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CHAPTER

Getting Started with DSPs
2 9 Havauo ¢ ICII

Once you decide that a Digital Signal Processor is right for your application, you need a way to
get started. Many manufacturers will sell you a low cost evaluation kit, allowing you to experi-
ence their products first-hand. These are a great educational tool; it doesn't matter if you are a
novice or a pro, they are the best way to become familiar with a particular DSP. For instance,
Analog Devices provides the EZ-KIT ® Lite to teach potential customers about its SHARC ®
family of Digital Signal Processors. For only $179, you receive all the hardware and software
you need to see the DSP in action. This includes "canned" programs provided with the kit, as
well as applications you can write yourself in assembly or C. Suppose you buy one of these kits
from Analog Devices and play with it for a few days. This chapter is an overview of what you
can expect to find and learn.

Kak tompko Brl pemaere, uto0s! LludpoBoii cHrHAMBHBIN POLIECCOP TO, YTO HYXKHO IS BaIlIeTO
npuioxeHus, Bol Hy)kaerech B ciocode HauaTb. MHOro M3rotoBuresneit npoaanyt Bam npere-
BbIIl KOMIUJIEKT OLEHKH(KOMIUIEKT MPOrpaMM OLIEHKH?), T03BoJsisi BaM uchobITaTh UX U3AEIUS
HerocpeacTBeHHO. OHM - 00JIbII0N 00pa30BaTeNbHbBIN HHCTPYMEHT; 3TO HE UMEET 3HaUeHue, ec-
v BBl - HOBUYOK WM TTPO(ECCHOHAN, OHH - JYYIIUH CI0co0 CTaTh 3HAKOMBIMH C YaCTHOCTBIO
LICII. Hanpumep, Analog Devices obecnieunBator EZ-KIT ® Lite, uro0Obl npenogaTs NOTEHIM-
albHBIM 3aKa3uMKaM OTHOCUTENbHO ero cemeicrtBo LludpoBbix CHUrHaNbHBIX MPOLIECCOPOB
SHARC ®. Bceero 3a 179 nonnapos, Bel nonyuyaere Bce anmapaTHble CpEeICTBA U IPOIPAMMHOE
obecnieuenue, ¢ KOTopsiM Bbl nomxuel Buaets LICII B neiictBuu. 310 BKIOYaeT "cTaHiapTHhIE"
OporpaMMbl, O0OeclieYeHHbIe KOMIUIEKTOM, TAaK)K€ KaK HMPUIIOKEHUSMH, KOTopble Bbl Moxere
3aMMCBIBATh CaMOCTOATENBEHO Ha accemOinepe mwin CU. Ilpeamnonoxum, uro Bel nmokymaere oauH
U3 3THX KOMIUIEKTOB OoT Analog Devices u urpaere ¢ 3TUM B T€UEHUE HECKOJBKUX JHEH. OTa
IJ1aBa - KpaTkuil 0030p, 4To Bel MOoXkeTe 0)knuaTh U HAWTH, YEMY HAyUYUTHCS.

The ADSP-2106x family
cemericteo ADSP-2106-x

In the last chapter we looked at the general operation of the ADSP-2106x "SHARC" family of
Digital Signal Processors. Table 29-1 shows the various members of this family. All these de-
vices use the same architecture, but have different amounts of on-chip memory, a key factor in
deciding which one to use. Memory access is a common bottleneck in DSP systems. The
SHARC DSPs address this by providing an ample supply of on-chip dual-ported SRAM. How-
ever, the last thing you want to do is pay for more memory than you need. DSPs often go into
cost sensitive products, such as cellular telephones and CD players. In other words, the organiza-
tion of this family is determined by marketing as well as technology.

