, resistor R is used to convert to voltage the output current of the current
steering array. The output settling time is limited by the total parasitic capacitance C, at

node X, because this node experiences the total output swing. This approach is common in

high speed applications, and it is used in the proposed XA DAC.
The major sources of error in segmented current steering arrays are as follows:

a) Current source mismatch. In Figure 2.6, the two current sources are implemented using

MOS transistors M; and M,, which ideally would be matched.

I, I, ,_Y I, I
| Ve | |

"gaj | | |
ol

= RS, Rsé
(a) (b)

=+

Fig.2.6. Nominally identical MOS current sources

10
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In constant current operation, the output currents can be approximated as:

1 W 2
Ip=50Cor T Vgs—Vrg)

Since f, C,, and Vg are constant for a given process, W, L and Vg are the only
parameters under designer’s control and they can be increased in order to reduce the
absolute variation of Ip,. .Al process variations in the D/A reconstruction stage can have a
severe impact on the in-band resolution of a XA DAC. Mismatches typically limit in-band

DAC resolution to 8 - 10 bits.

b) Finite current source output impedance. If the output current summing node of a current
steering array experiences large voltage excursion, then INL (maximum deviation of the
input/output characteristic from a straight line passed through its end points [Raza95]) is

affected by the finite output impedances of the current sources.

—7:—'
[ é % [ d) §Iro

l-0
! d)
| Fig.2.7. Current steering array
— including output impedance
Dy D, Dy of each current source

The maximum value of INL of the reconstruction DAC using the segmented current

steering array shown in Figure 2.7. is [Raza95]:

INL, .= IR,

7. (2.8)
4 r,
Let us consider, for example that the MOSFET used to implement such a DAC have an

Early voltage of SV. The output impedance of such a MOSFET is
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o = VA/ r Substituting this relation in equation (2.8), the INL,,, value becomes:

_ (VIR

max ~ ~ 4. V4 (2.9)

INL

where the maximum output voltage is Vmax = N -I-R .Therelative error is

INL %4
max _ ~max
Vmax 4- VA (2.10)

For for a maximum DAC output voltage of 500 mV, the relative error is 1/40, which is

significant even for a 5 bit DAC.

Process variations and finite current source impedance effects on £A DAC linearity can be

limited by using bit shuffling, as described in Chapter3 (Section 3.6) and Chapter 5.

2.4. Summary

This chapter introduced the reader to basic D/A concepts which are to be used later in the
thesis. A section on digital representation formats was followed by a brief introduction to
important DAC specifications. The last section showed that current switching D/A
reconstruction stages, while fast, are difficult to design for resolutions beyond about eight
bits. The high speed XA DAC proposed in this work uses such an analog D/A

reconstruction stage.
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CHAPTER 3y A DD/A and carry save
arithmeftic background

3.1. Introduction

For a Nyquist rate DAC (Figure 3.1.below), the output smoothing filter’s characteristics
are essential to the overall accuracy of the D/A conversion. If the sampling frequencies are
relatively close to the Nyquist frequency (twice the maximum frequency of the signal to be
converted, i.e. the minimum sampling frequency which guarantees complete signal
recovery), the smoothing filter’s characteristics must have high roll-off and high out-of-

band attenuation. These filters therefore require high accuracy analog components.

digital LPF
in

n . out
@Fyquist 74 pac ——WF1+—>

anialog

€

||)—4

Fig.3.1. Nyquist rate DAC

The above drawback of Nyquist rate DACs is not present in oversampling XA DACs. A
block diagram of a ZA DAC is shown in Figure 3.2. below.
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Fig.3.2. (a) ZA DAC using a 1 bit digital
ZA modulator (b) £A DAC using a 2 bit —_
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The incoming digital data is sampled at Nyquist rate. The interpolator stage (see Section
3.4.) increases the sampling rate of the signal (chosen 100 times greater, for example). The
next stage is an interpolating circuit called a digital £A modulator, working at the same
speed as the interpolator, which truncates the input words into shorter output words. These
shorter words change their value in such a way that the truncation noise that lies in the
frequency band of interest is significantly reduced. A XA digital modulator is essentially
built by cascading a digital filter and a truncation element (a 1 bit quantizer, in the case
shown in Figure 3.2.a.) inside a negative feedback loop. The digital A modulator is
cascaded with a D/A reconstruction stage (see Chapter 2). The XA DAC output is taken
from a LPF cascaded with the D/A reconstruction stage.The overall resolution
performance of the XA DAC can be increased by increasing the amount of information fed

back (i.e. increasing the number of bits quantized (Figure 3.2.b.)). The advantages are
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increased stability and in-band resolution. The disadvantage is the need to use an array of
unit D/A elements (current sources for the circuit proposed in this thesis) in the analog
stage, with their associated mismatch problem (see Chapter 2). Fortunately, the effect of
unit D/A element mismatch on in-band DAC resolution can be minimized by using a bit

shuffling network (see Section 3.6.).

2A techniques in D/A conversion trade accuracy and complexity in the analog stage for
increases in sampling speed. By using a sampling frequency much higher than the Nyquist
frequency of the input signal, the requirements for the roli-off of the analog smoothing
filter at the output of such a DAC are considerably reduced. A DACs normally require
more digital circuitry than Nyquist rate DACs, but the relative increase in active silicon
area is minor (a 3 K gates XA DAC in a 100 K gates chip, for example). The next two
sections will present quantization, oversampling and noise shaping, fundamental issues

linked to 2A conversion, with an accent on XA D/A conversion.

3.2. Quantization and oversampling

Figure 3.3. shows an uniform analog quantizer that rounds-off a continuous signal to odd

integers in the range -5 to +5.
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NN NN (b) quantization;
NN \[ N N (b) quantization error
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The quantizer level spacing is 8 = 2 and the output is

y=G-x+e

(3.1

where x is the quantizer input, G is the slope of the straight line connecting the centers in

the quantization characteristic and e is the quantization error (see Figure 3.3.b.).

The k bit quantization of a binary number of length n is done by taking its k most

significant bits. The input/output characteristic of a three bit quantizer with four bit two’s

complement number input is given in Figure 3.4.

output

o1 N

oo __ __
=832 z|¥- I,: [
S S = = = = 1000 _ _ input

¥ —_ ——_— O —_
| [ 1t 8 88 3 S(two’s
| — H10 complement
form) . .. . .
— — — 7101 Fig.3.4. Digital quantization
- T T T T T 100

An observation can be made regarding Figure 3.

4. Tthe output of the digital quantizer is

offset down by 1/2 LSB. The digital ¥A modulator used in the £A DAC proposed in this

work uses such a quantizer, and therefore its output has a residual DC offset.

input signal level(dB)

Fig.3.5. SNR versus

o
signal level for a linear quantizer

Figure 3.5. shows the SNR at the output of a linear quantizer with sinusoidal input as a

function of input signal level. At small input levels, the dependence is linear. At large

input levels, when the quantizer is clipped (the output spends large amounts of time at the
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extremes of the quantizer’s characteristic), the SNR has a fast roll-off. Any deviation from
the ideal quantizer behavior (nonlinearity, step size impairment, dynamic error, harmonic

distortion, physical noise, interfering signals, etc.) will impair such an SNR characteristic.

The Nyquist theorem states that the information in a signal can be completely recovered if

the signal is sampled at least twice as fast as the signal bandwidth.

Oversampling is defined as deliberately sampling a signal at a frequency much higher than
its Nyquist frequency. For a signal in the frequency band 0 < f < F; sampled at a frequency

Fy = UT, the oversampling ratio (OSR) can be defined as the ratio of the sampling

frequency F; to twice the signal bandwidth.:
F

1
OSR = S = (3.2)
2-Fy 2-Fy-T
It can be demonstrated [Haus91] that the in-band quantization noise power is:
2
2 ®rms 3.3)

2
ny = s (2:Fg-T) = OSR

where e, is the RMS of the quantization noise. Oversampling reduces the in-band RMS
quantization noise power ng by the square root of the OSR. Therefore, each doubling of
the sampling frequency decreases the in-band quantization noise power by 3 dB. This is
equivalent to increasing the resolution by half a bit (6 db of SNR corresponds roughly to
one resolution bit). For consistency reasons, formula (2.5) and Figure 2.2. will be
reproduced again, this time referring to a linear quantizer. Formula (3.4) gives the

maximum theoretical SNR value for a linear N bit Nyquist rate quantizer

SNRmax(dB) = 6.02-N+1.76 (3.4)
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It is useful to discuss now some frequency domain aspects of oversampling.

Ener .
3 S Continuous

- 0 time filtpr.gg——First alias
quantization noise

-

Frequency (2) Sampling at Nyquist
Fg FJ/2 - rate
A Energy

— — 71 Continuous
| time filter

-f—
| Frequency
' l 7' L (b) Oversampling
Fg FJ/2 DFy2

Fig.3.6. Effect of oversampling on the in-band
quantization noise

The analog band of interest is F,/2 in both cases in Figure 3.6. In case (a) quantization was
done using a Nyquist rate quantizer. In case (b), the sampling frequency is DF,
corresponding to an OSR of D. The same quantization error power as in the first case is
spread in Figure 3.6.b. over a much wider range of frequencies. If one can separate with a

continuous time (CT) filter the range of frequencies from O to Fy/2, an SNR improvement

of D times is achieved, since the quantization noise power in the second case is D times
lower in the band of interest because of oversampling. The maximum SNR is then given in
[Haus91] as:

SNR, _(dB) = 6.02- N+ 176 + 10 - log(D) (3.5)

It is convenient to write D = 2%, where L is the number of octaves of oversampling. The
SNR at the output of the quantizer is then given by the formula:

= : . 3.6
SNR, . (dB) = 6.02-(N+0.5-L)+1.76 (3.6)
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- - TR

Equation (3.6) shows directly that the oversampling quantizer yields SNR in the

bandwidth of interest equivalent with that of a nonoversampling (Nyquist) quantizer with
a higher number of bits. In this case, the gain in resolution is 0.5 bits per octave of

oversampling.

3.3. Noise shaping

Improvements in resolution larger than half a bit per octave of oversampling may be
achieved by arranging for the quantization noise power of the data converter to be
spectrally shaped. The quantization noise power can be pushed out of the frequency band
of interest, thereby increasing the in-band resolution of the data converter. A filter can then
eliminate the out-of-band quantization error. The method, commonly referred to as noise

shaping, is illustrated in Figure 3.7.

—X>?—> H(z) E. _l_ Y >
) (a)
X o ; ) |  H@) _.@___,Y (b)

Fig.3.7. Noise shaping principle (a) z domain diagram
(b) linearized model

In Figure 3.7., H(z) is the z domain transfer function of a filter that is cascaded with a
quantizer whose output Y is fed back and substracted from the input X. Figure 3.7.b.
shows a linearized model of the loop. The quantization process can be modeled as an

additive linear process whose inputs are the quantization noise, with z domain
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representation Q(z), and the output of the discrete time filter H(z). The signal transfer

function (STF) and the noise transfer function (NTF) are given by formulae (3.7) and (3.8)

respectively.
Y(z) _ _H(z) _ (3.7)
X() - T+H@D
rz) . L _ (38
0~ TvHEGD T F -

By choosing H(z) appropriately and with the condition that the loop has to be stable (no
value of z for which the denominator is zero, i.e. 1+H(z) = 0), it is possible to control the

NTE. For example, if first order z domain differentiation is needed for the NTF, then
1 -1 1
A . = H = — 3.9
[T H) z (2) = — (3.9)

with z = &/®T, where @ = 2xf is the signal pulsation and T the sampling period, and then
-1 J-o-T .
l-z =1—ej =j-® (3.10)

with absolute value increasing 20 dB per decade of frequency. If a second order
differentiation is needed for the NTF, then

-1.2

(12 ) L

_ 2z G.11)
= TvH@ P - 1)?

with absolute value increasing 40 dB per decade of frequency. Using formulae (3.9) and
(3.11), respectively, two noise shaping ZA modulator architectures can be built. They also

use oversampling, and are called first order £A modulator and second order XA modulator
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respectively. These two architectures will be discussed next, with accent on the second

order A modulator, the type used in the 2A DAC proposed in this work

3.4. First order 2\ modulator

The block diagram of a first order XA modulator is shown in Figure 3.8.a. This circuit is
the simplest of all ZA modulator architectures. The input into the circuit is fed to the
quantizer via an integrator and the quantized output is fed back and substracted from the
input. This feedback forces the average value of the quantized signal to track the average
input value. Any difference between them accumulates in the integrator and eventually

corrects itself.

inpuy output
1/ (z-1) J_ SutP
- (a)
Qutput spectrum of an ideal First Order Sigma Delta Modulator
0 M MA ) L1 M T

=20

40
[
g (b)
3 [

~120

-140

? > 10° 10

frequency(Hz)
Fig.3.8. First order 2ZA modulator

(a) z domain block diagram; (b) output spectrum
for sinusoidal input
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Figure 3.8.b. shows the output spectrum of a first order ZA modulator using a one bit
quantizer. The input is a sinusoidal signal with amplitude -18 dB (0 dB is the quantizer
step). The 20 dB/decade NTF is evident when using a logarithmic frequency scale.

The circuit implementation of a first order digital ¥A modulator is shown in Figure 3.9.
The input word, held in register R, feeds one port of a binary adder, the output of which

separates in two paths. The more significant component, y,feeds to the output, while the
less significant component, e}, feeds back to the second port of the adder via register R;.

The LSBs accumulate until they overflow into the MSBs and thus contribute to the output.

