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Abstract. The principles of the construction and operation of a digital synthesizer for direct
frequency synthesis with acceleration of computational operations by using a residual class system (RNS)
are considered. The specifics of the implementation of the operation of direct and inverse transformations
from the positional number system to the number system of the residual classes are described. A
mathematical model of a synthesizer with a phase accumulator in the system of residual classes is
considered. The ways of designing a digital synthesizer of direct synthesis with a phase accumulator in the
RNS system and a sinusoidal DAC are considered. In traditional schemes, the conversion of residuals to the
value of an analog signal occurs in several stages, where conversion to a binary system is one of the stages.
This procedure degrades the speed of the RNS system, adding additional constraints and increasing the
waiting time for the conversion result. Methods of converting from RNS to binary number system for basic
operations are considered. A DDS design with a phase accumulator in the residual class system and a
converter to an analog signal form without using a slow ROM is proposed. The problems of efficient use of
the synthesizer crystal area and reduction of delays in the formation of the output signal are considered. A
study of one of the main functional blocks of a direct digital frequency synthesizer, a digital-to-analog
converter, has been carried out. The architecture of a direct digital frequency synthesizer with a DAC direct
conversion from a non-positional number system to an analog signal is proposed. The main sources of noise
generation in digital computational synthesizers of the proposed type are investigated. A mathematical
model is proposed for calculating the power spectral density of phase noise, which will allow analyzing the
noise characteristics in synthesizers built on the indicated principles.
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AHoTauif. PosrnsHyTo npuHumnm nobynoBu Ta yHKUiIOHYBaHHS LMpPOBOro cMHTe3aTopa npsmMoro
CMHTE3y 4acTOoTU 3 MPUCKOPEHHSIM OB4YMCrIoBanNbHUX onepauin LUMAXOM 3aCTOCYBaHHA CUCTEMM
3anuuwkoBux knacis (RNS). OnucaHo cneundpiky peanisadii onepadii NpssMoro Ta 3BOPOTHOIMO NepeTBOPEHb
i3 MO3MLIAHOI CUCTEMW YUCIIEHHS Yy CUCTEMY YUCIEHHS 3anuWKOBUX KnaciB. Po3rngHyTo MaTematudHy
MOAeNnb CuHTe3aTopa 3 (asoBMM aKyMynAaTOpOM Y CUCTEMI 3anuwKoBMX KnaciB. Po3rnsgHyTo wwnsxu
NMPOEKTYBaHHSA LMEPOBOro CUHTE3aTopa MpsSMOro CMHTesy 3 ¢ha3oBuM akymynatopom y cuctemi RNS Ta
cuvHycHoro Tuny LAT. Y TpaauuinHnx cxemax nepeTBOPEeHHs 3anuLLKIB B 3HAYEHHS aHanoroBoro curHany
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BioOYBaETLCA B Kifbka eTaniB, Ae NMepeTBOPEHHS B [BIMKOBY CUCTEMY € OAHMM i3 eTanis. Lia npouenypa
noripLuye Wenakicte poboTtn cuctemmn RNS, gogatoumn gooaTkoBi OOMeEXeHHs Ta 306inbLUyoYM Yac O4iKyBaHHS
pe3ynbTaTy nepeTBopeHHs. Po3rnaHyTo metoau nepetBopeHHst 3 RNS y ABilkoBY cucTeMy 4MCNEHHs Ans
OCHOBHUX onepauin. 3anponoHoBaHO KOHCTPYKLUito DDS 3 ha3oBuM akymynaTopom y CUCTEMI 3anULLKOBUX
Knacis Ta nepeTBoptoBa4YeM B aHanoroBy opmy curHany 6e3 BukopuctaHHsa nosinbHoro M3Y. PosrnsHyTo
npobnemun egeKTMBHONO BUKOPUCTAHHSA MMOLWi KpucTana cuHTe3aTopa Ta 3MEHLUEHHs 3aTpuMMOK Mpu
bopmyBaHHi BuxigHOro curHany. NpoBefeHO [OCMIOKEHHA OAHOr0 3 OCHOBHMX (PYHKUiOHaNbHUX OGrokis
nNpsiMOro  LM(pPOBOro CuHTE3aTopa 4acTtoTu — uUudpOo-aHanNoroBoro nepeTsoptoBava. 3anpornoHOBaHO
apxiTEKTypy MpsMOro umdpoBOro cuHTesatopa 4vactotm 3 LIAI ©e3anocepegHbOro nepeTBOPEHHSM 3
Heno3unLUiHOI CUCTEMU YUCINEHHS B aHanorosuin curHan. JJocnigaXeHo OCHOBHI AxXepena BUHUKHEHHS LWYMIB Y
unpoBMX OBYMCMOBANBHUX CUHTE3aTopax NPOMOHOBAHOro Tuny. 3anponoHOBaHO MaTemaTuyHy MoAerb
Ans obymcneHHs cnekTparnbHOi NYCTUHU MOTY)XHOCTI (pa3oBMX LWIYMIB, WO AACTb MOXIMBICTb aHanisyBaTu
LIYMOBI XapakKTepUCTUKN y CUHTe3aTopax NnobyaoBaHMX Ha BKa3aHUX NpUHLUNAaX.
Knrouogi cnoBa: RNS, Adder, DDS, CORDIC.