B mponwoii rmaBe Mbl cMoTpenu Ha oOuryro omepauuto ADSP-2106x cemeiictBa "SHARC"
ndpoBeIX cUTHANBHBIX MporeccopoB. Tadmuma 29-1 moka3eiBaeT pa3IMyHbIE YWIEHBI 3TOTO Ce-
MmeiicTBa. Bee 3TH ycTpoiicTBa MCMONB3YIOT Ty K€ CaMylO apXUTEKTypy, HO UMEIOT pa3iIHyHbIe
KOJIMYECTBA MaMATH " Ha yune ", TJIaBHbIM KpUTEpU B pelIEHUH KOTOPBIM UCIOIb30BaTh. Jloc-
TYI K aMATH - 00br4HOe y3koe Mecto B cucremax LICII. SHARC IICII anpecytoT 310, 0becre-
YyMBas BIOJHE JOCTATOYHYIO MOCTaBKy " Ha uurne " aByxnoptoBbliii SRAM. Onnako, nocnenHss
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BeIlb, KOTOPYIO BEI X0THTE AenaTh - Tuiata 3a OoJbliiee KOJTUYECTBO MaMsITH 4eM Bam HeoOxo-
nuMo. LICIT yacTo BXOJSAT B CTOUMOCTh UyBCTBUTEBHBIX U3JICTUH, THUIA TYCUCTHIX TEICPOHOB U
[TPOUTPHIBATEJIEM KOMITAKT-JIMCKOB. JIpyrumMy CI0BaMH, OpraHH3allis 3TOr0 ceMeii-
CTBa ompeiesieHa MAPKETUHTOM TaKKe KaK TeXHOJIOTHEH.

The oldest member of this family is the ADSP-21020. This chip contains the core architecture,
but does not include on-chip memory or I/O handling. This means it cannot function as a stand-
alone computer; it requires external components to be a functional system. The other devices are
complete computers within a single chip. All they require to operate is a source of power, and
some way to load a program into memory, such as an external PROM or data link.

CawmpbIil cTapelil aeMeHT 3Toro cemeiictsa - ADSP-21020. DToT yun coaep>XuT OCHOBHYIO ap-
XUTEKTYpy, HO HE BKJIIOYaeT MaMATh " B yun " wiu o0paboTky BBona/BriBosa. 310 03Hauaer,
YTO 3TO HE MOXET (PyHKIIMOHUPOBATh KaK aBTOHOMHBIN KOMITBIOTEP; 3TO TpeOyeT, 4TOObI BHEII-
HUE KOMIIOHEHTHI ObLTH (YHKIIMOHATBLHON CUCTEMOM. [Ipyrue ycTpoicTBa - MOJIHBIE KOMIIBIOTE-
pHI B Ipefenax eMMHCTBEHHOTO(0TAeIpHOT0) yrna. Bee, uTo oHM TpeOyroT, 4TOOBI ONEepUpOBaTh
- HCTOYHMK MOILIHM, U HEKOTOPOro crmocoba 3arpy3uTh NpOrpaMMy B MaMsTh, THIA BHEIIHErO
[ITI3Y nnm xaHana cBA3M.

PRODUCT Memory Notes

AD1460 4 Mbit x4 Quad-SHARC, Four ADSP-21060's in the same module; provides an incredi-
ble 480 MFLOPS in only 2.05" x 2.05" x 0.16".

ADSP-21160M 4 Mbit New! Features Single Instruction Multiple Data (SIMD) core architecture; op-
timized for multiprocessing with link ports, 64 bit external bus, and 14 chan-
nels of DMA

ADSP-21060 4 Mbit Power house of the family; most memory; link ports for high speed data trans-
fer and multi-processing

ADSP-21062 2 Mbit Same features as the ADSP-21060, but with less internal memory (SRAM), for
lower cost

ADSP-21061 1 Mbit Low cost version used in the EZ-KIT Lite; less memory & no link ports; addi-
tional features in DMA for the serial port

ADSP-21065L 544 kbit A recent addition to the family; fast and very low cost ($10). Will attract many
fixed point applications to the SHARC family

ADSP-21020 -0- Oldest member of the family. Contains the core processor, but no on-chip
memory or I/O interface. Not quite a SHARC DSP.