The incoming word rate is Fy, while the feedback register R is clocked at a much higher

frequency, F, = KF;. The output of this circuit, expressed in the z domain, is:

YI(Z) = X +E1(z) . Z—l —El(z) = X(Z)-((l -Z—l) -EI(Z)) (3.12)

R; ¢y ¢ LSBs
, FL A
Xx (b bits)
—— L L,
\ Ro /  b-c+1 MSBs
Fo

Fig.3.9. Circuit implementation of a first order digital
ZA modulator

where z = ejmT, with T=1/F,. From (3.12), the error E is first order differentiated, which
corresponds to 20 dB per decade in NTF, as demonstrated in Section 3.3. Y,(z) represents
the input contaminated by a truncation noise E(z) which is filtered by the high pass

function (1-z'!). Lets consider a binary representation of numbers in the digital XA

modulator, with the incoming word width b and the error e; comprising the c least
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significant bits of the sum. Then y is (b-c+1) bits wide, the extra bit being the carry out bit

from the top of the adder. Input codes can assume integer values from O to 2P_1, the error
integer values from O to 2°-1 and the output assumes integer multiples of 2€ in the range 0

to 2°. The number of levels needed to represent the output is:

1 =271 (.13)

but the switching between values must occur fast enough to suppress the truncation noise
that enters in the signal band. A A DAC using a first order digital %A modulator is shown
in Figure 3.10; it was used in early Phillips CD players [Snel95]. The digital 2A modulator
is cascaded with an interpolation stage which increases the sampling frequency by a factor
of four. The output of the digital 2A modulator feeds a D/A reconstruction stage and the
DAC output is taken from a CT smoothing filter. Using XA techniques required a cheaper

D/A reconstruction stage (less analog output levels).
16 b 18 b

176.4 KHz
— +4 14 b (MSBs)
44 .1 KHz 176 .4 output
KHzZ — > D/A >—-—'\/\/\‘/*—I-—
L
% T
176.4 KHz

Fig.3.10. Phillips ZA DAC using a first order
digital 2A modulator

At this stage it is useful to briefly discuss the interpolator stage, a necessary part of any XA
DAC. Its function is to deliver the incoming digital information at the sampling rate of the
digital XA modulator. The circuit proposed in the present work does not include such a

stage.
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Interpolation is the process of digitally converting the sampling rate of a signal from a
given rate F=1/T to a higher rate F; = 1/T|. The process of interpolating a signal x(n) by

an integer ratio L is depicted in Figure 3.11. Figure 3.12. illustrates the interpolation

process in the time and frequency domains, respectively.

r- - - =-"""-""""-"""-""-""-"-"-"-—"-—-="—-"7— "—-"—" "
[ |
x(n)l incrci:@.se w (1) L(.PF band i (n)
l sampling passban [ z n
rate by L —®| gain = L)
@Fl| @LF l@ LF
| [

Fig.3.11. Interpolator stage
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r " r
\ / \ / l frequency
L 1

0 " LF
IY(exp (j2rE/F)) |

M
- \
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' /n 0 " LF
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Fig.3.12. Interpolation process
(a) time domain; (b) frequency domain

The sampling rate of input x(n) is increased by a factor of L (in this case L = 2) by
inserting L.-1 zero-valued samples between each two samples of x(n). This creates a signal

w(n) whose frequency components are periodic with period equal to the original sampling
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frequency F. To eliminate these periodic components and retain only the baseband
frequencies, it is necessary to filter the signal w(n) with an appropriate low pass filter. The
resulting signal y(n), with sampling rate LF, is then the desired interpolated signal. In
order to ensure that the amplitude of the interpolated signal is the correct one, the gain of
the filter has to be L. A detailed mathematical treatment of the interpolation process can be

found in [Croc80]. [Hoge81] introduces an elegant interpolator circuit implementation.

Returning to the first order ZA digital modulator subject, it is to be noted that it has a series
of drawbacks which make it unsuitable for industrial applications. Nevertheless, its
behavior is well understood at the mathematical level [Snel95] and that knowledge base
helps understanding the more complicated (and not always guaranteed to be stable) higher
order A modulator architectures. Stability in XA sense refers to the dynamic behavior of a
ZA modulator whose output does not change for long periods of time, compared to the
sampling period. Alternatively, a ZA modulator is stable as long as its output SNR does

not drop dramatically.

The most important drawback of a first order £A modulator is its limit cycle behavior.
Figure 3.13. shows the output spectrum of a one bit output first order XA modulator with a
DC input of 0.05 (the [ bit quantizer step is the reference, 8 = 1). The in-band frequency

components are clearly visible and they depend on the DC input value.

Tonal behavior in Flrst Order Sigma Delta Modulator
Y T T T T

o

_—O b e e s .. A - —

g .| 1 Fy/2=400
= RANMMMMMIMMM | MMMMMMMMMMUNUN

Fig.3.13. Limit cycle behavior in first order ~A
modulator; output spectrum for 0.05 DC input; limit cycle at Fs/40.
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The limit cycle behavior of a first order A modulator can also be seen in Figure 3.8.b. for
a sinusoidal input. The in-band resolution of a A DAC built with such a digital ZA
modulator will be severely affected. [Snel95], [Cand86], [Haus91] give more detailed
information about the first order A modulator drawbacks.

One solution to the limit cycle problem in XA modulators is the use of dithering. Dithering
is the process of disrupting the long deterministic idling patterns at the output of XA
modulators by adding some AC signal at different points of the circuit. In reference
[Haus81], Hauser mentions dithering methods by adding AC signal at the loop input for
ZA A/D converters. Adding a square wave signal at powers of two of XA A/D converter
sampling rate is one of the above methods. Dither can also be added at the quantizer input
or, equivalently, randomly translating the quantizer transfer function from midthread to
midrise. An implicit dithering method similar to this one is employed in the digital XA
modulator proposed in the present work. It should be noted that there is a shortage of

information in the literature regarding dithering in digital ¥A modulators

3.5. Second order 2\ modulator

The second order XA modulator, while more complicated to understand or describe
mathematically, is proven to be stable, has higher in-band resolution for the same OSR and
less limit cycle problems compared to the first order £A modulator architecture. These
advantages make it suitable for practical implementations in telecommunications. The z
domain transfer function of the filter H(z) used to implement a second order XA modulator
architecture was given in equation (3.11). There are two corresponding z domain block

diagrams, as shown in Figure 3.14.
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Fig.13.14.Second order XA modulator architectures
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Fig.3.15. Output spectrum of an ideal
second order 2A modulator with sinusoidal input

The 40 dB/decade NTF of a second order XA modulator is clearly evident on a logarithmic
frequency scale, as well as its relative lack of in-band harmonics when compared with the
spectrum of the first order A modulator architecture shown in Figure 3.8.b. An empirical

formula for peak SNR in a bandwidth BW for a given OSR = Fs/(2*BW) is [Cand92]:
SNR[dB] = 15-log ,(OSR)-23 G.17)
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The resolution in bits is given by:
Resolution[bits] = 2.5 - log 2(OSR) -4 (3.18)

One problem with digital implementations of the second order XA modulator architectures
shown in Figure 3.14. is that the maximum signal level at the second integrator’s output
can reach very high values as the DC code input level in the modulator closes to the rails

(for a one bit quantizer, the rails are the quantizer levels)

Maximum amplitude signals

(quantizer steps) (B )

12§

1oy

3 F

‘T (A)

4 F DC input evel
2 / | N (quantizer steps)

0.2 0.4 0.6 0.8 1

Fig.3.16. Maximum integrator output levels
for a one bit second order digital A modulator

as a function of DC code input level;

The DC sweep is a standard test for XA modulators [Cand92]. AC sweep test results (in-
band SNR, behavior of maximum amplitudes at various points in the circuit) depend on

the DC bias [Cand86].The problem of two’s complement numbers wrap-around is well
known. For example, when incrementing the positive number 01111111 by one LSB,
the result is the negative number [0000000 . Which is at the other end of the

representable range. (see Figure 3.17.c.). In a digital XA modulator, the signal level at the

28



Chapter 3: XA D/A and carry save arithmetic background

output of the second integrator can become larger than the representable range of two’s

complement numbers at that point, thereby causing arithmetic overflow.

As a result, the quantized value will have a wrong value. This will create the conditions for
low frequency limit cycles in the loop, which in turn will negatively affect the in-band
resolution of a 2A DAC using such a digital XA modulator. For example, let us consider a
second order XA modulator, one bit output implementation for the circuit shown in Figure
13.14.b. The corresponding circuit (with a clipper added to prevent arithmetic overflow) is
shown in Figure 3.17.a. below. The maximum signal level at point (A), the output of the
first integrator, reaches a maximum of 28 (9 is the quantizer step), as implied from Figure
3.16. There are two ways to avoid two’s complement wrap-around at the output of the
second integrator (see Figure 3.17.b.). One approach is to use sign bit extension at the
input of the ZA modulator in such a way as the representable two’s complement signal
range at the second integrator output to cover all possible signal values at that point. The
sign bit extension can also be used locally, as seen for the circuit shown in Figure 3.18, for

the input in the second integrator (a one bit sign extension).

Sign bit extension is a widely used circuit technique in digital hardware. For example, the
number 10111 can also be expressed as 1110111 by replicating twice the value of the sign
bit of the first representation. For the circuit discussed at the moment, an input sign bit
extension of three will result in an increase in the representable range of eight times
throughout circuit. As seen in the graph in Figure 3.16., increased wordlength alone is not
enough to guard against two’s complement wrap-around at the second accumulator output,
as the DC input code approaches the rails. The maximum value of the signal at the output
of the second integrator will require too wide a word (for example 5 or 6 bits extension),
which will slow down the second accumulator (part of the critical path in the circuit), and
therefore the whole XA modulator. The maximum achievable resolution in a certain

bandwidth will therefore be affected. A second method, used in conjunction with the first,
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is to keep the signal level at point (B) inside a certain region by using a clipper, as seen in

Figure 3.17.a.
: C
1nput(f;\ _ +T/\\ -1 _I‘ output
) 41) \"_i/_l_ Z (1 bit)
o clipper
i (a)

signal
+MAX
sharp
time
o 4 N _ _|_range_ domain
transition
-MAX 4 Al:i

(b) (c)

Fig. 3.17. (a) Second order digital £A modulator using
a clipper (b) saturation arithmetic (c) two’s complement
wrap-around

If the maximum signal level at point (A) is 29 (i.e. two quantizer steps for a one bit output
modulator) and the clipper limits the feedback signal to a maximum of 49, for example,
the maximum signal level at point (C) (and at the quantizer input, which is just one

sampling period delayed) is 65. An input sign bit extension of three bits corresponds to

increasing the representable range in every point of the circuit by a factor of 23 =8 and

thus will accommodate the resulting maximum signal level at point (B).

The digital clipper can be implemented using saturation arithmetic, which emulates the
“full scale” or “pegged” behavior of analog circuits. Figure 3.17.b. shows the behavior of a
circuit using saturation arithmetic, as opposed to one allowing for two’s complement

wrap-around (Figure 3.17.c.). When the signal level is more than the digital representable

30



Chapter 3: XA D/A and carry save arithmetic background

range, the output is represented by the maximum representable value. No big jumps are

allowed in the waveform, so the output spectrum is not as rich in harmonics as the one

generated by the sharp timme domain transitions in the wrap-around case.

A practical second order digital XA modulator will be discussed next. This implementation
is the model against which the second order carry save XA modulator architecture
proposed in this work is to be compared in terms of achievable speed. The circuit was
proposed by Su et al. in [Su93]. The digital ZA modulator is part of a CMOS oversampling
2A DAC and has the architecture shown in Figure 3.17.a. The corresponding circuit level
implementation is shown in Figure 3.18. Because two’s complement arithmetic is used,
the one bit quantizer is implemented by taking the sign bit of the second integrator output.
The input is 16 bits wide and sign bit extension in the first stage is two bits and in the
second stage is three bits. The positive and negative full scale levels at the output of the

quantizer are chosen to be 08000ygyx and 18000ygx. In both cases, if the lower 135 bits are

zero, only the three MSBs in the two subtractors need to be implemented. In binary form,

the quantizer outputs are respectively:
HIGH = 01000000000000000

and LOW = 11000000000000000

Then inverting the quantizer’s output is done using a simple one bit inverter, as shown in
the circuit implementation in Figure 3.18., whose z domain block schematic was given in

back in Figure 3.17.a.

The same technique will be used in the digital ZA modulator proposed in this thesis. Two
three bit adders, each with one input complemented, implement the subtraction operations.
The gain of two is wired as a left shift by one bit at the input of the second subtractor. To
demonstrate this technique, consider the two’s complement number 1110100110, with a

two bit sign extension. The wired multiplication by two is implemented by shifting left
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one position all bits and assigning O to the LSB of the new number: (1101001100). The

clipper is implemented using combinational logic. A block diagram for the clipper and its

transfer function are shown in Figure 3.19.

The accumulators are implemented with ripple carry adders (slow, but not power

intensive) and the registers are using master slave logic. The one bit second order digital

DAC which also includes: an

ZA modulator is part of a complete oversampling

interpolator stage at the input, and a current mode

cascaded with a continucus time filter at the output

/
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Fig.3.18. State of the art second order digital ZA

modulator [Su93]

The circuit reported by Su et al. takes 3 mm? of active die area in a 1.2p CMOS

implementation. The maximum sampling frequency is 20 MHz. For an OSR of 176, the
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dynamic range of the £A modulator is 94 dB, the peak SNDR in 20 KHz bandwidth is 88
dB and the power dissipation at SV supply is 59 mW [Su93].

A HIGH_VAL

/|
(HIGH
L >

womv g 2,
in > HIGH _j—' l out
12 | iG> in>Low _> | Low
in < LOW j——’—
LOW VALY (a)

Fig.3.19. (a) Clipper block diagram:;
(b) input /output transfer function.

3.6. Bit shuffling network

|
| in
LOW_VAL] code

(b)

The greatest strength of the one bit quantizers used in £A modulators is their inherent

linearity. Since there are only two levels of decision, the quantizer gain can have any

value. One bit £A modulators require high OSR to achieve a certain resolution, which puts

heavy demands on circuit operating speed and power dissipation. In addition, one bit A

modulators suffer from idle tone problems that require dithering (see Section 3.4.)

On the other hand, ZA modulators using multibit quantizers exhibit more robust stability

characteristics, with wider signal range, better immunity to in-band limit cycle problems,

lower out-of- band noise and higher achievable resolution for the same OSR, compared to

the single bit architectures. Figure 3.20. qualitatively illustrates the in-band quantization

noise power versus input signal range for a typical one bit XA modulator versus an n bit

2A modulator.

33



Chapter 3: ZA D/A and carry save arithmetic background
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Fig.3.20. In-band quantization noise power versus input
signal range for a A modulator with (a) one bit quantizer;
(b) n-level quantizer.

The input level is normalized to the one bit quantizer treshold. R, (<1) is the maximum

normalized input signal level for which a stable £A modulation (indicated by a good SNR)
is still obtainable. The sudden increase in in-band quantization noise for signal levels

beyond R, indicates that the one bit quantizer is clipped and the A modulator is saturated.

When a uniform n-level quantizer using the same normalized levels -1 and 1 is inserted in
place of the one bit quantizer, the quantization step size is reduced from 2 to 2/(n-1). The
baseband quantization power is reduced accordingly by 6log,(n-1) dB, or an increase in
resolution of the modulator by 6 dB for each supplementary bit of the quantizer [Peic95].
For example, a three bit output digital A modulator can provide 12 dB more SNR than a
one bit output digital ZA modulator measured under the same conditions (same OSR and

sampling frequency). This important result will be used later in the thesis.

Let us visit again the problem of a DAC using thermometer code (Figure 3.21). Chapter
two presented the sources of error in current steering arrays. Figure 3.22. shows the ideal

and real transfer functions, respectively, of such a D/A reconstruction stage.
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Fig.3.21. DAC using thermometer code
and current steering array D/A stage
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Fig.3.22. Ideal and real DAC input/output transfer function

When using a real segmented current steering array as the D/A reconstruction stage of a
2A DAC (Figure 3.23), the in-band resolution is affected by the current source mismatch,
as shown in Figure 3.24.
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Fig.3.23. ZA DAC architecture
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Fig.3.24. Effect of current sources mismatch
on the output spectrum of a A DAC
(no bit shuffling)

To avoid the severe in-band resolution loss due to current source mismatch, one can use a
technique called dynamic element matching (DEM). One type of DEM is called clocked
averaging DEM, proposed in [Leun92]. Let us onsider the 2 bit, 3 level output DAC shown
in Figure 3.25.a., with 2 unit elements. The two unit elements (capacitors or current
sources) have p and -p normalized errors (0 < p << 1). Evidently, the output corresponding

to the input code 2 (binary 10) will be the correct one. On the other hand, level [ (binary
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R

01) will be implemented differently, depending on which unit element is employed. The
DAC can possibly have two input/output transfer characteristics, as shown in Figure
3.25.b. By alternately choosing each unit D/A element to implement the level 1, the
average DAC output reaches the correct value after two clock periods (the output is

updated every clock period, T). This process is illustrated in Figure 3.26.