AHHOTaumA. PaccmMoTpeHbl NpUHLUMMIBLI NOCTPOEHUST N hYHKLVMOHMPOBaHUS LMPOBOro cMHTe3aTopa
NMPSIMOrO CUHTE3a 4acToTbl C YCKOPEHUEM BbIYUCAUTENbHBLIX OMNepauuin nyteMm MPUMEHEHUs CUCTEMBbI
octatodHbix knaccoB (RNS). OnucaHa cneumduka peanusaumm onepauum npsamoro u  obpaTHoro
npeobpasoBaHUin C MNO3ULMOHHON CUCTEMbl CHUCIEHUS B CUCTEMY CUYUCIIEHWS OCTaTOYHbIX KIacCOB.
PaccmoTpeHa maTemaTtumyeckas Mogenb cuHTe3aTopa ¢ pa3oBbiM akKyMynsTOPOM B CUCTEME OCTaTOYHbIX
KnaccoB. PaccMOTpeHbl MyTW NPOEKTUPOBaHUSA LMEPOBOrO CuHTE3aTopa MpsSIMOr0 CUHTE3a C (ha3oBbiM
akkymynsitopom B cucteme RNS u cuHycHoro tuna LA, B TpaauMuMOHHBLIX cxeMax npeobpasoBaHust
OCTaTKOB B 3HAYEHME aHasoroBOro CurHana MpOUCXOAMT B HECKONbKO 3TanoB, rae npeobpasoBaHus B
OBOUYHYIO CUCTEMY SIBNSIETCA OOHUM U3 dTanoB. JTa npouenypa yxyawaeT CKOpOoCTb paboTbl CUCTEMBI
RNS, poGaensia OONONHUTENbHbIE OFPaHUYEHUST W yBENUYMBAs BpeMsA OXuaaHus pesynbraTa
npeobpasoBaHusa. PaccmoTpeHbl meToabl npeobpasoBaHust ¢ RNS B ABOUYHYIO CUCTEMY cCUMCIEHUS Ans
OCHOBHbIX onepauui. NpeanoxeHa KoHCTpykuma DDS ¢ ha3oBbiM akkymynsaTopoM B CUCTEME OCTaTOYHbIX
KnaccoB u npeobpasoBaTternem B aHanoroByw opMmy curHana 6e3 ucnonb3oBaHus MmepaneHHoro [13Y.
PaccmoTtpeHbl  npobnembl  3(EKTMBHOIO  UCMONb30BaHWS MIOWAAM  KpucTanna cuHTesatopa wu
YMeHbLUEHVEe 3agepXek npyv GopMMpOBaHUKM BbIXOOHOrO curHana. [posegeHo vccnegoBaHWe OOHOroO 13
OCHOBHbIX (PYHKUMOHAmNbHbLIX GIOKOB MPAMOro LM@POBOro CMHTE3aTopa 4acToTbl - UMEPO-aHanorosoro
npeobpasoBatend. [lpegnoxeHa apxuTekTypa npsAMOro UuUMEPOBOro CcuHTEe3aTopa 4acTtoTbl ¢ LIAT
HenocpeacTBEHHOro npeobpas3oBaHWEM C HEMO3ULMOHHOW CUCTEMbl CHUCIIEHWSI B aHanoroBblA curHan.
VccnenoBaHbl OCHOBHbIE MCTOYHUKM BO3HUKHOBEHUS LLUYMOB B LIM(PPOBBLIX BbIMUCIIUTENBHBIX CUHTE3aTOpax
npegnaraemoro Tuna. MNpeanoxeHa MatemaTMyeckas MoAenb ANst BbIMUCIIEHUS CMEKTPanbHOW NITOTHOCTU
MOLLHOCTU (pa30BbIX LIYMOB, YTO MO3BOMWUT aHaNM3NpPOBaTb LUYMOBbLIE XapaKTEPUCTUMKN B CUMHTE3aTopax
MOCTPOEHHBbIX Ha YKa3aHHbIX NpHUMNa.

KnroueBble cnoBa: RNS, Adder, DDS, CORDIC.