Notice in Table 29-1 that even the low-end products have a very significant amount of memory.
For instance, the ADSP-21065L has 544 kbits of internal SRAM. This is enough to hold 6-8 sec-
onds of digitized speech (8k samples per second, 8 bits per sample). On the high-end of the fam-
ily, the ADSP-21060 has a 4 Mbit memory. This is more than enough to store an entire digitized
image (5124512 pixels, 8 bits per pixel). If you require even more memory, you easily add ex-
ternal SRAM (or slower memory) to any of these devices.

OO6patute BHUMaHHe B Tabauie 29-1, 4To naxe MilaJIIne MOAEIN UMEIOT OUYEHb CYIIECTBEHHBIN
oobem namsti. Hampumep, ADSP-21065L umeer 544 kbits BHyTpenneit SRAM. Dto nocrarou-
HO, YTOOBI poBecTU(TOAEpKUBaTh) 6-8 cexyHa 1uppoBoil peun (8Kb BbIOOpOK B cexkyHay, 8
6ut Ha BbIOOpKY). Ha BbicokokauecTBeHHOM U3 cemeiictBa, ADSP-21060 umeer 4 Mbit namsTs.
370 - 0OJBIIE YeM JOCTAaTOYHO, YTOOBI COXPAaHUTHh MONHOE mHuppoBoe m3o0paxenue (512x512
NUKcesoB, 8§ OuT Ha nukcen). Eciu Bol Tpebyete nake Oosbliero koJm4yecTsa naMatu, Bel jierko
npubapmsiete BHEIIHUNA SRAM (v OoJiee MEUICHHYIO MTaMSTh) K JIFOOOMY U3 3TUX YCTPOMCTB.

In addition to memory, there are also differences between these family members in their I/O sec-
tions. The ADSP-21060 and ADSP-21062 (the high-end) each have six link ports. These are 4
bit wide parallel connections for combining DSPs in multiprocessing systems, and other applica-
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tions that require flexible high-speed I/O. The ADSP-21061 and ADSP-21065L (the low-end) do
not have link ports, but feature more DMA channels to assist in their serial port operation. You
will also see these part numbers with an "L" or "M" after them, such as "ADSP-21060L." This
indicates that the device operates from a voltage lower than the traditional 5.0 volts. For in-
stance, the ADSP-21060L operates from 3.3 volts, while the ADSP-21160M uses only 2.5 volts.

B nomnonHeHue K mamsATH, UMEIOTCS TAKXKE Pa3IuuMsl MEXIY ITUMH WIEHAMH CEMENCTBA B MX
pasnenax Bmoma/BeiBoma. Crapmme moxenu ADSP-21060 u ADSP-21062 umeroT mo mecTb
nopToB CBs3U. OHU(IIOPTHI) - MapajljIeNIbHbIE COEAUHEHMS MIMPUHON 4 NTBOMYHBIX paspsia AJs
o0veaunenus LICII B MHOTONpOIECCOPHBIX CUCTEMAaX, U JPYTUX MPHUIIOKEHUSAX, KOTOPbIE Tpe-
OyroT rrOKoro BeICOKOCKOpocTHOro BBonma/BeiBomga. Magmme moxenu ADSP-21061 u ADSP-
21065L He mMeroT MOPTOB CBSI3U, HO MOKA3bIBAIOT OOJbIee KoaudecTBO kaHaimoB [TPSMOI'O
JOCTVYIIA B ITAMSTB(DMA), uro0Obl TOMOYb B UX ONEPALMH MTOCIEI0BATEILHOI0 OpTa. BEI
Oynere TakXe BUIETh 3TH HOMepa mapTuil ¢ OykBamu "L" mmm "M" mocne nHux, tuna "ADSP-
21060L". D10 yka3bIBaeT, 4TO YCTPOMCTBO ONEPUPYET OT HANPSKEHMSI HUXKE, YEM TPATULMOH-
Heie 5.0 BonbT. st o6pasna, ADSP-21060L onepupyet ot 3.3 BoibT, B TO Bpemsi kak ADSP-
21160M ucrnonb3yer TOABKO 2.5 BOJIbTA.
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FIGURE 29-1

Block diagram of the EZ-KIT Lite board. Only four external connections are needed: audio in, audio out, a serial
(RS-232) cable to your personal computer, and power. The serial cable and power supply are provided with the EZ-
KIT Lite.