1 bit

1 bit D/A
2 big bin c l element
— ¥ Lo analog output
thermometer >

decoder (2)

1 bit D/A
1 bit | element

characteristic

analog @) 4;
output 7y
r r—, 4
i HI‘/
4p" input code
& -
00 01 10

Fig.3.25(a) 2 bit, 3 level DAC;
(b) two possible input /output characteristics

output output
; IOOP?* ; clock averaged output
————————— - m r’

deal output

W ideal characteristic

characteristic (1) (b)

ideal output

I N R P I S B
T 2T 3T a T 2T 3T ol
(a) (b)
Fig.3.26. Effect in time of the clock averaged DEM
on DAC output

(a) output of DAC which does not use the method
(b) output of DAC using the clock averaged DEM
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For an n-element DAC with mismatches, the structure implementing DEM is shown in
Figure 3.27. The circuit includes a parallel unit-element DAC structure and a digital

randomizer which controls the connections between the input and the parallel DAC. The
circuit has been proposed by Carley in [Carl89). The randomizer connects the 2" outputs

from the decoder to the 2" switching elements (eg. current sources) in a time varying
g g

fashion.
2% unit elements
mit element

) ] o 2% lines

in | binary to randomizer unit element

—»| thermometer —# >

n decoder bits out
bits

unit elemeng

Fig. 3.27. Topology of a
DAC using DEM

The number of possible connections is 2"!. When DAC input word width n is small, it is
possible to randomly select between all possible combinations. When n is large (e.g. larger
than 8) the large number of possible connections makes it necessary to select only a subset
of them in order to conserve die area (eg. for an 8 bit randomizer, the number of possible

connections is 40320).

The implementation of a clock averaged DEM randomizer needs rather complex digital
circuitry. In contrast, the bit shuffling network used in this work uses a XA-based method,

with an elegant and simple hardware implementation.
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3.7. Carry save arithmetic

The XA modulator speed-up technique proposed in this work is based on the use of carry
save arithmetic. This section is dedicated to introducing the reader to basic notions of this

type of arithmetic.

Lets take a look at the way the summation of two one bit numbers is done. The sum of two
one bit numbers is a two bit number: the most significant bit is the carry, and the least
significant bit is the logic sum. The summation process of two one bit numbers, a and b,

can then be considered an encoding process:
a+b = (co, so) (3.19)

where the carry bit is computed as the logical and of the two one bit numbers:
(3.20)
co=a-b

and the sum bit is computed as their logical exclusive or:

2
so=a®b (3.21)

The sum of three one bit numbers a, b and ¢, can also be considered an encoding process
and the equations for the carry and sum bits are given below. The corresponding circuit is

a full adder (FA), as shown in Figure 3.28.
co=(a-b)+b-c)+(c-a)

so =a®b®c (3.23)
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-

o

U?R’?

P, &3>

Fig.3.28. Full adder circuit

For two or three n-bit two’s complement numbers, carry save summation can be done by
coding the individual bits of the numbers using the method described above. The result is
a n-bit carry number and a n-bit sum number. The real sum can be retrieved by adding the

sum number with the carry number shifted left one position. For example:

a=101101 a+B =1 0 1 1 0O 1 +
B=100110 100110

S5 Sgq S3 Sz S1 Sy

Cg C4 C3 Cy C1 Cy
555453 528150 2001 O ll

Cg Cq4 C3 CHy C3 Cp =l O O l O O

The sum number is 001011 and the carry number is 100100. The real sum can then be
computed directly:
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A+B=0001011 +
10010 1|0<eshift

left one position
1 010101

Similarly, for the summation of three n-bit two’s complement numbers, same order bits
can be summed independently using full adders (FA). The resulting n-bit carry and sum
numbers can be used to retrieve the real sum exactly as before: the sum number has to be

added to the carry number shifted left one position (see Figure 3.29.a.).

mn—l mn_z ........ mp g +
0 Sn-l Sn_z ........ Sl SO +
dn-1 9n-2---+--- d; do + <=>
Cn-1Cn-2--------- C1 S O

Pn-1 Ppn-2--«««.«.. P1 Po

c; = (m; and q;) or (g; and p;) or (m; and p;)

S; = M3 XOr g; XOr Dj

i=20: n-1 (a)

3/2 n
d —7£> carry — S (k)
save |-z cC

o ﬁrLl- adder

Fig.3.29 (a) carry save summation of three n-bit
binary numbers (b) 3/2 carry save adder symbol
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Since the sum of three n-bit numbers is represented by two n-bit numbers (a carry and a

sum) the process can be called 3/2 carry save (3/2 CS) summation and the circuit
implementing it a 3/2 carry cave adder (Figure 3.29.). The circuit used to do the 3/2 CS
summation is the full adder, shown in Figure 3.28. implemented in a technology which

allows maximum three-input gates.

It is evident that accumulators implemented with this kind of adders are very fast: the
critical path of the FA in Figure 3.28. is only two gates. The main problems in adapting the
carry save arithmetic for use in ZA digital modulators are the quantizer and clipper
implementations, which are explained in the next chapter. In brief, the problem is this:
quantization and clipping are nonlinear operations that would force us to convert from the
carry save form of representation to a nonredundant format, and this conversion requires

us to use slower conventional adders.

3.8.Summary

This chapter presented a high precision D/A method, called sigma delta, which increases
the D/A conversion resolution in the band of interest. A particular implementation of a
second order £A modulator was discussed, highlighting the hardware implementation
difficult points. The price to be paid for the benefits of using multibit ZA modulators
(increased stability, higher resolution) is the necessity of using bit shuffling. The last
section of the chapter introduced the reader to carry save arithmetic: very fast, but not easy

to adapt for use in XA D/As.
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architecture

4.1. 7/3 carry save summation

The research work described in this thesis focused mainly on finding a way to speed-up the
operation of digital £A modulators, essential building blocks of A DACs. Figure 4.1.
shows a z domain block diagram of a second order XA modulator. As explained in Chapter
3, there are two possible architectures which implement the second order differentiation of

quantization noise. The architecture shown below has two delaying integrators.

Z-I + Z-l —I— >
in ;- ;+ : - ;_l_l out

Fig.4.1. Second order £A modulator
z domain diagram

This architecture was chosen to demonstrate the CS technique because of its demonstrated
stability. By using a stable ZA modulator architecture, the risk of producing non-working
silicon had been reduced (there was a risk that the method could not be stable in the long

run). In a digital £A modulator, the integrators are the elements which take most of the
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computation time. A digital integrator (accumulator) is built using an adder and a register

(see Figure 4.2.).
data f1l
in »data ow
74? REG .
It} + MSBs in + -1 out
g < > z >
s it
CLK
yd 10 B
O<oa <1
(a) LSBé (b)

Fig.4.2. (a) Digital accumulator; (b) z domain equivalent

The summation takes most of the computation time in an accumulator. Very high speed for
a digital XA modulator means high achievable OSR, which translates into high in-band
resolution for a given frequency bandwidth. Equivalently, a much higher sampling
frequency for a digital LA modulator translates into an extended same-resolution
bandwidth. For high speed, carry look ahead adders (CLA, the fastest CPA available) are
commonly used (see Figure 4.7.) and slow ripple carry adders (RPL) are avoided. Not
considering detailed implementation aspects, such as the delays through wiring (which are
important in modern submicron technologies), the carry propagate time through adders
ultimately dictates the maximum sampling speed of a digital XA modulator. Classically,
summations are done orthogonal to data flow (Figure 4.2.a.). Explicit computations of a
CPA output requires a certain time to compute the carry out bit. The computations are
done from the LSBs to MSBs, orthogonal to the propagation direction of data, which is
from CPA input to its output. The method proposed in this work solves the carry propagate
problem in adders in a negative feedback environment, such as A modulators, by using a

carry save (CS) form of representation for the two’s complement numbers.

An extension of the concept of 3/2 carry save summation discussed in Section 3.7. is the 7/

3 CS summation. When computing the sum of four, five, six or seven n-bit two’s
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complement numbers, the same order bits can be added independently and their integer

sum value can be encoded as a three bit binary number (see Figure 4.3).

Inn_lInn_z . . .mlmo +

An-19n-2- - - - - Q140 0 0 Spq Spge-ceeovnn- S1 Sg *+
Pn-1Pn-2----P1P0  <=> o e ... et o o
ITn-1fn-2----- Tiro Aoy Qg cocee e dy.0 0
Vhao1Vp-g- -+« - V1Vg

Un-1Yp-2- - - -U1lg

Eh-1tpen. -« .- ti1to

Equivalence:

(d; ¢y Si), <=> (m; + g; + Pp; + ¥y + vy + u; + ty)

m -1?_\
q 711
7/3 n
o carry ’—L—S
r P2 save
adder 2/
(20372 CSAl . N v ©
2b
a(1y /2 itL_s
a2 EA) F— |CPA | | u/%/ .
2332 CSA), —< — 7
olen o 1 | e o
\ 26) [ ) —

Fig.4.3. 7/3 carry save summation and circuit implementation
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The corresponding bits of the triplet can be called, in increasing order of importance, the
sum bit (s), the carry bit (c) and the supercarry bit (d). The result of the summation is then
a triplet of n-bit numbers: sum, carry and supercarry. The real sum can be retrieved by
adding the sum number, the carry number shifted left one position and the supercarry
number shifted left two positions. The 7/3 CS summation process is shown in Figure 4.3.
Also shown in Figure 4.3. is an implementation of a 7/3 CSA cell. Two FAs and a two bit
carry propagate adder (CPA) can encode the integer sum of the seven one bit inputs into a

three bit binary number (d, c, s);.

The real binary number computed by adding the sum number, the carry number shifted
left one position and the supercarry number shifted left two positions has a maximum
length of n+3. There is then at least one 7/3 CS representation of a binary number of

iength n+3 (Figure 4.4.).

0 0 Sp-1Sp-2 --------- So
1SS SNPY ST S biby «=>| ¢ ©n-1Cn-2 ---------- co O
dp-1 dp-2 - --eeeee e dop 0 O

Fig.4.4. 7/3 CS representation
of a two’s complement number

If the value of the final sum is much less than the digital representable range, a few of its
most significant bits are identical (the reverse situation of sign bit extension). Let b be the
integer value of this number. If:

b < maximum range/8 <=> b,,, = by,; = b, “4.1)

then the representations on n+3 bits and n+1 bits are equivalent and it is true that

bpeabpsibp- oo o bijbg <=> bpyby ..ol b;bg
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. - ___________________________________________________ ]

Since eliminating two most significant bits of the number b, ;b ....bg is equivalent to

truncating the two leftmost columns in the matrix representation in Figure 4.4., the

relation shown below holds:

Spn-1 Sp-2 - el So
bn+obn+ibpn- - - - b;bg <=> Cpo2 Cpeg ~ovomenne co O
TS R do 0 0 |

Fig.4.5. Truncated 7/3 CS representation
of two’s complement numbers

If (4.1) is true, the matrix representations shown in Figure 4.4. and Figure 4.5. are
equivalent. The condition (4.1) can easily be satisfied by providing enough sign bit
extension at the circuit input (see also Figure 4.7.). The equivalence between the two 7/3
CS forms of representation for two’s complement numbers forms the basis for the

implementation of the proposed digital A modulator.

4.2. Carry save accumulator

The implementation of a CS accumulator is straight forward, given that condition (4.1) is
satisfied. One computes the full 7/3 CS representation of the sum (Figure 4.4.) and feeds
back the truncated 7/3 CS representation (Figure 4.5.).
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Fig.4.6. CS accumulator

Two observations can be made about the CS accumulator implementation. One is that
normal two’s complement representation of numbers is a particular case of the 7/3 CS
form of representation, where the carry and supercarry numbers are equal to zero. This
implies that two’s complement numbers and numbers in 7/3 CS form can be added

directly (Figure 4.6).

A second observation is about the use of sign bit extension in CSA. In an adder using
normal carry propagate arithmetic (where carry out bits are explicitly computed; a CLA
for example), the word width of the output has to be increased by one in order to provide
space for the carry out bit, while the two inputs do not need a sign bit extension if they
have the same word widths. By contrast, in a CSA with output word width n, all inputs

have to have the same word width as the output. If one of the inputs has a word width nl <
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n and is expressed in normal two’s complement form, sign bit extension has to be

employed. The use of sign bit extension in CPA and in CSA is exemplified in Figure 4.7.

in(15:04

(a)
out

in(15:09—4
16 L— carry £ 17 s 77
in (15) save ! 17 |
r- 47 adder A € Jlout (b)
X | C f7 > / d -

Increase all word widths to accommodate output
word width
Fig.4.7. Sign bit extension (a) CPA; (b) CSA.

4.3. Approximate quantizer

Quantization is not an easy task when using carry save arithmetic. For example,
computing the exact sign bit value of the 7/3 CS number in Figure 4.5. (1 bit quantization)
implies adding the three matrix lines using CPA. This is a time consuming process, not
suited for high speed A modulators. In turn, an approximate CS quantizer is proposed in

this work. Let us start from the equivalence demonstrated in Section 4.1.:
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S
Sp-1 Spn-2 - -ccec-e So
bpiobpegbp- ..o b;by <=> Cn-2 ©n-3 - e S O
T R dg 0 0 |

which is true when b, = b, = b,. One bit quantization of two’s complement numbers is
implemented by taking the sign bit (either b, 5, by, or by). The exact value of the sign bit
can be computed by adding the lines in the 7/3 CS matrix form of representation shown
above. A fast and easy way to perform the same summation is to make a 3/2 CS
summation of the matrix lines, to compute a carry number and sum number and then to
add them using normal carry propagate arithmetic (add the sum number and the carry
number shifted left one position). The result will be a maximum n+l bit two’s

complement number, identical in value with b, ,b.....bg-

An approximate quantization starting with the CS form of representation is to take the K
<< n most significant columns in the above matrix, do a 3/2 CS summation and then add
the sum and carry K-bit numbers using normal CPA. If two bit sign extension has been
provided at the modulator input (all word widths increased by two), the result will be a
K+2 bit number with the property that bits K+2, K+1 and K are identical and represent the
actual sign bit of the quantized number with a certain probability. The probability that the
leftmost bit (i.e. the quantized bit in a one bit quantizer) is the true value of the sign bit of

the real two’s complement equivalent number can be increased by using two methods:
a) allowing for more input sign bit extension, or

b) increasing the number of columns, K, used to compute the approximate sign bit.
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The mathematical process of approximate CS quantization is shown as a flow in Figure

4.8. for a 1 bit output ZA modulator with 2 bit input sign extension.

s pr— —

Spn-1 Sp-2 ----Sp-1-K-1----- S1 So Sn-1 Sn-2 ----Sp-1-k-1
€n-2 ©n-3 ---:Cpn-2-k-1--C1 o 0 |- Sn-2 €n-3 ----Cp-2-k-1 M

dp-3 dpg --.-dp3x-1 -9 0 0 dn-3 dp-g - ---dn-3-x-1

\/\/3\‘/ B

CS number take K most significant
at quantizer’s input columns
Sp-1 Sp-2------ Sp-1-k-1 ¥t
Ch-2 Cn-3+ - Ch-2-g-1 T
dn-3 dn-g dn-3-r-1

3/2 CS summation

carry propagate summation,

keep K least significant bits;
MSB of result is
approximate sign

Fig.4.8. CS approximate quantization
2 bit sign extension throughout the A modulator

The final K+2 bit number at the output of the approximate CS quantizer has this property:
the top three bits are usually the same for moderate input signal levels. The MSB (bit K+2)
is the most accurate estimate of the sign, but the second bit (bit K+1) is usually the same
and can be computed more quickly. Figure 4.9 illustrates the approximate CS quantization
process as a sequence of pseudo instructions, while Figure 4.10. gives the reader a

practical example.
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approximate quantized
car save
acciﬁﬁlator (d,c.s] _J— output
————— - e
carry 1 bit
save carry save
number quantizer

l)take K (~4) MSB’'s of [d,c,s]; [d,c,s]l=>[d,c,s]lk;

2)do 3/2 CS reduction: [d,c,s]g=>(carry, sum) ;
3)compute (2*carry+ sum) = b’; b” = take K LSBs;

4)take MSB of b”;

If sign bit extersion in XA modulator is M,
out of max K+2 bits of b’, M+l bits are “sign bits”

Fig.4.9. One bit approximate CS quantization algorithm
using the four most significant columns

in the 7/3 CS representation of quantizers’s input.