A key role of direct digital synthesis arising in digital systems of frequency synthesis and
signals is the speed of processing the values of samples of synthesized signals, the speed of data
processing and, in turn, the energy efficiency of such systems. Accuracy and speed, determined by the
need for many of calculations in the process of digital applications, have a significant effect on the
quality of synthesized signals. The main ways to solve these problems is the modernization of digital
synthesis systems by using more efficient methods of calculation [1,2,3,4,5].

Considering the requirements for building high-performance computing devices, including
those applicable in digital frequency and signal synthesis systems, the main method for solving the
problem of increasing the speed of digital data being processed is confirmed, namely, a method that
allows building the structure of a computing device of such a system with the maximum
parallelization of performing arithmetic operations. This method in turn solves a number of tasks that
are put before the computing device:

— Introduction of efficient algorithmic and hardware structures of parallel type.

— Ensuring a high degree of integration and unification of the arithmetic unit.

— Application of advanced error control.

— Use of variants of computer arithmetic, which are best suited for high-speed
implementations of computational processes that require large amounts of computation [6,7,8].
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Problem statement. The use of a conventional system of binary numbers in arithmetic
operations on large amounts of data causes a number of difficulties caused by the presence of inter-bit
connections. This disadvantage imposes limitations on the ways of implementing arithmetic
operations, thereby complicating the hardware and limiting the system's performance. Therefore, it is
expedient to use such arithmetic, in which the bitwise relations in the calculations were absent or were
minimized. The arithmetic possessing the specified properties is the non-positioning system of
numbering - the system of residual classes (RNS). Thus, the search for ways to solve the problem of
increasing productivity led to the idea of independent parallel processing of data and, consequently,
the replacement of the usual binary system with the system of residual classes.

In this system, their remainders represent the numbers from dividing by the chosen base
system, and all rational operations can be performed parallel to the digits of each digit separately.
However, a system of residual classes that is so convenient in one respect is inherent in a number of
shortcomings in other respects: the limited effect of this system on the field of positive integers, the
difficulty in determining the ratio of numbers in terms of value, determining the outcome of an
operation from a range, etc. In turn, these shortcomings require effective ways to overcome them [9].

In the RNS the numbers are represented in the basis of prime mutually numbers which

Kk
called modules g ={p,,...p, }, GCD(p;, p;) =1 where i = j. The product P =" p; of all modules
i=1
RNS is called - dynamic range of the system. Any integer number in the range 0< X <Pcan be
uniquely represented in the RNS as the vector {x,X,,..., X}, there x =|X|p_ =Xmod p; [2].
Dynamic range of RNS is usually divided into two approximately equal parts, so that approximately

half of the dynamic range represented positive numbers, and the rest of the dynamic range -
negative. Suchthat any integer satisfies one of the following two relations:

—P_lsx < P_l,forodd P,
2 2

—ESX SE,foreven P,
2 2

)

may be presented in the RNS.
The operations of subtraction, addition and multiplication in a RNS are represented by
formulas:

AtB= (OLl,OLZ,...OLn) i(Bl’BZ""Bn) =
= ((oy £B;) mod p;, (e, £B,)mod p,,.... )
..,(Oﬁn iBn)rnOd P

AxB = (ay,0,.-00) X (By, By, By) =
= ((ay x ;) mod py, (o x B;) mod p,,... 3)

(et x By) mod py;

Equations (2) - (3) show the parallel nature of the RNS, free from bit transfers. These operations are
called modular, since for their processing it is necessary to operate with small numbers (residues)
arising as a result of division into a set of modules, and for obtaining numerical values only one
clock cycle is required [10]. To convert numbers from the binary position number system to RNS
we use an algorithm based on the application of a distributed arithmetic. K-bit number X is divided
into separate formats, for each of which is assigned a pre-known number of B-binary discharges.

Then the n-bit binary number can be expressed as a combination B positional formats with the
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dimension B bits. This position of each format is assigned a specific weight 2/ , where
j=0,B,2B,..., MB

-1 . .
O x2h2!,

j=0 i=0

M=

X =

—
Il

where B - number of digits of the selected format; M - the degree of the format; x, - a factor of 0 or
1; j=0,B,2B,..., MB is the position of the format; i - the position of the digit in the format. Convert

a number from binary position code into the modular code is carried out using a modular
summation of the remainders modulo m;:

X = )2!

2 (
j=0

B-1
> %2
i=0

m; m,

Restoring the number X by the remainders {xl,xz,....,xk} is based on the Chinese residue
theorem

K
X=2 R R (4)
]
where P :E. Element ‘P{l‘p_ means a multiplicative inverse for P, by module p, [2].