PUCYHOK 29-1. brok-cxema matel EZ-KIT Lite.

Tonbko 4eTslpe BHEMIHUX IOJKIIOYECHUS] HEOOXOIMMBI: 3BYKOBOHM B, 3BYKOBOH W3, mociemoBaresnbHbI (RS-232)
Ka0elb Ha Balll IEPCOHATBHBIN KOMITBIOTED, U MOITHOCTH(3Heprus). [lociesoBaTenbHBIN KaOelb U IIEKTPOIUTAHIE
obecneunBarotcs ¢ mocraBkoit EZ-KIT Lite.

In June 1998, Analog Devices unveiled the second generation of its SHARC architecture, with
the announcement of the ADSP-21160. This features a Single Instruction Multiple Data (SIMD,
or "sim-dee") core architecture operating at 100 MHz, an accelerated memory bus bandwidth of
1600 megabytes per second, two 64 bit data busses, and four 80-bit accumulators for fixed point
calculations. All totaled, the new ADSP-21160M executes a 1024 point FFT in only 46 micro-
seconds. The SIMD DSP contains a second set of computational units (arithmetic and logic unit,
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barrel shifter, data register file, and multiplier), allowing ADI to maintain backward code com-
patibility with the ADSP-2106x family, while providing a road-map to up to ten times higher
performance.

B utone 1998, Analog Devices (AHanoroseie YcTpoiicTBa) 00HAPOIOBAIU BTOPOE MOKOJICHUE
ero apxutektypbl SHARC, ¢ o0bsaBiennem orHocutennbHo ADSP-21160. 310 mokaspiBaeT Sin-
gle Instruction Multiple Data (SIMD, unu " sim-dee ") ocHOBHasi apXuTeKTypa, paboTaromas B
100 MI'll, yckopeHHast IMpHHA MMOJI0CH YacTOT MUHBI MaMsITH 1600 MerabaiToB B CEKyH/Iy, 1Ba
IIMHBI JaHHBIX 64 TBOWYHBIX Pa3psioB, U 4YeTblpe cymmaropa ¢ 80 OuTamu sl BBIYUCICHHMA
¢uxcupoBanHoii Touku. Bce HacumtTeiBanmm, HOBBIM ADSP-21160M Bbemonnser 1024 Ttouka
BII® Bcero 3a 46 mukpocekyHnn. SIMD LCII copep:xuT Bropoii HAOOp BBIYMCIUTEIBHBIX MOJY-
et (apudMeTHYECKHH W JIOTHYECKHUH MOIyJib, OapabaHHOE CIOBUTAIONIEE YCTPOMCT-
BO(MHOTOPETUCTPOBOE YCTPOMCTBO IMKINYECKOTO CIIBUTA), (aiiil perucTpa JaHHBIX, U MHOXKH-
Tenb), mo3BoJisisi ADI, uToOb1 00CTyXUTH(MOIEpKATh) Ha3al COBMECTUMOCTh Koja ¢ ADSP-
2106x cemeiicTBOM, MpU OOECIIEYCHUHU JIOPOKHON KapThl K A0 JECATH pa3 Ooyiee BhICOKas (-
(heKTUBHOCTS.