(two bit sign extension in XA modulator).

Note that the quantizer output used is not the MSB of the computed sum, but the next
MSB. The CPA needed in this case is shorter and the loss in probability when computing
the real value of the sign bit is not significant when the quantizer is used in a ZA
modulator. This argument will be enforced by simulations shortly. In turn, this choice
allows for a significantly shorter critical path in the digital ZA modulator, speeding-up its

operation.

In general, if the sign bit extension in the A modulator is M, M+1 bits out of K+2 bits of
b’ are considered sign bits (with a certain probability, as explained before). This aspect is

of crucial importance for understanding the method.

Figure 4.11. shows a z domain block diagram of a second order CS A modulator. Both
quantization error and the error due to approximate CS quantization have been modeled as

uncorrelated additive white gaussian noise processes (AWGN).
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Fig.4.11. z domain diagram of a second order
CS ZA modulator

To illustrate the additional error resulting from approximate quantization, let us consider a
number represented by its sum and carry components: sum = 1111111, carry = 0000011.
An exact one bit quantization will imply adding the sum and shifted carry and taking the
sign bit (a logic ONE). If CS truncation of the 5 most significant columns is performed
and then a one bit quantization is done on the result (after CPA summation), the sign bit is
a logic ZERO. Repeating the process with 6 most significant CS columns gives the correct
result (a logic ONE).

Simulations will show that the approximate quantization error is indeed shaped out of the
band of interest and the overall second order differentiation of the noise (due to both
quantization and approximate CS quantization) is present. This is based on a careful
choice of K, the number of most significant columns used to do the approximate CS

quantization, and a reasonable sign bit extension throughout the digital A modulator.
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I

A useful subproduct of the approximate CS quantization process is the approximate

overflow bit. The approximate overflow bit signals that the approximate sign (the

quantized output, for one bit quantization) has a “wrong” value, so that its inverted value is

the “true” one. Since we are discussing the whole process probabilistically, one should not

expect probabilities of 1 for the “wrong” or “true” values. The approximate overflow bit is

computed using the carry in and carry out bits from the computational cell whose output is

the designated approximate quantized value (bit K in Figure 4.8.). Figure 4.12. shows the

circuit level implementation of a approximate CS quantizer using K = 4 most significant

CS columns. The sign bit extension in the CS XA modulator is two in this case.

T~

\

s(n-1:0) s(n-1:n-1-XK}| 312 K BIT
/
7 73 CARRY] S"™ CARRY
PREVIOUS$ (K-1:0)
c(n-2:0) , c(n-2:n-2-K) SAVE PROPAGATE
STAGE 7 77 ADDER ADDER out
c(n-1) 7
d(n—3:n—3~K)> > L
d(n-3:0)
/ /
/ /4 . carry
(K-1)
d{n-1) carry (K-1:1)
‘/ ) / camry
d(n-2) (K-2:0)
: : carry(0) ovEt
N-Y V. / _L_/
to other stages //
ci /
sum (T CpPA co ovE
- last .
—_— ] —p out approximate
carry(K-2) stage ou overflow

Fig.4.12. One bit approximate CS quantizer
using K = 4 most significant CS columns;
(two bit sign extension).
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]
For example, Figure 4.13. shows two 4-bit two’s complement sumimations: a correct one

and one with overflow. In our circuit, the approximate overflow bit is computed in the
same manner.

o 1L 0 1+ 5 4 o b L [
<=>
0 0 1 0 <=> ) 0 0 1 0 2
e 1 0 o0 1 -7
A OO,
U (correct) C3=0 C _lkj (wrong)
C3=O C2=0C1_0 CO= C2=l ! C0=O

(no overflow)

C; xor C, =1

(overflow)

(a) (b)

Fig.4.13. Summation of four bit two’s complement
numbers (a) correct resuit; (b) overflow situation.

In Section 3.6., the advantages of using multibit quantization in XA modulators were
briefly described. They are repeated below:

a) for an n-bit quantizer, the in-band resolution is increased by 6(n-1) dB;
b) more stability, increased input range for which the modulator is stable;
c) same resolution for lower speed, thus less power dissipation:

In the case of a multibit approximate CS quantizer, more quantized bits require a wider

CPA (the adder used is a CLA for speed reasons (see Figure 4.2.)).
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For example, for a three bit quantizer and three bit word width extension throughout the

modulator (corresponding to three bit sign extension), a minimum 6 bit CPA is need.

Indeed, since the adder output is of the form usususu,u,uy, bits uy, uj and u, are usually
the same for moderate input levels (see also Fig.3.16. for peak integrator output levels as a
function of input DC code). Bits u; and uy are the middle bit and the least significant bit of
the quantizer output, respectively. The quantized 3 bit output is then usujuy (shown in

Figure 4.14.).

Ugpgusuquiug => usu;ug = (MSB, MB, LSB)
redundant quantized
because of 3 bit output
3 bit sign
extension

Fig.4.14. 3 bit quantization when
the sign bit extension is 3

4.4. Approximate clipper

In Chapter 3, where the second order digital ZA architecture was introduced to the reader,
we discussed the problem with increased signal levels at the output of the second
integrator as modulator DC code input approaches the rails (for a one bit modulator). The
risk of two’s complement wrap-around at the quantizer input was prevented by using a
combinational clipper, as in Figure 4.11. The maximum signal level in point (B) is
controlled by adequately choosing the sign bit extension throughout the modulator, as well
as the clipping levels. One modification to Figure 4.11. allows the clipping stage to be

implemented in the second order CS XA modulator (see Figure 4.16.).
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L __ .~
The clipper can be moved to the new position shown with dots in Figure 4.11. Let 8 be the

one bit quantizer step. If the clipping levels are chosen to be +/- 48 and remembering that
the maximum signal levels after the first integrator are +/- 23 (see Figure 3.17.) then the

maximum signal level at point (C) is

Max(C) = £48+26£20 = +8d

Thus using three bit sign extension throughout the modulator, the maximum signal level
after the second integrator (point B) in Figure 4.11. is kept under control and no two’s

complement wrap-around will take place.

The clipping can be implemented using saturation arithmetic, as explained in Section 3.5.
For coherence purposes, Figure 4.16. reproduces the situation described in Figure 3.17 (b,
C): a comparison between the case when saturation arithmetic is used, as opposed to

normal two’s complement wrap-around.

+MAX - Signat—0
maximum ; l sharp
0 digital time
o range _| 4 1| 1 _ domain
0 transition
i |
y N
-MAX (a) (b)

Fig.4.15. (a)saturation arithmetic
(b) two’s complement wrap-around

Figure 4.16. shows a block diagram for the second stage of the second order A modulator

using approximate clipping.
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Fig.4.16. Second stage of the
second order CS A modulator using
saturation arithmetic and approximate clipping

One essential element of the approximate clipper using saturation arithmetic is the

approximate overflow bit, the subproduct of the approximate CS quantization. A piece of
code describing the behavior of the approximate clipper can be:

If (approximate overflow == 1)
multiplex predetermined value,
invert sign;

else
multiplex result of
carry save summation;

end;

In the case an approximate overflow is flagged, a predetermined value is to be multiplexed

and fed back to the input of the second integrator, instead of the result of the CS
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summation (Figure 4.15.). The approximate overflow can be exactly the opposite of the
true value (one bit, can be either a ONE or a ZERO), so the approximate clipper can make
big mistakes, translated into sharp time domain transitions and spectrally rich, much like
those in Figure 4.15.b. The prescribed maximum and minimum values can be chosen in
such a way as to minimize this effect (see Figure 4.15.). In the circuit proposed in this

work, these values are chosen to be at half the representable range.

For example, for a 16 bit modulator input with three sign bit extension, the prescribed

values are:

if approximate overflow ==1 (an “error”)
multiplex the opposite prescribed value,
half representable range
[~sgn ~sgn 11111111111111111]
else
multiplex the result of

carry save summation
end;

sgn = approximate quantized sign bit

Choosing optimized values for the prescribed quantities in case of approximate overflow

can increase the DC code input range for which the CS £A modulator is stable.
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An observation: errors due to approximate CS quantization and approximate clipping are
not statistically independent. However, simulations have shown that energy corresponding

to both types of errors is shaped out of the band of interest in the CS A modulator.

4.5. Feedbacks

A one bit quantizer uses the same method as the implementation discussed in Section3.5
[Su93]. The quantizer outputs are chosen to be at half the positive and negative
representable ranges respectively. For example, for a 16 bit modulator input and a three bit

sign extension, the one bit quantizer outputs are:

HIGH = 0000100000000000000 4.2)

LOW = 1111100000000000000 (4.3)

The two numbers are each other’s two’s complement. If sgn is the approximate quantized
sign bit, the outer feedback branch is implemented by inverting the quantized sign, thus

adding only an inverter delay in the critical path:
Outer_Feedback = [~sgn ~sgn ~sgn ~sgn 1 00000000000000]
The inner feedback needs a multiplication of two, implemented as a one position left shift:

Inner_Feedback = [~sgn ~sgn~sgn 1 000000000000000]
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The feedback two’s complement numbers can be represented in CS form, with the carry

and supercarry lines containing null elements:

~sgn ~sgn 1 .. 1
[~sgn ~sgn 1 1..1] <=>

0 0 0 ....... 0

0 0 0 ....... 0

which allows direct CS summations between the feedbacks in two’s complement form and

numbers in CS form.

In case of a three bit quantizer and three sign bit extension throughout the CS XA
modulator, for the same 16 bit input, one can choose the maximum and minimum
tresholds to be the same as (4.2) and (4.3) respectively. The quantized output is then the 19

bit number
Quantizer_Output = [usus us usu; ug 100000000000 0]

and the two feedbacks are implemented using only inverters:
Outer_Feedback= [~u5 ~u5 ~u5 ~us ~u; ~ug 1000000000000]
Inner_Feedback= [~u5 ~us ~u5 ~u; ~u5 1000000000000 0]

The ONE and ZERO levels are to be hardwired to the inputs of the respective CS adders.
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4.6. Proposed implementation

Figure 4.16. shows the second stage of a 3 bit output second order ZA modulator using CS
arithmetic. The outputs from the first stage, the feedback from the quantizer and the

feedback from the register output are summed using a 7/3 CSA

1opic 7 |
/ \
U8B~ 3
7 3/2CSA & mux reg
L5(18:0) 73 | q17:12] 6 bit cea
] CsA S <
c(18:1) S N gn i .
L | gn [ .
1 ] c(0) — ou
g d(18:2) ovE controll (3 bit)
e | .
from d(1:0) / -
first / d(le:11) preset[ c
stage -+
value d
s(18:0) ]
s(18:0) 7
7‘— c(17:0)
_—1 c(0) /
cs:l) ,4(16:0)
d(18:2)
d(1:0 [—
clk _1

Fig.4.16.Second stage of a 3 bit output
second order CS XA modulator
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The CS accumulator is not different from the one in Figure 4.6. The outputs from the first

stage are of the same form as the feedback of the CS accumulator in that Figure. The only

difference is the truncated CS matrix of the first stage output is fed to the second stage.

Approximate CS quantization is done by taking the six most significant columns of the 7/
3 CS output, doing a 3/2 CS compression and then a carry propagate summation using a
six bit CLA adder. The approximate quantization is done by taking the most significant,
the fifth and the sixth bit of the CLA output, as explained in Section 4.3. The approximate
overflow, computed as in Section 4.4., is used to do an approximate clipping. Both the
output of the approximate CS quantizer and that of the multiplexer are passed through a
register, whose job is to provide one sample delay. The sign bit extension at the modulator
input is chosen to be three (the wordwidths throughout the modulator are increased by the

same quantity).

Some of the early simulations have been done for a one bit output second order CS ZA

modulator. The differences are:

a) the number of most significant columns used to do approximate CS
quantization is four, as in the example shown in Figure 4.10.

b) the modulator output is the computed approximate sign bit
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4.7. Simulation results

First, a one bit second order CS £A modulator was simulated at the mathematical level
using Matlab. The Matlab code describing a CS ZA modulator with 2 sign bit extension is
shown in Appendix A. Figures 4.18 and 4.19. show the output spectrum of this ZA
modulator in two cases: when the approximate quantizer uses two and four of the most
significant A columns, respectively, when computing the output. The output spectrum is

correctly noise shaped only in the second case.

output fh(dB)

. L L ! . )
o] 2 4 6 8 10 12 14
frequency(Hz) <10°

Fig.4.18. Output spectrum of a second order

CS XA modulator

with approximate CS quantizer using

K=2 most significant columns (two bit sign extension)
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&

output fft(dB)

]
[+2]
(=]

i

i ] l 1 L L
2 4 6 8 10 12 14
frequency(Hz) x 10°

Fig.4.19. Output spectrum of a second order

CS XA modulator

with approximate CS quantizer using

K =4 most significant columns (two bit sign extension)

In Figure 4.19., the spectral lines other than the baseband are a result of the fact that the
incoming signal is not interpolated. Section 3.4. explained briefly the interpolation process
and its role in XA DACs. The output of a digital XA modulator using CS arithmetic can be
computed using only a few most significant CS columns. This argument is reinforced by
the Matlab simulation results shown in Figure 4.20. The signal to noise and distortion ratio
(SNDR) was computed for on OSR of 128 for three sinusoidal input levels, normalized to
quantizer step. There is a 6 dB spacing between the consecutive input levels. The SNDR

was computed using 2,3,..., 18 most significant CS columns of quantizer input.
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Second order CS sigma deita modulator
80 ! ! ? ; T ! T
: : input?amplitudei=0.4 :

input amplitude=0.2-

* K=2 sign bit extention

i 1 i 1 I ]
6 8 10 12 14 16 18
Number of bits used to calculate approximate output

Fig.4.20. Output SNDR of a one bit

second order CS ZA modulator

as a function of the number of most significant CS columns
used to compute the output

Two observations can be made regarding Figure 4.20.:

a) The SNDR is the same when CS XA modulator output is exactly computed and when

the quantizer uses just a few of the most significant CS columns (for example four).

b) Linearity range is affected by the number of most significant CS columns used for
approximate CS quantization. For a normalized input level of 0.4, four most significant CS
columns are enough to compute the output. For an input level of 0.1 (12 dB less), only

three most significant CS columns are necessary. The O dB reference is the quantizer step.
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More word width extension bits throughout the modulator ensure higher dynamic range

and the maximum value of sinusoidal baseband input for which the modulator is linear is
increased. Unfortunately, the quantization process then requires a wider CPA, slowing
down the CS XA modulator operation. There is a trade-off to be made between the
required dynamic range and the maximum achievable ZA modulator speed. Figure 4.21.
below shows the SNDR variation as a function of normalized input level for a one bit

second order CS XA modulator. The Matlab simulations were done for an OSR of 128.