P;

The advantages of representing numbers in RNS can be represented as follows:

1. Since there is no propagation of transfer between arithmetic blocks in the RNS, and numbers of
large dimension are represented as small residues, this leads to acceleration in the processing of
data.

2. When presenting data using RNS, a large number of numbers are encoded in a set of small
numbers of residues, and, accordingly, the complexity of computing devices in each channel
modules is reduced, which facilitates and simplifies the operation of the computer system.

3. The RNS is a non-positioning system without the lack of dependence between its arithmetic
blocks; therefore, an error in one channel does not extend to others, which in turn facilitates the
process of detecting and correcting errors.

Thus, the use of RNS makes it possible to simplify and reduce the architecture of electronic
computing devices, thereby increasing not only the speed, but also the energy efficiency of
products.

However, operations such as comparison of two numbers, division and the detection of a
sign are laborious and expensive in RNS. Many solutions have been proposed for these problematic
operations. Most of them consist in converting the remainder into a binary system (the inverse
transformation). On the other hand, choosing the right set of modules is another important issue for
building an effective RNS with a sufficient dynamic range.

Results and analysis. Summing up some results, it can be noted that the system of residual
classes allows significant improvement in the parameters of a computer in a Direct Digital
Synthesizers (DDS) in comparison with a computer built on the same physical and technological
basis, but in a positional system calculation, and to receive new more progressive constructive and
structural solutions.

The essence of digital frequency synthesis is the conversion of the digital code of the
number A into an analog harmonic signal with a frequency
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fout:—FCL'\*;I'A,OgAgM, (5)

where F., - frequency of the clock generator; M is a fixed positive integer, based on the

application of the periodicity property of a harmonic function analogous to the property of
arithmetic operations modulo the ring of integers.

In the proposed device, the formation of a harmonic oscillation X (t) =U cos(2xf,,,
carried out by obtaining its samples at times t = At -k with the clock frequency F,, =1/At.

Taking into account (5), the discrete samples of a harmonic oscillation with amplitude U are
described by the expression:

t) is

X (At-k) =U -cos(2nf,,, - At-k) =

out
=U -cos(2nF -A-At-k)—
- "™ - (6)

U -COS(ZnAk
M

),

wherek = 0,00. Since the cosine is a periodic function then

@modZn:Z—n(k)modM :
M M

Therefore, k can be formed within the period k =0, M —1. An arbitrary nonnegative integer A
can be represented in the code of the residual number system. The integer A in the range

N
0< A<]]m; is uniquely coded by its residues @; on the bases m;:
i=1
A=(a.a,,....2y).
there

a = A—{A]mi = (A)modm;

i
[ ] - the integer part of number; m;, m,,...,my - a set of relatively prime positive integers, called

bases; N - number of bases.

The code in the RNS of the result of the product C of the numbers A and K is determined
by computing the individual products of the residues for each base:

A-k =Clk]= (¢ [k]..... cy[k] =
=((a, - x;)mod m,,..., (ay -xy)modmy )’

where ¢;[k]=(a -y, )modm., i=1, N .
We represent (6) in the form
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X (At-k) =U -cos(lz\/ln-c[k]) =

o (7)
=U -cos(ﬁ -.C[k]) mod M.

A discrete samples, directly proportional to the (7) can be formed in the agile modular adder
[11].

Fig.1 shows a block diagram of a high-speed direct digital frequency synthesizer with a
flexible architecture.

The Phase Accumulator (shown below in Fig.1) performs modulo M addition where

m, = 272 for non-negative p. It consists of N finite state machines (FSM) performing phase

accumulation modulo m; . In [11] recommends the use of a finite state machine in place of modulo

adder for the phase accumulator since the delay can be of only two logic levels. The input to finite

state machine is the binary encoded i-th residue digit \k\m_ of the frequency setting word. The state
1

of finite state machines in the time is the binary encoded i-th residue digit of the phase at that time.

msb
k.o Y

—> FSM, | .
k|m: ’{E_b

\ S S
Frequency W v I v Outout
Setting Word . ; * ? . ROM er% N DAC D
in Residue : . e : t S|t v,

k

| ‘mn FSM“ r g

|
| | System
Phase Accumulator Cl?Ck

Figure 1 — Frequency Agile Direct Synthesizer [11]

The values of the phase words entering the DAC can be calculated based on the CRT
(Chinese residue theorem) on the remnants. The inverting unit of the phase-word address (Al) in

Fig. 1 performs an additional inverting by modulus m; so that it can achieve the symmetry of the

output harmonic signal.

However, the author of work [9] has convincingly proved that in such a structural scheme
the use of a permanent storage device with values of the sine function is impossible.