SIMD - apxutektypa 3BM ¢ oHUM MOTOKOM KOMaH]] 1 HECKOJIBKUMHU TTOTOKAaMH JaHHBIX

The SHARC EZ-KIT Lite

The EZ-kit Lite gives you everything you need to learn about the SHARC DSP, including:
hardware, software, and reference manuals. Figure 29-1 shows a block diagram of the hardware
provided in the EZ-KIT Lite, based around the ADSP-21061 Digital Signal Processor. This
comes as a 472 x 6% inch printed circuit board, mounted on plastic standoffs to allow it to sit on
your desk. (There is also a version called the EZ-LAB, using the ADSP-21062, that plugs into a
slot in your computer). There are only four connections you need to worry about: DC power, a
serial connection to your personal computer, and the input and output signals. A DC power sup-
ply and serial cable are even provided in the kit. The input and output signals are at audio level,
about 1 volt amplitude. Alternatively, a jumper on the board allows a microphone to be directly
attached into the input. The idea is to plug a microphone into the input, and attach a set of ampli-
fied speakers (such as used with personal computers) to the output. This allows you to hear the
effect of various DSP algorithms. Analog-to-digital and digital-to-analog conversion is accom-
plished with an Analog Devices AD1847 codec (coder-decoder). This is a 16 bit sigma-delta
converter, capable of digitizing two channels (stereo) at a rate of up to 48k samples/second, and
simultaneously outputting two channels at the same rate. Since the primary use of this board is to
process audio signals, the inputs and outputs are AC coupled with a cutoff of about 20 Hz.

EZ-kit Lite naetr Bam Bce, yto Bl nomkust y3nate 0 SHARC DSP(LICII), Bkirovast: anmapat-
HBIE CpEACTBA, MIPOrpaMMHOE OOecleyeHne, U CIpaBoUYHbIe omucaHusd. PucyHok 29-1 mokassl
OIIOK-cXeMy ammapaTHBIX cpeAcTB, obdecnieueHHbIXx B EZ-KIT Lite, 6azupyromytocs Ha [{udpo-
BoM CurnanbHoM [Iporieccope ADSP-21061. Dtot cniyTHuk kak 4%z X 6Y% noiiM medaTd MOH-
Ta)XHOM CXEMbl, YCTAaHOBJIEHHOM Ha IMJIACTMACCOBBIX ONOpax, YTOOBI MO3BOJIUTh 3TOMY Haxo-
nuthes Ha Bamed miate. (Mmeercs Takxke Bepcusi HazbiBaemas EZ-LAB, ucnonwszys ADSP-
21062, KOTOpBII MOAKIIOYAETCS B CIOT B BalleM KoMIbloTepe). VIMeroTcs TOIbKO YeThIpe MoJ-
KITIOYEHHUS, OTHOCUTEIILHO KOTOPBIX BBI JOKHBI BOJHOBAThCSA: BKiTOUeHHE 3JIEKTPONUTAHHS
MIOCTOSIHHOTO TOKa, MOCJIeI0BaTeIbHOE MOAKIIOUEHHE C BaIllUM HNEPCOHAIBHBIM KOMIIBIOTEPOM,
U CUTHaJIaMH BBOJa U BbIBOJa. [locTaBka kalenel MOIKIIOUEHUS HJIEKTPOIUTAHUS TOCTOSIHHOTO
TOKa M IMOCJIeI0BaTeIbHbIN Kabenpb naxe odecrneunBaroTcsi B KomiuiekTe. CUrHasisl BBOJA U BbI-
BOJIa - HA 3ByKOBOM YPOBHE, OKOJIO | BOJbTa B aMIUTUTy/AE. AJIbTEpHATUBHO, NIEPEXOJHOE YCT-
PONCTBO Ha IUIAaTE IMO3BOJIAET MHUKPO(OHY OBITH HENOCPEACTBEHHO MOJIKIIOYEHHBIM K BBOJY.
Wnes coctouT B TOM, 4TOOBI MOJAKIIOUYATH MUKPO(OH BO BBOJ, U MPUKPEIUIATH HAOOP yCHIICH-
HBIX JUHAMUKOB (THUIIA UCIOJIb3YEMOIO C NMEPCOHAIBHBIMU KOMIIBIOTEPAMH) K BBIXOAY. DTO IO-
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3BosisieT Bam cibimaTth 3¢ ¢exT(3ByKoBble cUrHabl) pazanyHbix anroputMoB L[CII. Ananoro-
nudpoBoe u MUPPO-aHATIOTOBOE MPEOOpa30BaHUE BBHIMOJHEHO AHAJIOTOBBIMH Y CTPOMCTBAMU
AD1847 codec (xonep-mexozep). 1o — 16 paspsanblii koHBepTep sigma-delta, criocoOHbIM K
oTHU(POBBIBAaHUIO JIBYX KaHAIOB (cTepeo) B ckopocth 10 48Kb BBIOOpPOK B CEKyHAY, U OJHO-
BPEMEHHO BBIBOJY JBYX KaHAJIOB C TOM K€ CaMOM CKOPOCThIO. Tak Kak NEpBUYHOE UCIIOIb30Ba-
HUE 3TOM TUIATHI IOJDKHO 00paboTaTh ayIno-CUTHAJBI, BBOJBI, U BBIX0bI — [lepemennsiii Tok ¢
4acToTOM oTceuku npudau3utensHo 20 I'o.