Second order CS sigma delta modulator
90 ¥ l L L} L}

ﬁ—a s: n bit extention
st ssgn ificant blts used to compute approxnmate output

80F - - OSR ........ 7 ) . .

70

o 1} l L 13 L 1
-90 -80 =70 —-680 -50 —-40 -30 —-20 -10 o
input(dB8)

Fig.4.21. SNDR as a function of normalized input level

for a one bit second order CS A modulator

(three bit sign extension, K = 4 most significant CS

columns used to compute the output.); 0 dB = quantizer step

The ZA modulator becomes unstable for input levels higher than -6 dB due to the fact that
the one bit quantizer is overloaded most of the time (stays ONE or ZERO for long periods
of time), which explains the roll-off of the characteristic (see also Section 3.2.). The CS
ZA modulator is not able to detect signals below -83 dB. It had reached its resolution
treshold, determined by the OSR (see Section 3.5.). The quantization error energy, as well

as the approximate quantization error energy, are not totally eliminated from the band of
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interest. The SNR can be characterized as a function of input for a given word width
extension and number of truncated bits. Allowing for a wider word width extension, for
example, the linearity range of the modulator will be increased at the expense of

decreasing the speed, i.e. the maximum achievable SBR.

The next step was to verify the mathematical model in a circuit implementation. The
circuit was implemented using ideal standard IEEE Synopsys gates (zero rise/fall times,
no input capacitance, infinite fan-out, etc.). Figure 4.26. shows the block diagram of the

Synopsys test set-up.

16 X 16 16/ 3 bit second order Matlab
CS ZA interface
table / modulator
look-up
CLK1 CLK
Fig.4.22. CS ZA modulator

Synopsys test set-up

The 16 X 16 table look-up, clock generators and Matlab interfaces are VHDL codes. The
incoming 16 bit data is delivered at the sampling frequency Fg; generated by the clock
generator CLK1. The clock generator CLK, synchronous with CLKI1, generates the
sampling frequency F¢, much higher than F;, used in the CS A modulator. The three bit
output of the CS XA modulator is sampled on the rising edge of CLK and the sample
values are written as ASCII data to Matlab files. Each 3 bit word is translated to its
equivalent level (between -4, 100, and +3, 011) and then the output spectrum is computed
using a Matlab routine.The output spectrum from Synopsys simulations, shown in Figure
4.23.a., displays the 40 dB/decade NTF characteristic for a second order A modulator.
Figure 4.23.b. displays the output time domain waveform showing the two dimensional

density (amplitude versus time) with a maximum following the baseband sinusoid
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output spectrum (Synopsys implementation);
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In Section 3.2. was discussed the 1/2 LSB offset inherent to digital quantization in XA

I

modulators. This offset was compensated for in Matlab when the output spectrum shown
in Figure 4.27 was computed. The three bit output samples were replaced by four bit
samples, with LSB equal to ONE.

From the Synopsys simulation results, for Fs = 250 MHz, the peak SNDR in Fs/32 =7.81
MHz (OSR = 16) is 77.67 dB, corresponding to 13 bits of resolution.

4.8. Speed advantage over state of art

The state of the art implementation against which the proposed CS XA modulator
architecture is to be compared in terms of speed was presented in Figure 3.18. The basic
building block used in adders is the four bit CLA, shown in Figure 4.28. in a technology
which allows maximum three input gates. The reason is that 0.5t CMOS library used to
implement the proposed XA DAC has maximum three input gates. The maximum flip-flop
toggle frequency is 1 GHz, the delay through an inverter is 150 ps and through a NAND
gate is 250 ps. The critical path through the clipper (Figure 3.16.) is considered to be six

gates (optimistic estimate).
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Fig.4.24. 4 bit CLA used to implement both the state of art
and the second order CS ZA modulator

The state of the art implementation of a digital second order XA modulator was discussed

in Section 3.5. The critical path in the circuit is highlighted in Figure 3.18.
maximum_path = CPA_adder_3_bit + clipper +
CPA_adder_19_bit + dff +

set_up_time_dff + inv =
= 37 gates + dff = 8.17 ns

maximum speed = 122 MHz
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The proposed second order CS A modulator architecture has the critical path highlighted
in Figure 4.17.

maximum_path = 3/2_carry_save_adder+
+ 7/3_carry_save_adder +
+ CPA_adder_6_bit + inv+ dff +
+ set_up_time_dff + inv =
= 18 gates + dff = 4.49 ns

maximum speed = 222 MHz

The speed improvement is:

speed improvement= ((8.17 - 4.49)/4.49) * 100 = 82%

In the above calculations , the multiplexer required for testing was not taken into
consideration. The critical path through a multiplexer is three gate delays, which will
impact severely on the achievable speed (15% reduction in speed). This was the reason
testing was not included in the silicon implementation. An eventual industrial

implementation will have to include such a feature.

Changing the number of bits in the second stage does not affect the speed-up factor, since
computations are done in parallel to data flow and approximate quantization uses only the
most significant CS columns. On the contrary, it will introduce unnecessary truncation
noise prior to quantization. It should be noted, however, that word width truncation prior

to quantization is a valid method to speed-up CPA-based XA modulators.
The speed improvement estimate has to be taken with caution at this stage because:

a) The state of the art implementation is a one bit output circuit and the proposed CS XA
modulator architecture is a three bit circuit. A corresponding three bit implementation of

the state of the art will be slower (will require a six bit adder instead of a three bit adder in
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the critical path in the inner loop in Figure 3.18.). The delay through the clipper was
considered to be an optimistic six gate delays. From this point of view, the speed

improvement figure is pessimistic.

b) The delay through wires was not taken into consideration. For a deep submicron
technology, such as 0.5 CMOS, these delays are significant. The physical layout has a
large influence on the actual speed performance of the final circuit. From this second point

of view, the speed improvement factor computed above is optimistic.

Even with these correction factors, the speed improvement provided by the use of CS
arithmetic in XA modulators is substantial. The experimental results shown in Chapter 6
confirm up to a certain limit (there was an I/O pad speed limitation) the above theoretical

results

An implementation of a digital XA modulator using signed redundant binary
representation of numbers (SBNR) and approximate quantization was presented in
[Sewe94]. Our calculations show that for the chosen target technology, the critical path
through a three input SBNR adder is 15 gates, compared with 6 gates for a 7/3 CSA adder.
For a one bit output, the delay through a 4 bit approximate CSA quantizer is 8 gates (not
including approximate overflow), compared to 11 gates for a SBNR approximate

quantizer (not including approximate overflow).

4.9. Summary

We have proposed a method for making fast CSA compatible with XA. Approximate CS
quantization and clipping are shown to be faster than the exact computation and have little
effect on the modulator performance. A speed increase of roughly a factor of two over

state of the art is predicted. Speed increase translates into resolution bandwidth increase.
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CHAPTER 6 Implementations and
experimental results

The XA DAC was implemented both in a Xilinx 4010E FPGA and a 0.5u CMOS
technology provided through MOSIS.

6.1. Xilinx 4010EF implementation

The main purpose of this implementation was to demonstrate that the CS A modulator
inside the A DAC is stable in the long run. The digital part of the ZA DAC (i.e. the CS XA
modulator and the bit shuffling network) was modeled in VHDL and synthesized in the
Synopsys environment. In parallel, the schematic was captured and synthesized in the
Viewlogic environment. The Synopsys synthesis is more flexible, allowing the user to do

synthesis under timing and area constraints, generate reports, etc.

Figure 6.1. shows the test set-up for the digital part of the ZA DAC. Input data, the
digitized samples of the baseband sinewave (16 samples, 16 bits wide each), is generated
using the 200 MB pattern generator capability of the HP 16500C logic analyzer system.
The FPGA is configured by downloading the synthesized.bit file of the circuit from an
IBM PC. The logic analyzer clock and the XA and bit shuffler clock are generated
synchronously using an HP 80000 data generator system. The circuit outputs are

connected to the 2 MB data acquisition capability of the logic analyzer system. The digital
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output samples are written in ASCII format to an IBM PC through the HPIB interface of

the logic analyzer system.

HPIB

logic analyzer 16500C
200 MB pattern generator
HPIB | e e — —— -
interface *16
logic analyzer
HP 16500C
IBM PC
Xilinx 4010E iCMfisﬁggs
A DAC 8 q
prototype 7
(_ clk ‘> clk
«———— synchronous
g clocks
IBM PC HP 80000
Xchecker | Jata generator system
(.bit) cable
Xilinx
configuration
file

Fig.6.1. Test set-up for the Xilinx 4010E implementation
of the digital part of the XA DAC

The ASCII file was decoded using a simple C routine. Current source mismatch was

modeled in Matlab by using non-unity coefficients when computing the output samples
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from the m out of eight output of the digital part. The VHDL code describing the CS XA
modulator and the bit shuffling network from which the FPGA configuration file (.bit file)

was computed is given in Appendix A.

Current sources with 1% standard deviation error; Galton method

[=]
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Fig.6.2. Output spectrum from digital part
of A DAC, Xilinx 4010E implementation,
(1% current source standard deviation error)

The analog stage with mismatches was modeled in Matlab. The spectrum computed for a
1% standard deviation error in current source values is shown in Figure 6.2., with the

Galton effect clearly evident. The Xilinx prototype clocks correctly up to 25 MHz.

The test was run two days in a row: SNR was computed at the begining and at the end and

no difference was noticed.
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6.2. 0.5 CMOS implementation

The main objective of the 0.5t CMOS implementation was to demonstrate the ZA DAC
speed improvement predicted by theory. The silicon level design involved dealing with
mixed signal issues such as substrate coupling, special analog layout techniques to
minimize current source mismatch, on-chip buffering, clock distribution, clock skew
control. For speed reasons, a manual layout was chosen over Synopsys synthesis and
automatic place and route flow (APR) in the Cadence Cell Ensemble environment.
Choosing the second implementation method would have had defeated the very purpose of
the proposed speed-up method. The delay around the critical path is a few times (four, five
times) larger when choosing synthesis. and APR. Also, delays in on-chip wiring are hard
to control tightly in an APR flow. This last aspect is of crucial importance, since for deep
submicron processes, such as 0.5 CMOS, delays in wiring can be important. Another
way to implement the circuit is to do a manual Verilog/VHDL gate level netlist for the

circuit in the target technology, read it in Synopsys and then do an APR.

In a CMOS process, drain current asymmetry occurs when drain-source direction of a
transistor is interchanged. Figure 6.7. helps to understand why this happens and what can

be done to avoid this situation.

2
QL
Ion =4 NM
8 implantagion = 0 0s
)
2
(a) 5
- drain current
(3]
§ 60 asymmetry (%)
n substrate = PMOS
E drain current
) ) g asymmetry (%)
Fig.6.7. (a)Drain-source asymmetry; =z 502 -

(b) histograms for NMOS and PMOS =
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When the source/drain regions are created, the gate shadowing effect determines an
imbalance between the electrical properties of the two regions. The effect is modeled by a
parasitic resistance in series with the source of the MOS transistor, which affects the value
of the drain current. Figure 6.7.b. shows the drain current asymmetry for NMOS and
PMOS transistors respectively. The standard deviation error in the case of using PMOS
transistors is much less than in the other case. This is the reason why the current sources in

the analog reconstruction stage of the proposed A DAC use PMOS transistors.

To regulate drain current asymmetry, the solution proposed in [Naka91] and shown in
Figure 6.8.b. was employed in the layout of the A DAC. A transistor is divided into two
mirrored subtransistors connected in parallel. An output of one current source is given by
the addition of drain currents of the two mirrored subtransistors. In this layout, neither

mirroring nor 180 degrees rotation can change the output current.

i vdd __vdd vad |
24/0.5 2410.5

et ™ ey

24/0.5 24/0.5 24/0.5

Vbias in

IOUT IOUTN IOUT IOUTN

T

Fig.6.8.(a) Current source implementation LOUTN IOUT IOUTN
(b) symmetrical layout technique
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Another important factor to be taken into consideration when implementing mixed signal
integrated circuits is reduction of coupling through the power supplies. A noisy digital
power supply can disturb the analog on-chip stage using the same supply. Figure 6.10.
gives the picture of the chip layout, illustrating the techniques used. One technique is to
keep separate on-chip power supplies for the digital part of the chip (the XA modulator and
the bit shuffler), the analog reconstruction stage and the clock circuitry. The digital, analog
and clock supplies have a common off-chip ground, on the PCB. Close attention is to be
paid both to on-chip and off-chip power supply coupling. Poor PCB design can seriously
affect the measured resolution performance of the A DAC. Also, the n-wells of analog

current sources are separated from those of the digital circuits [Ing97].

Even an optimally decoupled analog circuit can be disturbed by substrate noise injected in
some other place on chip. Guard rings can limit this effect when used correctly. Figure 6.9.
shows the effect of using guard rings attached to VSS and VDD respectively. They provide
low impedance return paths for the substrate currents by acting as traps for the injected

minority carriers [West93].

substrate (usually vss) vdd
n* pt ho_l‘_esl p* J n* n* pt
n well RV
+ - T z 11
- n we
2 | » l
p’ collects hole current electron current
thereby shielding n* source/drain

Fig. 6.9. Use of guard rings
to reduce substrate coupling
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Attention must be paid to proper guard ring biasing. For example, biasing the substrate

contact of the respective guard ring (Figure 4.9.a.) with the digital ground will inject extra
noise into the substrate [Ing97]. The proposed circuit layout uses two guard rings around
the digital part: a p* guard ring tied to the substrate pad (SUB) and a n* guard ring, in an
independent n well, tied to the digital VDD (see Figure 6.10.).

substrate guard rings
connection around

® 0 0000000000 L] .‘d.i'qi.t.a'.l‘.

SSA

analog
supply

a0 06000000

current
sources

VDDA

CS ZA modulator +

bit shuffler VDDCK ciock

supply

CK

& A" ‘v‘v.‘v‘v‘v.v‘v‘v‘v‘v.‘

2

@,

\/

A AAATAE A A A S A 6TATATATE"S ’ '

VSSC

digital supply

Fig.6.10. Chip layout sketch
illustrating the use of guard rings and
power supply decoupling

Figure 6.11. shows the block diagram digital section (CS XA modulator and bit shuffier)

layout. The clock tree has nine branches, driving roughly the same load in order to
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minimize the clock skew. The flip-flop sections are driven by 4X buffers, driven in turn by

an on-chip 4X clock buffer.