The correct solution is to save the results of the transformation of the harmonic CRT
function into the ROM, where the value of the residues remains. Accordingly, inverting blocks (Al),
the value of the higher bit in the architecture of the high-speed direct digital frequency synthesizer
in Fig. 1 are also not useful because of the lack of symmetry information. It is clear that in the
proposed structural scheme of the synthesizer the size of the permanent memory device will
increase significantly. Thus, the increase in speed, as can be seen from the analysis of the
synthesizer, occurs in the phase accumulator, which has a smaller length of the phase word than
binary systems, and the scaling of the harmonic function actually introduces additional operations,
reducing the speed of the synthesis of signals, respectively, makes it possible to reduce the required
volume of ROM. However, it should be noted that a ROM that corresponds to a certain balance
uses as the address all bits of a word. Inversion blocks and exclusive blocks OR for older and
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subsequent bits are also not required [12].

In addition to the classical DDS structure, there are a number of methods for converting the
values of the phase accumulator into a harmonic waveform. The existing methods have been
analyzed; the results of this analysis of the most common methods are given in Table 1.

These methods can be implemented in the RNS system, separately the method of Taylor
series approximation [13, 14] and the CORDIC algorithm [15, 16, 17, 18] can be singled out. In
these methods, multipliers are used whose implementation in the RNS system is much more
efficient than in the binary system. In [19] an even simpler method for synthesizing a harmonic
signal of a given frequency from the values of the phase accumulator was proposed. The most
effective approach in terms of reducing the crystal area of a synthesizer of direct digital synthesis is
the use of blocks of amplitude-phase conversion without the use of a ROM.

Table 1 — Comparative table of different methods of phase-amplitude transformation
with a resampling level of -85 dB

- - Retraction
Method Memo_ry Coeff|C|er_1t of Addl_tlonal _ achieved in Note
capacity compression required chips
model

Classic 14 . .
method 214 %12 bit 1:1 - -97,23 dB -

Sunderland 28 « 9 bit Sim

: . ) ple

Architecture 28 g 4 bit 59:1 Adder 86,91 dB implementation

Nikola's 8 ; ;
architecture 2°x9 bit 59:1 Adder -86,81 dB . Simple .

28 « 4 pit implementation

Approximatio . _
n in Taylor series 2" x9 bit 110:1 Adder 85,88 dB The need for a
with two 27 5 pit multiplier multiplier
additions

Algorithm 14 states, 18

CORDIC bit — length of Great

- - . -84,25 dB computational
internal .
. complexity
transformation

In Fig. 2 the functional diagram of the proposed direct digital frequency synthesizer without
a ROM is presented. DDS replaces the ROM and the linear DAC on a sine-weighted digital-to-
analog converter that serves as a phase-amplitude conversion unit and at the same time, it is a DAC.
This solution leads to the fact that there is no need for a ROM, which is a relatively low speed and
bottleneck for DDS high-speed. An important issue to be solved in such a synthesizer scheme is the
construction of a sinus-weighted DAC with a nonlinear distribution of segments in the phase-
amplitude converter.

The ways of designing a digital phase-frequency synthesizer with a phase accumulator in
the system of RNS and sinus-weighted type of DAC were considered. In traditional schemes, the
conversion of the remainder to analog occurs in several stages, where the conversion to a binary
system is one of the stages. This procedure worsens the speed of the whole RNS system by adding
additional constraints and increasing the waiting time for the conversion result. Therefore, a direct
remainder to analog converter is sought to solve that problem and make the RNS efficient. The
problem of direct transition from the rest to the analogue is not yet sufficiently worked out in
modern works. In [19], the author proposed his direction of solving the problem, namely, a direct
analog converter, based on a mixed radix system.

The main disadvantage of the converter based on the mixed radix system is the sequential
algorithm of work, which makes it for a large dynamic range of frequencies slow to the use of a
combination of a phase accumulator built in the system of residual classes to a digital-to-analog
converter with a direct transformation into a harmonic signal based on the Chinese CRT is
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proposed. Such a converter eliminates the need for an intermediate stage of conversion into a binary
system of calculation and can be much more productive than the direct converted residue-to-binary
system. Consequently, the need for a large area modular adder disappears. Instead, the summing
operational amplifier is used to perform a modular addition in the analog form. The proposed
converter facilitates the realization of CRT in the need for direct conversion into analog form and is
suitable for systems with a wide dynamic range.

CRT is not a sequential algorithm, as opposed to the mixed radix system. The value of each
balance can be generated simultaneously using the ROM search tables. Consequently, the proposed
architecture for direct conversion from RNS to an analog form is presented in Fig.3.

