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Introduction

The article describes a powerful digital audio digital-
to-analogue converter (DAC) redized on field
programmable gate arrays (FPGA). This allows managing
without an analogue sound signal track and avoiding all
accompanying problems in a personal computer sound
system as in a sound card a digital signal is usualy
converted into an analogue signal and amplified by outside
amplifiers. FPGAs help to achieve such project flexibility
that one can finally explore dependency of sound signal
quality parameters on a DAC's structure. Moreover, it
becomes possible to realize the whole sound signal-
processing scheme on one chip. This could be a variant of
an application specific integrated circuit (ASIC).

The article presents the architecture of designed DAC
on FPGA, results of an interpolator and a modulator
modelling, as well as assessment of experimental research
characteristics.

DAC architecture on FPGA

The structure of the offered DAC on FPGA is given
in Fig. 1. It combines the following: an USB controller, an
interpolator and a modulator both realized on the FPGA, a
1-bit DAC and an analogue low frequency filter.

A FPGA constitutes the main part of a DAC wherein
realization of noise shaping loop (NSL) takes place when
the main part of noise is being transferred into frequencies
beyond the diapason which we are interested in. Its impact
on a signal is that of a low frequency filter, whereas on
guantization noise — that of a high frequency filter. Thisis
performed by the Sigma Delta modulator. Opa Kelly
XEM3001 was used as a prototype, which has not only a
FPGA but also an USB controller.

An interpolator is needed in order to increase
frequency of samples and suppress all side images between
the main band and OSR- f. Thiswill improve the dynamic

range of NSL (in our case — of A modulator) and decrease
the requirements of an analogue output filter.
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Fig. 1. Simplified structure of DAC on FPGA

The 1-bit key produces an analogue output changing
from —V ggny t0 +Vgygny OUL Of logic levels changing in the
interval 0+3.3 V. The node was realized employing the Tl
TAS5152 chip. As the lowpass filter — a passive second-
order LC filter. Its task is to pass the sound diapason and
suppress higher frequencies. The filter is designed with
MicroCap 7.14 programme.

The system will work exclusively on a specific
programme which has a plugin written for it.

During the development of Winamp plugin the C
language and National Instruments LabWindows
programming package were used. Previously the Labview
was used for a programme prototype, which is very
comfortable when adjusting and synthesizing a
microprogram on FPGA. Several programmes were
developed in the Labview environment. The plugin was
rewritten in the C language.

Simulation of interpolator

The simulation was performed with Matlab/Simulink
package having integrated Xilinx System Generator and
Xilinx I1SE, and with Modelsim SE package. The major
part of the FPGA resources are occupied not by Sigma
Delta modulator but by the interpolator.

Fig. 2 presents the structural scheme of an audio
interpolator, which is sometimes referred as an
interpolational filter.

The finite input response (FIR) filter — of a low
frequency halfband. The type of the design — equirripple.
The search of the filter coefficients involved the use of the



Matlab fdatool, whereas for its implementation Xilinx 1SE
was used, applying the CORE Generator and combing all
these in the low level. In this way the FPGA resources
were spared because otherwise, when an attempt was made
to redlize in the high level using the Xilinx System
Generator package, it was found out that such process
would use amost one and a half times more systemic
resources.
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Fig. 2. Structure of the interpolator

The FIR filters multiplier-accumulator
structure was rejected for two reasons:

1. Tests showed that MA filters required the Block
RAM memory — only in this way their advantage was
manifested against distributed-arithmetic (DA) filters.

2. Designed filters are of halfband, thus they could be
realized enough effectively using also the DA structure.
The structure spares accumulators that are indispensable in
case of realization the modulator.

Characteristics of an 138" order magnitude response
is given in Fig. 3. It is apparent that the quantization of
coefficients barely had any influence.
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Fig. 3. Magnitude response of the 138" order FIR filter

Taking into consideration hardware resources, a CIC
(Cascaded Integrator-Comb) is an effective interpolation or
decimation filter, which is usually used in FPGAs. The
structure of a filter is illustrated in Fig. 4. In case of an
interpolator, firstly N differentiators then zeroes and finally
N integrators are inserted.

Fig. 4. Structure of CIC filter

it

After completion of the modelling, was
determined that requirements were met best by CIC filter
with the amplitude transmission characteristics as shown in
Fig. 5. Having chosen from parameters given, we reached
a compromise between suppression of side images (as
poles are selected inside of the images), small hardware
resources (only 6 stages) and the low side throughput band
suppression (see Fig. 6).
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Fig. 5. Magnitude response of the CIC filter
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Fig. 6. Suppression of the CIC filter at the passband limit

Judging from the characteristics, it is evident that CIC
imposes quite a considerable influence on the passbhand —
CIC suppresses it. It often requires introducing
compensation of the passband. However, asin this case the
use is made of a small enough interpolation multiplier, the
small suppression received remains satisfactory. Moreover,
the use of an analogue Chebyshev filter in the output once
again brings everything back into order.