Three push buttons on the board allow the user to generate an interrupt, reset the processor, and
toggle a flag bit that can be read by the system. Four LEDs mounted on the board can be turned
on and off by toggling bits. If you are ambitious, there are sections of the board that allow you to
access the serial port, link ports (only on the EZ-LAB with its ADSP-21062), and processor bus.
However, these are unpopulated, and you will need to attach the connectors and other compo-
nents yourself.

Tpu KOMaHHBIE KHOIIKU Ha IJIaTe MO3BOJISIOT MOJIb30BATENI0 TeHEPUPOBATh IPEephIBaHKE, cOpa-
CBIBATh MPOIIECCOP, W MEepPEKIToYaTh (IaroBelii OUT(OUT MpPU3HAKA), KOTOPBIA MOMXET YUTATHCS
cucteMoi. YeTbIpe CBETO/IMO/A, YCTAaHOBJICHHbIE Ha IUIaTE€ MOTYT OBbITh MEPEKIIOYEHBI BKJI. U
BBIKJI., Tepekirodast OuThl. Eciau Bbl yecTomoOuBBl, UMEIOTCS pa3zienbl IIaThl, KOTOPbIE MO3BO-
nstoT Bam oOpamarhest K mociieioBaTeIbHOMY TOPTY, TOPTHI cBsizu (Toinbko Ha EZ-LAB c ee
ADSP-21062), u muHo#i npoueccopa. OmgHaKko, OHU HenonyiapHel, 1 Bl Oyaere TOJKHBI MPH-
KPENUTh COSAMHUTEIH U JPYTHe KOMIIOHEHThI CAMOCTOATEIBHO.

Here's how it works. When the power is applied, the processor boots from an on-board EPROM
(512 kbytes), loading a program that establishes serial communication with your personal com-
puter. Next, you launch the EZ-Lite Host program on you PC, allowing you to download pro-
grams and upload data from the DSP. Several prewritten programs come with the EZ-KIT Lite;
these can be run by simply clicking on icons. For instance, a band-pass program allows you to
speak into the microphone, and hear the result after passing through a band-pass filter. These
programs are useful for two reasons: (1) they allow you to quickly get the system doing some-
thing interesting, giving you confidence that it does work, and (2) they provide a template for
creating programs of your own. Which brings us to our next topic, a design example using the
EZ-KIT Lite.