The synthesizer consists of the following functional blocks: the binary code converter into
the RNS system, the phase accumulator in the RNS, the RNS processor, the conversion units based
on the CRT, the DAC units and the summing operational amplifier. The frequency control word
(FCW) is fed to the binary code converter in the residual class system. In the phase accumulator, the
phase values are accumulated for each of the residues in the RNS system. In the RNS processor, the
necessary transformations of signals - phase transformation, amplitudes, modulation of the
synthesized oscillation - occur. After this, the received signal in the form of its values in the RNS
enters separately into conversion units based on the CRT system. The resulting values are converted
into an analog form in the DAC units [19].

To find the necessary balance to the analog converter in the phase accumulator, partial sums
are added. The algorithm works based on permanent storage devices of small size. The volume of
the ROM for partial sums will be (2 x3k) -bit ROM in the case where the size of the residue is a k
bit.

The value of each partial amount is converted into an analog form by a separate digital-to-
analog converter. In the future, the final addition of analogue values of partial sums in a single
analogue adder based on the add-amplifier is carried out.

fg:\k
g S
.1I|HH |||||H L] \/
FCW —-~ | [l |
N o : Sine-wei TN
. -weighted > , Jout
O | — > Registers > DAC e ou
3 P N
FCwW
fnu.r= fc.(’k N
2
Figure 2 — Structural scheme of the ROM-free DDS [19]
PN e P 5 N M My, R,
> o o
g g g _
g r2= § r2= g Q|r2|Mz'1|m2M2|M Analog Folding
2 ; & /l/l/’ &
s r3 P r3 | x |r3
£ | & > —Ir3IM, M,
A
Amplitude, Phase, Modulation in RNS|
Figure 3 — Structural scheme of the RNS ROM-free DDS
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The delay in the complete conversion of the synthesized signal is

taII :trom +tDAC +tsummer' (8)

For large residual values - k, the size of the ROM begins to increase and at a certain stage
becomes a bottleneck for increasing the speed of DDS. The ROM area is of critical importance for
the construction of high-speed DDS. The proposed DDS will consume power comparable to the
converter described in [20].

RNS DDS with a traditional R / B converter and DAC will be less effective than the
proposed structure due to the significant loss of speed of the residue to binary number system
converter. The speed of work proposed by us RNS ROM-free DDS will be roughly higher in
proportion to the number of partial DACs (see Fig. 3). However, the increase in the number of
DACs leads to increased distortions of the synthesized signal.

In the RNS ROM-free DDS synthesizer, the output form of the DDS signal will be distorted
from phase and amplitude distortion due to a small number of quantization levels in the DACs. In
addition, there will be side effects of components in the spectrum of the output signal that are
inherent to all DDS synthesizers. The form of distribution of the components of the output spectrum
of the DDS signal can be found by the corresponding analytical expression

N-1 N-1 N-1
¢ _¢ 2" mod(2 1)=fclk'(1j |

E clk N-1 5
2

2

where N is the bit length of the main frequency word before transformation into a system of
residual classes. The phase noise models of the proposed synthesizer were analyzed. From the
analysis, it can be concluded that the spectral density of phase noise power RNS DDS can be
represented as a sum of three components: the spectral density of phase noise of the clock
generator, quantization noise and own noise of the synthesizer elements:

Souops (F) = St (F)Kpps + Sgn(F) + Sgun (F),
where K2, = (f,,/ f;)?— the coefficient of transmission of DDS by noise; f; and f_,,-

the clock and output frequencies; F — the frequency offset from the carrier. The phase noise
analysis of RNS DDS has shown that they have additional deviations (up to 5 dB/Hz) compared
with the experimental noise characteristics of modern integral DDS.

Conclusion. A direct digital synthesizer (DDS) with phase accumulator and residue-to-
analog converter based on the Chinese residue theorem was proposed. A new structural scheme of
RNS DDS without transforming into a binary representation form was proposed. The proposed
RNS DAC implements the Chinese theorem on the remnants with the help of analog circuit
elements and is most suitable for the implementation of the DDS.

The proposed remainder to analog converter was compared to the MRC based remainder to
analog converter, and to the CRT based R/B converter. The key features of the proposed remainder
to analog converter are:

1. The proposed solution made it possible not to use large modular aggregates, which
occupy a large area on the crystal. Instead, it uses rather simple manufacturing and designing
amplifiers.

2. The proposed architecture reduces the size of the ROM, which is a very important factor
in the design direct digital synthesizers for fast switching.

3. The structure of a perspective synthesizer of direct digital synthesis is analyzed. The
values of the potential SFDR and methods for its improvement are analyzed.