The general characteristics of an interpolator signal
transfer in the frequency range from 0 to Fy/2 is given in
Fig. 7. The rounding of the characteristics in the area of the
suppression range beginning is caused by the use of the
Backman window.
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Fig. 7. Signal transfer characteristic of the interpolator

In order to decrease hardware resources, in al filters,
where the need for the zero insertion occurs, not the zero
but the preceding sample is being inserted. This constitutes
the condition for improvement of filtrated characteristics.



Resear ch on char acteristics of modulator

The first stage in designing a XA modulator involves
a synthesis of the noise transfer function (NTF). It was
performed by way of application of [1] and selection of the
output parameters:

1. The quantizer will be of 1 hit as the DAC design
will be relatively powerful. A modulator of this kind is
characterized by a greater linearity [2].

2.To increase the coefficient of efficiency, the
discretization frequency should be:

Fs=44,1-64=2,8224 MHz

3. As music in computers is quantized with 16-bit
words, the effective number of bits (ENOB) will be 16 [3].

4 Parameters of the modulator will be: OSR =64
(over sampling ratio), N = 5 (modulator order).

After the synthesis of the primary NTF, next step isto
select a CRFB (Cascade-of-resonators, feedback form)
modulator structure and calculate the coefficients of the
modul ator.

A dynamic-range scaling was performed. The
coefficients were then recalculated into the ABCD array.
The array was then scaled and again recalculated into
coefficients. The maximum level of the stable output was
0,56.

Fig. 8 presents the efficient signal and noise
transmission functions calculated from the scaled ABCD
array. The dependency of the signal noise ratio on the
output signal level is showed in Fig. 9.
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Fig. 8. Signal and noise transfer functions

Taken that the quantization noise power is
c2=1/3=-48dB, then the quantization noise power
shaped in the passhand is:

cs =020’ |OR= —-95-4,8-10log(64)=-118dB .
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Fig. 9. Signal-to-noiseratio
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Fig. 10 presents an output signal spectrum when a
half-amplitude sinus signal operatesin the input.
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Fig. 10. Output power spectral density

The next step employed SD Toolbax 2 of Matlab.
Although the real structure was modeled, in this case
operations are performed with floating point numbers. A
5™ order CRFB type Sigma Delta modulator is illustrated
in Fig. 11. The modulator’s output signal spectral density,
after passing two sinus tones into the input, is given in
Fig. 12. As can be seen from the latter graphical chart,
when the sound signal frequency band was of 20 kHz, the
modulator’ s effective number of bits was 16.

The Xilinx System Generator was employed in
aggregating the XA modulator for the purpose of an
experimental research. Then it was modeled again and
exported into VHDL. The VHDL description as a black
box was then imported into Simulink and the functionality
was tested by yet another modeling before realization on
the FPGA.
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Fig. 11. 5" order Sigma-Delta modulator
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modulator's quantization noise parameters, it was
determined that requirements are met best by the CIC filter

* amplitude frequency characteristics when the interpolation
40p multiplier is L = 8, the number of stagesis N = 6, the input

ol word length is 16 bits, the output word length is 31 bits,

= and the sampling frequency is 2.8224 MHz.

5 0| 3. The results of the modulator modelling showed

g that when a sound signal frequency band is of 20 kHz the
ooy modulator’s effective number of bits is 16, while the

20l SNoR = 102308 | 1 guantization noise power is minus 1_18dB. Th_e _modelling

ENOB = -17.28 bits results are also proven by the experimenta digital sound

-140 | /\/\/_\/\J W {M 1 system research.
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2. After modelling the audio interpolator filters Submitted for publication 2008 04 02
transmission characteristics and the Sigma Delta

V. Puidokas, A. J. Marcinkeviéius. Research on Characteristics of Audio DAC Sigma-Delta M odulator on Field Programmable
Gate Array // Electronics and Electrical Engineering. — Kaunas: Technology, 2008. — No. 5(85). — P. 97-100.