C§ 2A modulator

|
I
19 119 #19 19 {119 §19 || I8 16 | |8
CSa 7/3 e [lace ace CSA 7/3 aee [|ags fase| | Jase| |age] |aee
19 bit 19 bit :
|
I
ik || 1l clk clf) iy <1i clk| | ciy | ciy

Fig.6.11.Chip layout sketch
illustrating clock tree and buffering

Total chip area, inciuding pads and scribe line, is 7.063 mm?, of which 2.56 mm? is core

area. The CS A modulator takes an area of 1.63 mm? and has an equivalent of 2854 gates.

The 0.5 CMOS chip test set-up is sketched in Fig.6.12. The second order CS XA
modulator’s three bit output can be fed to a logic analyzer system and digital samples
written using a HPIB interface to a PC. The A DAC is clocked using an HP 8131 A signal
generator. The chip has two analog outputs, corresponding to IOUT and IOUTN (see
Figure 6.8.). The analog output can be taken single ended or differentially. The analog
output is connected to the 50 ohm input of a HP8591E spectrum analyzer. The two
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synchronous clocks are generated using the same HP 80000 data generator system in the

same way as in the Xilinx prototype test set-up. The stability test was done in the same

manner as for the Xilinx prototype.
HPIB

logic analyzer 16500C
200 MB pattern generator
HPIB
interface
IBM PC logic analyzey
N79VAW chip HP 16500C
2 MB data
cs A 3 acquisition
modulaton
output
od |1
clk analo clk
outpu
- synchronous
e clocks
analo
HP 80000 9 |up 8591E
data generaton spectrum
system analyzer

Fig.6.12. Test set-up for the N79VAW chip

The measured 3 bit digital output spectrum is shown in Figure 6.13. The sampling

requency is Fg = 5.12 MHz, the OSR=F¢/ (2*BW)= 68.27 and the baseband signal has a

frequency of 2.5 KHz. The spectral images seen are due to the fact that the baseband
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sinusoid is not interpolated. The baseband signal is modulated then by the incoming
sampling frequency, F ;= 40 KHz from the 200 MB pattern generator. The maximum
measured SNR in [0 37.5 KHz] bandwidth is 92 dB, corresponding to 15 bits of resolution
(SNR measured in the same way as in Chapter 4). Maximum SNR for a given OSR for a

second order XA modulator is given by the following formula (see Chapter 3):

SNR(dB) = 15 -log 2(OSR) -23+12 = 80.39 6.1)

The third term in the above equation is due to the use of a three bit quantizer. Every added
bit to the quantizer increases the resolution of the modulator by 6 dB (see Section 3.5.).
The measurement results and theoretical formula give close results only if OSR has double
value in (6.1). The ideal peak SNR value is in this case 95.39 dB. The DC component was
eliminated in Matlab by adding 1/2 LSB to each sample (see also Section 4.7).

Output Spectrum O.5u chip

M ML T
.. Fs=sazMrz

output fit(dB)

—-100
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-140

-160 L =
10 10

frequency(Hz)

Fig.6.13. Output spectrum from CS XA modulator output,
0.5 CMS chip (Fg = 5.12 MHz)

99



Chapter 6 : Implementations and experimental results
- -

Output spectrum sigma deita modulator

output SMNR [dB]
(=)

]
[41]
Q

T

=100

-150

* Thedretical output spectrum

© . Fs.= 10 MHz, Synopsys simuiation. .
. B . Ll e e

-250
10

10° 10°

Qutput spectrum sigma delta modulator

10
frequency [MHz]

o

output SNR [dB]
5
T

A
T

[}
-
N
[=]

T

-140

-160

M)

M T M ]
- - 0.5u CMOS chip measurements -

Fs'= 10 MHz -

' — ol

-180
10

10° ¥

7

7

1
Irequency [MHZ]

(a)

(b)

Fig.6.14. Comparison between simulated and measured
CS XA modulator output spectrums: a) Synopsys simulation
b) 0.5u chip measurement

100



Chapter 6 : Implementations and experimental results

Figure 6.14. above shows a comparison between the theoretical and measured second

order CS XA modulator output spectrums. For a sampling frequency of 10 MHz and the
peak SNR in F/32 (OSR = 16) bandwidth (0 to 312.5 KHz) is 77.67 dB for the Synopsys

simulation and 76.34 dB measured from the chip.
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Fig.6.15. Measured CS XA modulator output spectrums

(a) Fg=20 MHz; (b) F, =111 MHz.
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Figure 6.15. shows that the measured CS XA modulator output spectrum is practically the
same at 20 MHz and 111 MHz. The two corresponding maximum SNRs for the same
relative bandwidth (Fs/32) are 76.17 dB and 75.84 dB respectively.
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Fig.6.16. Measured CS XA modulator output spectrums
(a) Fg = 175.4 MHz; (b) F =200 MHz.
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L
Figure 6.17. below shows the variation of the peak SNR of the CS XA modulator in the

same relative bandwidth (Fs/32) as a function of sampling frequency.

Measured SNR in Fs/32 relative bandwidth
T T Y T Y
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7ok -
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Fig.6.17. Maximum CS XA modulator output SNR
in Fs/32 relative bandwidth as a function of sampling
frequency: (a) graph; (b) table.

It can be seen the above Figure that the maximum measured CS XA modulator output SNR
in a Fy/32 relative bandwidth has a smooth roll-off after 145 MHz sampling frequency.
The explanation is that the output pads and the clock pad (bidirectional pads) are specified
to work properly only up to 120 MHz. This factor makes it difficult to measure the real
maximum sampling frequency of the CS XA modulator. The SNR in Fs/32 bandwidth
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Chapter 6 : Implementations and experimental results

(OSR = 16) shown in Figure 6.17. is relat ez) constant up to 145 MHz, a thing to be

expected since the measured circuit is digital.
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Fig. 6.18. Analog output spectrum at Fs = 25 MHz.

Figure 6.18. above shows the analog ouiput spectrun{ of the 0.5 CMOS chip at 25 MHz
sampling frequency. The spectrum appears noise shaped, with significant in-band

harmonics znd clock feedthrough at 25MHz.
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Figure 6.19. shows the analog output spectrurm of the XA DAC at Fs = 93.44 MHz. The
spectrum displays a rough noise shaping, it is not symmetrical, and has a lot of out of band
harmonics. There is a signal component of -86.8S dBc/Hz at the expected frequency of
365 KHz (256 times less than the sampling frequency (see Figure 6.19.b.). The spectral
line corresponding to the baseband signal disappears from the in-band spectrum when the
200 MB pattarn generzator is turned off, (see Figure 6.20. 2bove). The 365 KHz component

amplituds does not change the amplitude of the incoming baseband cigital sinusoid
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The analog measurements demonstrate a rough noise shaping at frequencies up to 250

MHz (the frequency limit of the testing equipment). The in-band spectrum demonstrates
small level signal components at the baseband frequency and its harmonics. There is no
relation between the input code and the amplitude of the component at the baseband

frequency.

There was a pad problem in the original circuit: a digital I/O pad was used as an analog
pad, which overrode the analog output. Microsurgery was used in a repair attempt, which

seems to have slightly improved the results, but the SNR is still very poor.
Possible reasons for the poor behavior of the analog output can be:

a) The analog output stage is damaged or has a fabrication error. The output has a DC
component of 2.35 V for | KOhm load and practically no AC component. The most likely
supposition is that one or more of the differential pairs have drain to source short-circuited
transistors (see Figure 6.21.). For this type of defect, all the current of T2 flows through T3

and its load resistor.

33V
T1 j l.___l T2
T3 T4
__{ 5 I___ 1.65V
8K IN .
analog pad{ | digital pad ~
I I
I -t —
—  out 1K 1K
25V

— — Fig. 6.21. Possible short circuit in the analog
stage on the chip
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T

Since there is no current switching, the output stays at a constant DC voltage, with almost

no AC component.

b) If the bit shuffling network had any circuit or fabrication error (it has a potential glitch
problem, explained in Chapter 5), noise shaping at the output would be difficult to detect,

so the problem cannot be there. This possibility it is most likely to be discarded.
It is difficult to make any real conclusions about the analog performance of the chip.

In conclusion, the only quantitative results are the digital measurement results, limited
also by the I/O pad performance. The 145 MHz clock for full digital functionality is close
to the value predicted by theory, but it is apparent from the measurement results at 175.4
KHz (correct second order XA noise shaping, along with a DC component and baseband
harmonics) that the core of the chip can function properly at higher speeds. A difficult

measurement to be done is to probe internal nodes on the die directly.

Future chip iterations have to ensure proper analog stage functionality. The use of ECL
pads is a necessity, since the pad speed limits the performance of the present chip, along
with on-chip clock generation. Off-chip synchronization problems between the two clocks
have to be avoided by using on-chip clock generation. Chip thermal protection is also to be
addressed in a higher performance technology in order to achieve high speed functionality

for reliable amounts of time.

6.3.Summary

This chapter presented the experimental results which support the theory shown in
Chapter 4. The Xilinx 4010E implementation was a proof of concept. The 0.5 CMOS

part runs correctly up to 145 MHz, with measurable performance limited by pads.
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CHAPTER 7 Conclusions and

future work

7.1. Conclusions

High resolution D/A conversion for a wide range of frequencies is a major bottleneck for
modern communication systems. The work presented in this thesis demonstrated (in the
limits allowed by the technology) that it is possible to increase the performance of state of
the art XA DACs, by using an improved digital XA modulator. The modulator is based on a
simple extension of the concept of two’s complement representation of numbers. The main

accomplishments are outlined below.

1) A digital A modulator architecture using CS arithmetic was proposed. The theoretical
considerations were backed by extensive simulations at the mathematical and circuit
levels. A significant improvement in the maximum speed of the digital XA modulator is
achieved by doing computations in parallel with data using a carry save structure. The

increase in speed implies wider bandwidths for high resolution D/A conversion.

2) The A DAC resolution is further increased by using a three bit quantizer in the digital
A modulator. The mismatch noise problem, an inherent drawback associated with the use
of a multibit A modulator, is minimized in the band of interest by using a hardware

efficient £A-based bit shuffling network.
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3) The A DAC was implemented as a proof of concept using a Xilinx 4010E FPGA (the
analog stage modeled in Matlab). The FPGA implementation demonstrated the stability of
the second order CS XA modulator inside the XA DAC.

4) The XA DAC was implemented in 0.5p CMOS. The CS ~A modulator runs at 145
MHz. The maximum speed increase predicted by theory was difficult to detect due to I/O
pad speed limitations. An important part of the design was laying out the chip by hand.
High speed mixed signal issued were addressed, including: short metal runs in order to

reduce RC delays, clock distribution, buffering, substrate coupling.

Some observations have to be made regarding filtering. The ZA DAC does not have an
interpolation stage or an analog smoothing filter. At this moment, the CS £A modulator is
faster than the available CPA-based interpolators [Hoge81]. The speed bottleneck of the
whole A DAC is in this stage. Analog filtering was made easier by the use of a multibit

A modulator, which has reduced out-of-band quantization noise.

7.2. Future work

The algorithm used to speed-up the operation of XA DACs is directed for use in the cell

basestation transmitter path for cellular telephony (see Figure 7.1.).

Two lowpass digital XA modulators can be used to implement a XA bandpass
characteristic.The structure is based on the common SSB modulator architecture used in
radio. The output of the overall ZA DAC feeds directly the power amplifier of the radio

transmitter path. The notch frequency is at half the sampling frequency of the lowpass
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digital £A modulators. A mixer and a power amplifier stage are cascaded with the ZA

stage. With the present implementation, the feasible notch frequency is:

145 MHz/2 = 72.5 MHz.

A MIX \
DSP |» RF
f (Hz) LIFIER
>
LO.

Fig.7.1.Cell basestation transmitter path
using a bandpass A DAC

There are several ways to increase the above notch frequency, including:

1) Improved algorithm (undetermined).

2) Use a faster technology (200% - 300% increase).

3) Better layout, less RC delays (20% - 30% increase).

4) Less CS A modulator output bits (50% increase).

5) Custom cells (50% - 100% increase). The present implementation used standard cells.

Multiplication of the above factors gives an approximate increase in speed between 540%

and 1170%. Considering a factor of 5 in speed increase, the achievable notch frequency is

72.5 MHz X 5 = 362.5 MHz.
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No claim is to made regarding the accuracy of these figures. For example, the 2X - 3X
speed improvement depends on the technology : a SiGe implementation, for example will
be much faster. Figure 7.2 below shows speed-up figures for CMOS technologies , as
predicted in the National Technology Roadmap for Semiconductors ( http:/

www.semantech.org).

high performance ASIC

[MHz]

Year 1997 1999 2003
Technology [] 0.25 0.18 0.13
On-chip local clock, high 750 1250 2100
perforrlrjlance ASIC D\ﬁHz]

On-chip, across chip clock, 300 500 700

A fair amount of effort in these future implementations has to be invested in the full

custom layout design. Another field of application of this idea is direct digital synthesis.