108
Polikarovskykh O.1.
Direct digital synthesizer in a new mathematical basis



Hayxosi npani OHA3 im. O.C. ITonosa, 2020, Ne 2

REFERENCES:

1. Byung-Do Yang, Jang-Hong Choi, Seon-Ho Han. “An 800-MHz Low-Power Direct digital
Frequency synthesizer With an On-Chip D/A converter”, IEEE Journal of solid-state circuits, Vol. 39. Ne 5.
2004. pp. 761-774.

2. Ananda Mohan, P.V. Residue, Number Systems. Theory and Applications. Birkhauser. 2016. pp.
27-128.

3. D. Zuras, W.H. McAllister, “Balanced delay trees and combinatorial division in VLSI”, IEEE J.
Solid—State Circuits. Vol. 21. Ne 5. 1986. pp. 814-819.

4. Y. Song, B. Kim, “Quadrature direct digital frequency synthesizer using interpolation-based angle
rotation”, IEEE Transaction on Very Large—Scale Integration, (VLSI) Systems. Vol. 12. Ne 7. 2004. pp. 701—
710.

5. O.l. Polikarovskykh, “High-speed digital frequency synthesizers based on Galois basis”,
Microwave and Telecommunication Technology (CriMiCo). 2013 23rd International Crimean Conference.
INSPEC. 2013. pp.165-166.

6. O.l. Polikarovskykh, “The new type of phase accumulator for DDS”, Microwave and
Telecommunication Technology (CriMiCo), 2007 17th International Crimean Conference. 2007. pp.267-268.

7. L.S. Jyothi “A novel DDS using nonlinear ROM addressing with improved compression ratio and
quantization noise”. IEEE Transcations on Ultrasonics Ferroelectronics and Frequency Control. Vol. 53. Ne 2.
2006. pp. 274-283.

8. I. Koren, Computer Arithmetic Algorithms, second ed., A K Peters, Natick, MA pp.53-92 2002.

9. Ananda Mohan. “On RNS-base enhancements for direct digital frequency synthesis”, IEEE
Transaction on Circuit and Systems-II. Vol.48. Ne10. 2001. pp. 988—990.

10.P.E.C. Hoppes, “A Radiation Hardened Low Power Numerically—Controlled Oscillator”, Proc. IEEE
1982 Custom Integrated Circuits Conference, Rochester, New York, May 1982. pp.17-19.

11.W. A. Chren, Jr., “RNS-base enhancements for direct digital frequency synthesis,” IEEE Trans.
Circuits Syst. II. Vol. 42. 1995. pp. 516-524.

12.L.S. Jyothi, M. Ghosh, F.F Dai, R.C. Jaeger “A novel DDS using nonlinear ROM addressing with
improved compression ratio and quantization noise”, IEEE Transcations on Ultrasonics Ferroelectronics and
Frequency Control. Vol. 53. Ne 2. 2006. pp. 274—283.

13.D.D. Caro and A.G. Strollo “High-Performance Direct Digital Fraquency Synthesizers Using
Piecewise-Polynomial Approximation”. IEEE Transaction on Circuit and Systems. Vol.52. Ne 2. 2005. pp.
324-337.

14.Yuanwang Yang, Jingye Cai, and Lianfu Liu “A Novel DDS Structure with Low Phase Noise and
spurs”. UESTC. Chengdu. 2011. pp. 302-306.

15.J. Valls, T. Sansaloni, A. P. Pascual, V. Torres and V. Almenar. “The use of CORDIC in software
defined radios: A tutorial” IEEE Communications. Magazine. Vol. 44. Ne 9. 2006. pp. 46-50.

16.Y. Park, N. I. Cho, “Fixed—point error analysis of CORDIC processor based on the variance
propagation formula”. IEEE Transaction Circuits and system I. Vol. 51. Ne 3. 2004. pp. 573-584.

17.E. Antelo, J. Villabla, E.L. Zapata, “Low—Latency Pipelined 2D and 3D CORDIC Processors”, IEEE
Transaction on Computers. Vol. 57. Ne 3. 2008. pp. 404-417.

18.S.W. Mondwurf “Versatile COFDM Demodulation Based on the CORDIC — Algorithm”, IEEE
Transaction on Consumer Electronics. Vol. 48. Ne 3. 2002. pp. 718-723

19.X. Geng, X. Yu, F. F. Dai, J. D. Irwin, and R. C. Jaeger, “An 11-bit 8.6 GHz direct digital
synthesizer MMIC with 10-bit segmented nonlinear DAC,” in 34th Eur. Solid-State Circuits Conf. (ESSCIRC),
Sep. 2008. pp. 362—-365.

20.0.Abdelfattah, A. Swidan and Z.Zilic, “Direct Residue-to-Analog Conversion Scheme Based on
Chinese Remainder Theorem”, ICECS, 2010, pp. 687—690.