The original architectural scheme of a designed audio Sigma Delta DAC on the FPGA whose application in a computer sound
system alows refusing of an analogue sound track and improving the sound quality is presented. Modelling results of the audio
interpolator filters transmission characteristics and the Sigma Delta modulator’s quantization noise parameters are given. It was
determined that requirements are met best by a CIC filter amplitude frequency characteristics when the interpolation multiplier is L=8,
the number of stagesis N =6, the input string length is 16 bits, the output string length is 31 bits, and the discretization frequency is
2.8224 MHz. The results of the modulator modelling showed that when a sound signal frequency band is of 20 kHz the modulator’s
effective number of bits is 16, while the quantization noise power is minus 118dB. The modelling results are also proven by the
experimental research when a DAC has been realized with Xilinx Spartan X C3S400-4PQ208 on the array. I1l. 12, bibl. 4 (in English;
summariesin English, Russian and Lithuanian).

B. Ilyiinoxac, A. WM. Mapuunksasuuioc. HcenenoBanue xapakrepucTuk ayauo curma — jgeara AL mopyasitopa Ha
MPOrpaMMHUpPYeMOii JJOru4Yeckoil MaTpuue // JIeKTpoHUKa U djiekTpoTexHuka. — Kaynac: TexHosorus, 2008. — Ne 5(85). — C. 97—
100.

IIpencaBneHs! pe3yabTaThl MOJICIHPOBAHUS M HCCICIOBAHUS OPUTMHAIBHON ayANOCHCTEMBI, B OCHOBY KOTOpOH 3anoxeHo Curma-
Henbra LIAII Ha nporpamMmmupyeMoii Jorudeckoit Matpune. IIpumMeHeHrne JaHHOH CHCTEMBI TO3BOJISIET B 3BYKOBOM TPAKTE KOMIBIOTEPA
AHAJIOTOBYIO YacTh (KPOME BBIXOJHOTO YCHIIMTENS) 3aMEHUTh LU(PPOBBIM OJIOKOM M 3THUM YIYUIIHTh KadecTBO 3ByKa. IIpencTaBieHb
XapaKTepUCTUKU (UIBTPOB HHTEPNOISATOpa M mapameTpsl Imyma Curma-/lenbta MomaynsTopa. YCTaHOBIEHO, UYTO HaMITydIIHe
TpeGOBaHMUSA K aMIUIMTYAHO-4acTOTHOH Xapakrepuctuke CIC (uibTpoB ynaneTBopsioT mapamerpsl: KO3(QOHIMEHT WHTEPHOJSLHN
L =8, xommuectBo crymeneit N =6, mmua mudposoro cioBo 16 6utoB M wacrora auckpermsamuu 2,8224 MIm. HccnemoBanue
MOJYJISITOpa TI0Ka3ano, YTO IPH IMOJOCE YacToT 3ByKoBoro curHana 20 kxI'm, uncio 3¢dexTuBHBIX pa3psgoB — 16 MOIIHOCTH Hryma
kBaHTOBaHMs MuHyC 118 nb. DkcnepumenranbsHoe uccnenoBanue Ha Xilinx Spartan XC3S400-4PQ208PL moaTBepanio pe3yibTaThl
MOJIeTIMPOBaHMs cucTeMbl. M. 12, 6ubi. 4 (Ha aHIMICKOM s3bIKe; pedepaTsl Ha aHTITHHCKOM, PYCCKOM U JINTOBCKOM $13.).

V. Puidokas, A. J. Marcinkevi¢ius. Garso moduliatoriaus Sigma-Delta SAK su lauku programuocjama logine matrica
charakteristiky tyrimas// Elektronikair elektrotechnika. — Kaunas: Technologija, 2008. — Nr. 5(85) — P. 97-100.

Pateikta originali garso moduliatoriaus Sigma Delta SAK su LPL matrica (angl. FPGA) sandaros schema, kuria naudojant
kompiuterio garso sistemoje galima atsisakyti analoginio garso trakto ir pagerinti garso kokybe. Pateikti garso interpoliatoriaus filtry
perdavimo charakteristiky ir Sigma Delta moduliatoriaus signalo ir triukSmo parametry modeliavimo rezultatai. Nustatyta, kad
geriausiai reikalavimus tenkina pakopinio diferenciatoriy integratoriy (angl. CIC) filtro daznine amplitudés charakteristika, kai
interpoliacijos daugiklis L =8, pakopuy skai¢ius N =6, i¢jimo zodzio ilgis — 16 bity ir diskretizacijos daznis — 2,8224 MHz.
Moduliatoriaus tyrimo rezultatai parode, kad, esant garsinio signao daznio juostai 20 kHz, efektyvus bity skai¢ius — 16, kvantavimo
triuksmo galia minus 118 dB. Moddiavimo rezultatus patvirtina ir eksperimentinis tyrimas, ka SAK realizuotas Xilinx Spartan
X C33400-4PQ208PL LPL matricoje. Il. 12, bibl. 4 (anglu kalba; santraukos angly, rusy ir lietuviy k.).
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