Fig. 7.2. CMOS technology speed roadmap

The application of this method to IIR filters is under study.
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Appendix A
>A DAC Matlab codes

function[]=saess2nd 1 (Fin,s,Z,U,M,V,N,K)

%3 bit extention K=4 *¥*kikkirkkskiiiksitkirdirioiohiorikliokkkomikokdokokkok

% noise shaper and shuffle network modeled in Matlab
%****************************************************************************
g=zeros(V+K-1);
caz=q(l,:);
w=zeros(V-1);
wl=w(l,);
sm=caz;cm=caz;sml=caz;sm2=caz;sm3=caz;
t=0:1./U*M:(Z*U*M-1)./U*M;
for i=1:Z*U
lI(1)=round((2*(V-1))*s*sin(2*pi*(i-1)./U));
if l1(1) <0
zl=dec2bin(abs(11(i)),V);
z=~zl;
w2=[1 wl];
m=suml{z,w2,V);
else
m=dec2bin(ll(i),V);
end;
[smo,cmo,smlo,sm20,sm3o0,coa(1+M*(i-1):M*i, : )]=...
scycle_2nd1(m,sm,cm,sm1i,sm2,sm3,V,M,N,K);
sm=smo;cm=cmo;sml=smlo;sm2=sm20;sm3=sm30;

end;

lI=length(coa(:,1));

%initial conditions
pc1(1)=0;pc2(1)=0;pc3(1)=0;pc4(1)=0;pc5(1)=0;pc6(1)=0;pc7(1)=0;
p1(1)=0;p2(1)=0;p3(1)=0;p4(1)=0;p5(1)=0;p6(1)=0;p7(1)=0;

for i=1:11

%[co(i),t1,t2,ttl,tt2,tt3,ttd]=shuffle  (coa(i,:),p 1 (i),p2(1),p3(1),p4(3)...
%,p3(1),p6(1).p7(1));
[col(i),t1,t2,tt],tt2,tt3,tt4]=shuffle2(coa(i,:),p1(i),p2(i),p3(1),p4(i)...
,p5(1),p6(1),p7(1));

in=coa(i,:);

%johnson counters : first layer
[pcl(i+1),pl(i+1)]=johnsonl(pcl(i),p1(i),in(1));

% second layer

[pc2(i+1),p2(i+1)]=johnson1(pc2(i),p2(i),t1(1));
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[pc3(i+1),p3(i+1)]=johnson1(pc3(i),p3(1).t2(1));

% third layer
[pcd(i+1),p4(i+1)]=johnson1(pc4(i),p4(i).tt1(1));
[pcS5(i+1),pS(i+1)}=johnson 1 (pc5(i),pS().tt2(1));
[pc6(i+1),p6(i+1)]=johnson 1 (pc6(1),p6(i),tt3(1));
[pc7(i+1),p7(i+1)]=johnson1(pc7(i),p7(i),tt4(1));
end;

%for i=1:length(coa)

%co(i)=d2al(coa(i,:),4)/8;

%end;

%0 x=2*fft(co,length(co))./length(co);
%0x=2*fft(co.*hanning(length(co))’)./(length(co)./2);
x1=2*fft(col.*hanning(length(col))’)./(length(col)./2);
n=length(col);

9onfft=length(co);

%ewindow=hanning(nfft);

Jonoverlap=nfft./2;

%dflag="none’;

Fs=U*M*Fin;
%Pxx=psd(co,nfft,Fs,window,noverlap,dflag);

Pofor 1=2:7Z+3

% P(i)=(x(i)*conj(x(1)))./length(co);

%end;

f=(0:length(col)-1)*Fs./length(col);
%oNOISE=sum(Pxx(3:(Z-1)));
%SNR=10*log10(Pxx(Z+1)./NOISE);
Joplot(co);grid

Jopause
semilogx(f(1:n/2),log(20*log10(abs(x(1:n/2)))),’-’,f(1:n/2)...
,20*log10(abs(x1(1:n/2))),’--");grid

%semilogx(log 10(f(1:n/2)),log10(20*log10(abs(x 1(1:n/2)))+200));grid
%title(‘Case N=15 bits retained’);
%oxlabel(‘frequency (MHz)’);

Jylabel(‘spectrum output modulator (dB)’);

Jopause

Joplot(f,20¥log 10(abs(x)));grid
Yoxlabel(‘frequency (MHz)’);

oylabel(‘spectrum output modulator (dB)’);

Jopause
%plot(10*1og10(Pxx(1:100)*norm(window)"2./sum(window)"2));
end;
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function{smo,cmo,smlo,sm20,sm3o0,col]=scycle_2nd1(a,sm,cm,sm1,sm2,sm3,V,M,N,K)
%****************************************************************************
% model a 2nd order SD with CSA && 3 bit output && approximate clipping

% a input;cm,sm carry and sum vectors describing the

% first accumulator; sm1,sm2,sm3 vectors describing the state of the second

% accumulator;V word length of the input ; M sampling factor for the input

% in the modulator;the second accumulator is a 6/3 CSA.

%representation of quantizer step has same sign bit extention as input**#****
%K bit sign extention , 2’s complement;V+K-1 word length inside the modulator
% cml=zeros(1:V+K-1);cm=cml(1,:);sm=cm;sml=sm;sm2=sm;sm3=sm;
%***************************************************************************
cu=cm;su=sm;sxml=sml;
sxm2=sm2;sxm3=sm3;

% length of cl and al is K(=4)
for k=1:M
saa2=[ 0 sxm2(1:V+K-2)];
saa3=[0 0 sxm3(1:V+K-3)];

%oquantize using 6 MSB

[co,qql]=sum32(sxml,saa2,saa3,V+K-1,N);
col(k,:)=[ co(1) co(2) co(6)];

%q2=[ 1 ~r ~r ~r];

cl=[0 1 ~co(l) ~co(2) ~co(6) ~co(6) ~co(6) ~co(6) ];

al=[a(V-4) a(V-3) a(V-2) a(V-1) a(V) a(V) a(V) a(V)];

a2=suml(al,cl,K+4);

%3 bit sign extention K=4

a3=[a(1:V-5) a2];

cmx=[ 0 cu(1:V+K-2)];

Smx=su;

%ofor i=1:V+K-1

sa=xxor(a3,cmx,smx);

ca=(cmx&(a3lsmx))l(a3&smx);

%end;

% the second part of the modulater

wl=zeros(V+K-4);w2=wl(l,:);

dl=zeros(V-2);d=d1(1,:);

cml=zeros(V+K-1);cmv=cml(l,:);

cl=ones(V+K-1);c=c1(1,:);

ocoming from the output

Jocoming from the first stage
cax=[0 cu(1:V+K-2)I;

Sax=su;

% 6/3 CSA

119



% N=5 used
s(k)=xor(qq1(5),qq1(6));
if (s(k)==0)
w=[cmv(1:13) 1 ~co(l) ~co(2) ~co(6) ~co(6) ~co(6) I;
[sal,sa2,sa3]=CSA63(sax,cax,w,sxml,saa2,saa3,V+K-1);
else
w=[cmv(1:13) 1 ~co(l) ~co(2) ~co(6) ~co(6) ~co(6) ];
saa2=cmyv;saa3=cmv;

sxml=[ c(1:V+K-2) ~co(6) I;
[sal,sa2,sa3]=CSA63(sax,cax,w,sxml,saa2,saa3,V+K-1);

end;

cu=ca;su=sa;sxml=sal;

sxm2=sa2;sxm3=sa3;

end;
smo=sa;cmo=ca;smlo=sal;sm2o=sa2;sm3o0=sa3;
%plot(co);grid

end;

function[al,a2,a3]=CSA63(b1,b2,b3,b4,b5,b6,V)
fori=1:V
[m] = sum2( b1(i) ,b2(i),b3(i) ,b4(i),b5(i) ,b6(i));
al(i)=m(1);a2(i)=m(2);a3(1)=m(3);
end;
end;

function[m]=sum21(al,a2,a3,a4,a5,a6,a7)
=al+a2+a3+ad+aS+ab+a’7;

m=dec2bin(V,3);

end;

function [c1,pl]=johnsonl(c,p.e)

if e==1
cl=~p;
pl=c;
else
cl=c;
pl=p;
end;
end;

120



function[yout,t1,t2,tt1,tt2,tt3,tt4]=shuffle2(in,p 1,p2,p3.p4,p5,p6.p7)
%pcl(1)=0;pc2(1)=0;pc3(1)=0;pc4(1)=0;pc5(1)=0;pc6(1)=0;pc7(1)=0;

%op 1(1)=0;p2(1)=0;p3(1)=0;p4(1)=0;p5(1)=0;p6(1)=0;p7(1)=0;
% first layer

%for i=1:n

inl=[in(1) in(2) ~in(3) 0];

%johnson counter

% [pcl(i+1),pl(i+1)]=johnsoni(pc1(i),pl(i),in(1));
si=[pl1 000];

s2=[~p1 00 O];

[ol,cl]=suml(inl,sl,4);
[02,c2]=sum1(inl,s2,4);
%second layer
tl1=[01(2) 01(3) 01(4)];
t2=[02(2) 02(3) 02(4)];

%johnson counters

Jo[pc2(i+1),p2(i+1)]=johnson 1 (pc2(i),p2(i),t1(1));
o[pc3(i+1),p3(i+1)]=johnson1(pc3(i),p3(i),t2(1));
ss1l=[p2007;

ss2=[~p2001;

ss3=[p300J;

ss4=[~p300];

[03,c3]=suml(tl,ss1,3);
[04,c4]=sum]1(t],ss2,3);
[05,c5]=sum1(t2,ss3,3);
[06,c6]=sum1(t2,s54,3);

tt1=[03(2) 03(3) 0];
tt2=[04(2) 04(3) 0];
tt3=[05(2) 05(3) 0];
tt4=[06(2) 06(3) 0];

%third layer

%johnson counters

%[pc4(i+1),p4(i+1)]=johnson1(pc4(i),p4(i),tt1(1));
%0[pc5(i+1),p5(i+1)]=johnson1(pcS5(i),p5(i),tt2(1));
Po[pc6(i+1),p6(i+1)]=johnson1(pc6(i),p6(3i),tt3(1));
o[pc7(i+1),p7(i+1)]=johnson1(pc7(i),p7(i),tt4(1));
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sssi=[p4 0 0];
sss2={~p4 0 0];
sss3=[p5 0 0];
sss4=[~p5 0 0];
sss5=[p6 0 0];
sss6=[~p6 0 0];
sss7=[p7 0 0];
sss8=[~p7 0 O];

[ool,ccl]=suml(ttl,sss1,3);
[002,cc2]}=sum1(ttl,sss2,3);
[003,cc3]=sum1(tt2,ss53,3);
[oo4,cc4]=sum](tt2,ss54,3);
[005,cc5]=sum1(tt3,sss5,3);
[006,cc6]=sum1(tt3,sss6,3);
[007,cc7]=suml(tt4,sss7,3);
[008,cc8]=sum](tt4,sss8,3);

%y(i,:)=[001(2) 002(2) 003(2) 004(2) 005(2) 006(2) 007(2) 008(2)];
yout=(001(2) + 1.035*002(2)+ 0.965*003(2)+ 1.005*004(2)+ 0.985%005(2) + ...
1.015%006(2)+ 007(2)+ 0.995*008(2)-3.5)/4;

end;

%plot(yout);grid

end;
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Appendix B
CS 2A modulator VHDL description

-- VHDL Model Created from SGE Schematic mod.sch -- Mar 7 14:36:22 1997

library IEEE;
use [EEE.std_logic_1164.all;
use [EEE.std_logic_misc.all;
use IEEE.std_logic_arith.all;
use [EEE.std_logic_components.all;
use work. HANDY?2.all;
entity moddl11 is
Port (
CLK :In std_logic;
RES :In std_logic;
O : Out std_logic_vector (3 downto 0) );
end moddl11l;
architecture BEHAVIORAL of moddl1 is
signal Q : std_logic_vector(3 downto O );
signal Q1 : std_logic_vector(3 downto O );
signal a: std_logic_vector (15 downto 0);
signal QV : std_logic;
--outputs from first adder
signal SO0 : std_logic_vector( 18 downto 0);
signal SO1 : std_logic_vector(18 downto O );
signal SO2 : std_logic_vector( 18 downto 0);
--outputs from second adder
signal SOKO : std_logic_vector(18 downto 0);
signal SOK1 : std_logic_vector( 18 downto 0);
signal SOK2 : std_logic_vector(18 downto 0 );
--intermediate values,outputs from first process
signal VAOQ : std_logic_vector( 18 downto 0);
signal VAL : std_logic_vector( 18 downto 0);
signal VA2 : std_logic_vector(18 downto 0 );
signal VBO : std_logic_vector( 18 downto 0);
signal VB1 : std_logic_vector(18 downto 0);
signal VB2 : std_logic_vector(18 downto 0);
--feedbacks
signal COPP : std_logic_vector(18 downto 0 );
signal COP : std_logic_vector( 18 downto 0);

signal sml : std_logic_vector( 2 downto 0);
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begin

DIV: process(CLK,RES)
variable N : integer := 0;
variable m : integer;

begin

if RES = ‘1’ then
Q <=*“00007;

else

if CLK’event and CLK = ‘1’ then
N :=N+1;
m := N mod 16;
case mis
when 0 => Q <= “0000";
when 1 => Q <= “10007;
when 2 => Q <= “01007;
when 3 => Q <= “1100;
when 4 => Q <= *“0010;
when 5 => Q <= “1010";
when 6 => Q <= “0110;
when 7=>Q <=“1110;
when 8 => Q <= *“0001";
when 9 => Q <= “1001";
when 10 => Q <= “0101";
when 11 =>Q <=*“1101";
when 12 => Q <= “0011";
when 13 =>Q <=*“1011";
when 14 =>Q <=“0111";
when 15=>Q <=“1111";
when others => Q <= “XXXX;
end case;
end if;
end if;
QV <=Q(0);
end process DIV;
DEC: process(QV,RES)
variable N : integer :=0;
variable m : integer;

begin

if RES = ‘1’ then
Q1 <= “0000";

else
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if QV’event and QV= ‘1’ then
N :=N+1;
m =N mod 16;
case m is
when 0 => Q1 <= *“0000;
when 1 => Q1 <= “10007;
when 2 => Q1 <= “01007;
when 3 => Q1 <=*“11007;
when 4 => Q1 <= “0010";
when 5 => Q1 <=“1010";
when 6 => Q1 <=“0110";
when 7=> Q1 <=*“1110";
when 8 => Q1 <=*“G001";
when 9 => Q1 <= “1001";
when 10 => Q1 <= “01017;
when 11 => Q1 <=*“1101";
when 12 => Q1 <=*“0011";
when 13 => Q1 <=*“1011";
when 14 =>QIl <=*“01117;
when 15=> Q1 <=“1111"
when others => Q1 <= “XXXX"’;
end case;
end if;
end if;
end process DEC;

ROM1I : process(Q1)
begin
case Ql is
when “0000” => a <= “0000000000000000™;
when “1000” => a <= “00000111101100107;
when “0100” => a <= “0000111000111000;
when “1100” => a <= “0001001010010011”;
when “0010” => a <= “0001010000011011";
when “1010” => a <=*“00010016100100117;
when “0110” => a <= “00001110001110007;
when “1110” =>a <=“0000011110110010;
when “0001” => a <= “00000000000000007;
when “1001” =>a <=*“1111100001001110;
when “0101” =>a <=“111100011100G1000;
when “1101” =>a<=“1110110101101101";
when “0011” =>a<=“1110101111100101";
when “1011” =>a <=“1110110101101101";
when “0111” =>a <=“1111000111001000";
when “1111” =>a<=“11111000010011107;
when others => a <= “XXXXXXXXXXXXXXXX;
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o

end case;
end process ROM1;

CSA1:process(S00,S01,502,SOK0,SOK1,SOK2,a,COPP,COP)
— CSAl:process

variable AO : std_logic_vector( 18 downto 0);

variable A1l : std_logic_vector( 18 downto 0);

variable A2 : std_logic_vector(18 downto 0 );

variable aal : std_logic_vector(18 downto O );

variable kO: std_logic_vector( 4 downto 0);

variable kxO : std_logic_vector( 2 downto 0);

__ksdeskskeskok sk skeok ok

-- intermediate variables,second adder
variable BO : std_logic_vector( 18 downto 0);
variable B1 : std_logic_vector( 18 downto 0);
variable B2 : std_logic_vector(18 downto 0);

variable k10 : std_logic_vector( 6 downto 0);

variable k1x0 : std_logic_vector( 2 downto 0);

variable S1 : std_logic_vector( 7 downto 0);
variable S2 :std_logic_vector(7 downto 0);
variable S3 : std_logic_vector(7 downto 0 );
variable s : std_logic_vector( 7 downto 0);
variable c : std_logic_vector( 7 downto 0);
variable sx : std_logic_vector(7 downto 0);
variable cx : std_logic_vector(7 downto 0 );

variable cm : std_logic_vector( 8 downto 0);

variable sm : std_logic_vector( 7 downto 0);
variable VB0 : std_logic_vector(18 downto 0 );
variable VB20 : std_logic_vector(18 downto 0 );
variable VBOO : std_logic_vector(18 downto O );
variable VAOO : std_logic_vector(18 downto 0 );
variable VA 10 : std_logic_vector(18 downto O );
variable VA20 : std_logic_vector(18 downto 0 );
variable ovf : std_logic;
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begin
AQ :=SO00;
A1(0) =0’