JITEPATYPA:

1. Byung-Do Y. An 800-MHz Low-Power Direct digital Frequency synthesizer With an On-Chip D/A
converter / Y. Byung-Do, C. Jang-Hong, H. Seon-Ho. // IEEE Journal of solid-state circuits. — 2004. — C.
761-774.

2. Mohan A. Residue, Number Systems.Theory and Applications / Ananda Mohan., 2016. — 128 c.

3. Zuras D. Balanced delay trees and combinatorial division in VLS| / D. Zuras, W. McAllister. // IEEE
J. Solid—-State Circuits. — 1984. — C. 814-819.

4. Song Y. Quadrature direct digital frequency synthesizer using interpolation-based angle rotation /
Y. Song, B. Kim. // IEEE Transaction on Very Large—Scale Integration, (VLSI) Systems. — 2004. — C. 701—
710.

109
Polikarovskykh O.1.
Direct digital synthesizer in a new mathematical basis



Hayxkosgi npani OHA3 im. O.C. Ilonosa, 2020, Ne 2

5.Polikarovskykh O. High-speed digital frequency synthesizers based on Galois basis /
Polikarovskykh. // Microwave and Telecommunication Technology (CriMiCo), 2013 23rd International
Crimean Conference. INSPEC. — 2013. — Ne 23. — C. 165-166.

6.Polikarovskykh O. The new type of phase accumulator for DDS / Polikarovskykh. // Microwave and
Telecommunication Technology (CriMiCo), 2007 17th International Crimean Conference. — 2007. — C. 267—
268.

7.Jyothi L. S. A novel DDS using nonlinear ROM addressing with improved compression ratio and
guantization noise / Jyothi. // IEEE Transcations on Ultrasonics Ferroelectronics and Frequency Control. —
2006. — C. 274-2883.

8.Koren I. Computer Arithmetic Algorithms second ed / Koren. — Natick, 2002.

9.Mohan A. On RNS-base enhancements for direct digital frequency synthesis / Ananda Mohan. //
IEEE Transaction on Circuit and Systems-Il. — 2001. — C. 988-990.

10.Hoppes P. A Radiation Hardened Low Power Numerically Controlled Oscillator / P.E.C. Hoppes.
/I Proc. IEEE 1982 Custom Integrated Circuits Conference, Rochester, New York. — 1982. — C. pp.17-19.

11.Chren W. RNS-base enhancements for direct digital frequency synthesis / W. A. Chren. // IEEE
Trans. Circuits Syst. Il. — 1995. — C. 516-524.

12. A novel DDS using nonlinear ROM addressing with improved compression ratio and
guantization noise / L. Jyothi, M. Ghosh, F. Dai, R. Jaeger. // IEEE Transcations on Ultrasonics
Ferroelectronics and Frequency Control. — 2006. — C. 274—283.

13. Caro D. High-Performance Direct Digital Fraguency Synthesizers Using Piecewise-Polynomial
Approximation / D. Caro, A. Strollo. // IEEE Transaction on Circuit and Systems. — 2005. — C. 324-337.

14. Yuanwang Y. A Novel DDS Structure with Low Phase Noise and spurs / Y. Yuanwang, C.
Jingye. // UESTC, Chengdu, — 2011. — C. 302-306.

15. The use of CORDIC in software defined radios: A tutorial / [J. Valls, T. Sansaloni, A. Pascual Ta
iH.]. // IEEE Communications. Magazine. — 2006. — C. 46-50.

16. Park Y. Fixed—point error analysis of CORDIC processor based on the variance propagation
formula /Y. Park, N. Cho. // IEEE Transaction Circuits and system |. — 2004. — C. 573-584.

17. Antelo E. Low-Latency Pipelined 2D and 3D CORDIC Processors / E. Antelo, J. Villabla, E.
Zapata. // IEEE Transaction on Computers. — 2008. — C. 404-417.

18. Mondwurf S. Versatile COFDM Demodulation Based on the CORDIC- Algorithm / S.W.
Mondwurf. // IEEE Transaction on Consumer Electronics. — 2002. — C. 718-723.

19. An 11-bit 8.6 GHz direct digital synthesizer MMIC with 10-bit segmented nonlinear DAC / [X.
Geng, X. Yu, F. Dai Ta iH.]. // in 34th Eur. Solid-State Circuits Conf. (ESSCIRC. — 2008. — C. 362—-365.

20. Abdelfattah O. Direct Residue-to-Analog Conversion Scheme Based on Chinese Remainder
Theorem / O. Abdelfattah, A. Swidan, Z. Zilic. // ICECS. — 2010. — C. 687-690.

DOI 10.33243/2518-7139-2020-1-2-100-110

110
Polikarovskykh O.1.

Direct digital synthesizer in a new mathematical basis