A1(18 downto 1) := SO1(17 downto 0);
A2( 1 downto 0) := “007;
A2(18 downto 2) := SO2(16 downto 0);
BO := SOKO;
BI1(0) :=‘0’;
B1(18 downto 1) := SOK1(17 downto 0);
B2( 1 downto 0) := “00”;
B2(18 downto 2) := SOK2(16 downto 0);

—-input sign bit extention

aal(18) :=a(15);

aal(17) :=a(15);

aal(16) := a(15);

aal(15 downto 0) := a;

--compute CSA 7/3 for the two adders
forIin O to 18 loop

kO(0) := aal(D);

kO(1) := COPP(D);

k0(2) := AO(D);
k0@3) ;= A1QD);
k0(4) = A2(D);

kx0 :=PS22(k0);
VAQO(I) := kx0(0);
VA10(I) := kx0(1);
VA20(I) := kx0(2);
end loop;

- 88888888838883885883888888888888888888838
forIin O to 18 loop
k10(0) := AO(D);

k10(1) := Al(D);
k10(2) :== A2(I);
k10(3) := BO();
k10(4) :=B1();
k10(5) := B2(1);

k10(6) := COP(I);
k1x0 :=PS1(k10);
VBO00(I) = k1x0(0);
VB10() := k1x0(1);
VB20() :=k1x0(2);
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end loop;

S1(7 downto 0) := VB0O(18 downto 11);
S2(7 downto 0) := VB10(17 downto 10);
S3(7 downto 0) := VB20(16 downto 9);
—transform in normal 2’s complement with carry propagate
-- 3/2 compression and shifted sumation
forIin O to 7 loop
s(D) :=(S1() xor S2(I)) xor S3(1);
c(D) :=not((not (S1(I) and S2(1))) and ( not (S2(I) and S3(I))) and

(not (S1(I) and S3(D))) ;
end loop;
SX :=S§;
cx(7 downto 1) := ¢(6 downto 0);
cx(0) := ‘0’;
cm(0) :=’07;

--Compute approximate output ; cm(0) = carry in is O;

—forIin O to 7 loop
--sm(I) := (sx(I) xor cx(I)) xor cm(I);
-—cm(I+1) := (sx(I) and cx(I)) or (sx(I) and cm(I)) or (cx(I) and cm(I));
-- end loop;
PP3 ( sx,cx,sm,ovf);

sml1(2) <=sm(7);sml(1) <=sm(3);sm1(0) <= sm(2);
-- multiplexing - approximate limiting if approximate overflow
-- if (cm(7) xor cm(6)) = ‘0’ then
if ovf = ‘0’ then
VB0 <= VBQO0;
VB1 <= VB10;
VB2 <= VB20;
else
VBO0O(18) <= not sm(7);
VBO(17) <= not sm(7);
VBO(16 downto Q) <= “111111111111111117;
VB1 <= “000000000006000000007;
VB2 <= “0000000000000000000’;
end if;
VAQ <= VAQO;
VAl <= VAI10;
VA2 <= VA20;
end process CSAL;
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--Registering processes

REG1: process(CLK,RES,VAQ,VA1,VA2,VB0,VB1,VB2,sml)

begin
if RES="1" then

SO0(18 downto 0) <= “0000000000000000000;
SO1(18 downto 0) <= “00000000000000000007;
S0O2(18 downto 0) <= “0000000000000000000’;
SOKO0(18 downto Q) <= “00000000000000000007*;
SOK1(18 downto 0) <= “00000000000000000007*;
SOK2 (18 downto 0)<= “0000000000000000000";
O <=“0000";
COPP <=“1111111000000000000;
COP <= *“1111110000000000G00;

else

if CLK’EVENT and CLK =1’ then

SO0(18 downto 0) <= VAO(18 downto 0);

SO1(18 downto 0) <= VAI(18 downto 0);

S02(18 downto 0) <= VA2(18 downto 0);

SOKO0(18 downto 0) <= VBO(18 downto 0);

SOK1(18 downto 0) <= VB 1(18 downto 0);

SOK2(18 downto 0) <= VB2(18 downto 0);
--feedbacks

COPP(11 downto 0 ) <="000000000000";

COPP(18) <= not sm1(2);

COPP(17) <= not sm1(2);

COPP(16) <=not sm1(2);

COPP(15) <=not sm1(2);

COPP(14) <=not sml(1);

COPP(13) <=not sm1(0);

COPP(12) <="1";

COP(12 downto 0) <= “00000000000007;
COP(18) <= not sm1(2);
COP(17) <= not sm1(2);
COP(16) <= not sm1(2);
COP(15) <=not sm1(1);
COP(14) <= not sm1(0);
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e

COP(13) <= ‘1";
--output

O(3 downto 1) <=sml( 2 downto 0);
O0) <= ‘17;

end if;
end if;

end process REGI;

end BEHAVIORAL;

library IEEE;
use IEEE.std_logic_1164.all;
package HANDY is

procedure PP1( AA,BB : in std_logic_vector;SS: out std_logic_vector;
OVFT1 : out std_logic);
procedure PP2( MM,NN : in std_logic_vector;QQ: out std_logic_vector);

function PS1(vall : std_logic_vector(6 downto 0)) return std_logic_vector;
function PS2(val2 : std_logic_vector(4 downto 0)) return std_logic_vector;
end HANDY;

package body HANDY is

--second CSA adder

procedure PP1 ( AA,BB : in std_logic_vector;

SS : out std_logic_vector; OVF1 :out std_logic) is
variable PO,P1,P2,P3,P4,P5,G0,G1,G2,G3,G4,GS : std_logic;
variable AAV,BBV,SSV :std_logic_vector(AA’LENGTH-1 downto 0);
variable CCV : std_logic_vector(AA'LENGTH downto 0);
begin
AAV = AA; BBV :=BB;

PO := AA(0) xor BB(0); GO := AA(0) and BB(0);
P1 := AA(1) xor BB(1); G1 := AA(1) and BB(1);
P2 := AA(2) xor BB(2); G2 := AA(2) and BB(2),
P3 := AA(3) xor BB(3); G3 := AA(3) and BB(3);
P4 := AA(4) xor BB(4); G4 := AA(4) and BB(4);
P5 := AA(5) xor BB(5); G5 := AA(S) and BB(5);

CCV(0) := ‘0’
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CCV(1) := GO0 or (PO and CCV(0));
CCV(2) :=Gl or (P1 and GO) or (P1 and PO and CCV(0));

CCV(3) :=G2or (P2 and G1) or (P2 and P! and GO) or
(P2 and P1 and PO and CCV(0));

CCV(@4) := G3 or (P3 and G2) or (P3 and P2 and Gl) or

(P3 and P2 and P1 and GO) or
(P3 and P2 and P1 and PO and CCV(0));

CCV(5) := G4 or (P4 and G3) or (P4 and P3 and G2) or
(P4 and P3 and P2 and G1 ) or
(P4 and P3 and P2 and P! and GO ) or
(P4 and P3 and P2 and P1 and PO and CCV(0));
CCV(6) := GS or ( P5 and G4) or (P5 and P4 and G3) or
( P5 and P4 and P3 and G2 ) or
( P5 and P4 and P3 and P2 and G1) or
( (P5 and P4 and P3 and P2 and P1) and
( GO or( PO and CCV(0))));
SSV(0) := PO xor CCV(0);
SSV(1) :=P1 xor CCV(1);
SSV(2) := P2 xor CCV(2);
SSV(3) :=P3 xor CCV(3);
SSV(4) :=P4 xor CCV(4);
SSV(5) :=P5 xor CCV(5) ;
OVF1 = CCV(6) xor CCV(5);
SS =S8V,
end PP1;
procedure PP2 ( MM,NN : in std_logic_vector;
QQ : out std_logic_vector) is
variable PR0O,PR1,PR2,PR3,GR0O,GR1,GR2,GR3 : std_logic;

variable CRV,ARV,BRV,QQS : std_logic_vector(MM’LENGTH downto 0);
begin
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ARV := MM, BRV :=NN;

PRO := MM(0) xor NN(0); GRO := MM(0) and NN(0);
PRI := MM(1) xor NN(1); GRI := MM(1) and NN(1);
PR2 := MM(2) xor NN(2); GR2 := MM(2) and NN(2);
PR3 := MM(3) xor NN(3); GR3 := MM(3) and NN(3);

CRV(0) :=“0’;
CRV(1) := GRO or (PR0O and CRV(0));
CRV(2) := GRI1 or (PR1 and GRO) or (PR1 and PRO and CRV(0));

CRV(3) := GR2 or ( PR2 and GR1) or (PR2 and PR1 and GRO) or
(PR2 and PR1 and PRO and CRV(0));

QQS(0) := PRO xor CRV(0);
QQS(1) := PR1 xor CRV(1);
QQS(2) := PR2 xor CRV(2);
QQS(3) := PR3 xor CRV(3);

QQ :=QQS;
end PP2;

function PS1(vall : std_logic_vector(6 downto 0)) return std_logic_vector is
variable oq : std_logic_vector(2 downto 0);
variable va : std_logic_vector( 6 downto 0);
variable S0,C0,S1,C1,PPO, PP1,GG0,GG1,CCO0,CCl1,0qx : std_logic;
begin
va ;= vall;
SO := (va(0) xor va(l)) xor va(2);
CO := not((not(va(0) and va(1))) and (not (va(l) and va(2))) and
(not (va(0) and va(2)))) ;
S1 :=(va(3) xor va(4)) xor va(5);
C1 := not((not(va(3) and va(4))) and (not (va(4) and va(35))) and
(not (va(3) and va(5)))) ;
PPO := SO xor S1;
GGO :=S0 and S1i;
PP1 :=CO0 xor Cl;
GG1 :=C0 and Ct1;
CCO := GGO or ( PPO and va(6));
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CC1 :=GGl1 or ( PP1 and GGO) or ( PP1 and PPO and va(6));
0q(0) := PPO xor va(6);

oq(1) := CCO xor PP1;

0q(2) :=CCl;

return 0q;
end PS1;
--first CSA adder
function PS2(val2 : std_logic_vector(4 downto 0)) return std_logic_vectoris  variable oql :
std_logic_vector(2 downto 0);
variable val : std_logic_vector( 4 downto 0);
variable S01,C01,S11,C11,PPOIL, PP11,GGO01,GG11,CCO1,CCl11 : std_logic;
begin
val :=val2;
S01 := (val(0) xor val(l)) xor val(2);
CO1 := not((not(val(0) and val(1))) and(not (val(l) and val(2))) and
(not (val(0) and val(2))));
S11 :=val(3) xor val(4);
C11 :=not((not( val(3))) or (not( val(4)))) ;
PPO1 :=S01 xor S11;
GGO01 :=S01 and Si1;
PP11 :=CO1 xor Cl11;
GGI11:=C01 and Cl1;
CCO01 :=GGO0l1 ;
CCl11 :=GGll1 or (PP11 and GGO1) ;
0oql(0) := PPO! ;
oql(1l) := CCO1 xor PP11;
0ql(2) :=CCl11;

return oql;
end PS2;

end HANDY;
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Appendix C

Three layer XA-based bit shuffling
network (Galton method)

Figure 1 shows the transfer function of a unit D/A element used in the Galton bit shuffling net-
work. Figure 2 shows the switching cell used in the method.

A°ut )i gea1

* ﬂ_V_ yi=(1+ehi-e“)x + €li-
4 €h
/7 — i=1,.,8
, A :
. ealye
> input(x)

Fig.5.2. Unit D/A element input/output transfer function

re_- = = = 1 o

| /2 2t
in | + i k
%1l ]

| _(+) 12 __Lflzoz

l s ;'
1771
| switching cell

Fig.5.3. Bit shuffling network switching cell

The e;; and ey; are the errors in the analog output level for a ONE and respectively a ZERO

input..In Figure 2, s is a one bit sequence generated inside the switching cell. The following rela-
tions hold for every sample time n :

(1)
(2)

ol(n) + o2(n) = in(n);

ol(n) - 02(n) = s(n);
It follows that
in(n) + s(n) )

ol(n) = >
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02(’1) = ln(n)z_ s(n) (4)

For a one bit D/A element it is true that
y(n) = o-x+gp &)
o= 1l+g,—g 6)

The block diagram of a three level Galton bit shuffling network is shown in Figure 3.

0;l_> unit D/A YI
C
— 1
al R
.| unitD/A y2 }
07 Y3
> B - + TR
in, B —3_-|_'> unit D/A é ’
ay C out
- 2
— || S | LlunicD/a | ¥4 l
A[ | * 532 04
Ys
05 .
+ a3 unit D/A
S11 — C; _l_*
in2 ||
"l B, L * L nicD/al Y6 5
5§33 Og y
O ’
—® unit D/A
S22 a4 L C,
¥s f
+ I unit D/A
534 Og

Fig.3. Three layer 2A-based bit shuffling network
( Galton network)

In the above Figure, the switching cells are placed in three layers : layer 1 ( Ayy, layer 2 (B, Bj)
and layer 3 ( C;, C;, C3, Cy). The one bit sequences s;; are internally generated. Following the
general relations (3) and (4), one can write:
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layer 1 :

$1(n) + in(n)

in(n) = 5
. -5 1(n) + in(n)
mz(n) = 5
layer 2 :
szl(n) +in 1(n)
al(n) = 5
——s21(n) +in 1(n)
az(”) = )
szz(n) + inz(n)
a3(n) = 3
-s22(n) + inz(n)
a 4(n) = >
layer 3 :
53 l(n) +a 1(n)
o(n) = 5
—s3l(n) +a 1(n)
0,(n) = >
s32(n) + az(n)
o3(n) = 5
—s32(n) + az(n)
04(n) = >
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(15)
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os(n) _ s33(n)+a3(n) (17)

2
—SHa(n) + a,(n)

06(") _ 33 5 3 (18)

or() = $34(n) +ay(m) (19)
2

oot —S34(n) +ay(n) (20)
gVt = 5

The output of the bit shuffling network is given by :

8 8
out(n) = Z yi(n) = z o -0, +&p; @2

i=1 =1

Using the relations (7) to (20) , the output value becomes:

out(n) = A-in(n)+B v:“(n)+Cvs12(n) +D -s21(n) +E»522(n) +F-s3[(n) +G-s32(n) +H - s33(n) +I-s34(n) +J

(22)
where :
e OL) + 0Ly + 0Ly + 0Ly +0lg + Ol + 0Ly + Olg (23)
23
. 0L + 0Ly + 0Ly + 0Ly — Olg — Ol — Oy — Olg (24)

23
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O +0p — 03— 0y (25)

22
D - Ols + OLg — Olg — Olg (26)
22
E=o0o-0a, @7
F = Oy — Oty (28)
G = Qs — O 29
H = o, -og (30)
I = &,(n) +e,5(n) +E4(n) +e4(n) +5(n) +eg(n) + £-(n) + g(n) (31)

If the 1 bit sequences s;; in equation (22) are chosen to be n-th order YA and are uncorrelated,
the mismatch noise is n-th order XA noise shaped out of the band of interest.
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