Nmeercs, kak 310 pabotaer. Korga snekTponutaHue NpUMEHSETCs, Ha4aJbHBIE 3arpy3Ku Mpo-
neccopa ot 6oproBoro(asronHomHoro) EPROM (ITPOI'PAMMMUPYEMOTI'O T13V) (512 xumo-
0aiiTOB), 3arpy’kaloT MPOrpamMMmy, KOTOpasi YCTaHABIMBAET MOCIECI0BATEIbHYIO CBSI3b C BaIIUM
MEepCOHAJIbHBIM KOMITBIOTEpOM. 3aTteM, Brl 3anyckaere nporpammy EZ-Lite Host na Bamewm 11K,
no3BoJisig Bawm 3arpy3uths nmporpaMMmsel U nepeaasaTh AaHHble oT L[CII. Heckonbko npeBeHTUB-
HBIX MporpamM(riporpamMM B TekcToBoi ¢opme) uayt ¢ EZ-KIT Lite; oHu MOTyT OBITH BBITIOJN-
HEHbI, IMPOCTO Ha)XMMas Ha 3Hauku. Hampumep, mojocoBas mporpamma mno3poiisier Bam roso-
pUTH B MUKPOQOH, U CIBIIIATh PE3yNbTAT MOCIE MPOXOXKACHUA(IIPUHITHS) Yepe3 MOJI0COBOM
¢uIbTp. DTH MporpamMMbl MOJE3HBI 10 ABYM npuyuHaM: (1) oHu mo3Bossitor Bam ObicTpo momy-
4aTh CHCTEMY, JCJAIONIYI0 KOe-4TO MHTEepecHoe, naBas Bam moBepue, uto 310 paboraer, u (2)
OHHU 00ecreYnBaroT MA0JIOH I CO3JaHMs BalluX cOOCTBEHHBIM mporpamm. KoTopslil nepeHo-
CHUT HAC K HallleH cienyromei TeMe, mpumep npoekra, ucnonb3ys EZ-KIT Lite.

Design Example: An FIR Audio Filter
IIpumep IIpoexta: KUX 3BykoBoro(Ayauno) ®uiabrpa
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After you experiment with the prewritten programs for awhile, you will want to modify them to
gain experience with the programming. Programs can be written in either assembly or C; the EZ-
KIT Lite provides software tools to support both languages. Later in this chapter we will look at
advanced methods of programming, such as simulation, debugging, and working in an integrated
development environment. For now, we will focus on the easiest way to get a program to run.
Little steps for little feet.

[Tocne Toro, kak Bel akcriepuMeHTHpYETE ¢ MporpaMMaMu prewritten it HEKOTopoe BpeMsi, Bel
OyzeTe XOTeTh U3MEHHUTH MX, YTOOBI MOIYYUTh OIBIT C IIPOTrpaMMupoBaHueM. [IporpamMmMer Mo-
r'yT OBITh HanucaHbl WK B TpaHcsiuuu(accemomupoBanun) wim C; EZ-KOMIIJIEKT Lite oGec-
MIeYNBAET MPOrPaMMHBIC HHCTPYMEHTAIBHBIE CPEJICTBA, YTOOBI MoepkaTh 00a s3b1ka. [1o3xke B
9TOH IJ1aBe MBI OyJieM CMOTPETh Ha MPEKAECBPEMEHHbBIE METObI MPOTrPAMMHUPOBAHUS, THIIA CH-
MYJISIINY, OTJIAAKH, ¥ paboThl B MHTETPUPOBAHHOM cpene pa3BuTHs. [Toka, MBI cocpeoTOYnMCs
Ha CaMOM TIPOCTOM CIOCO0€ 3aCTaBUTh porpamMmy padorats. HemMHOro maroB it HeOOIBIINX

¢dyToB.
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FIGURE 29-2

Example FIR filter. In (a) the frequency response of a highly custom filter is shown. The corresponding impulse
response (filter kernel) is shown in (b). This filter was designed in Chapter 17 to show that virtually any frequency
response can be achieved with FIR digital filters.

PUCYHOK 29-2. IMpumep KUX-punsrpa. B (a) moka3siBaeTcsi 4acTOTHasl XapaKTEPUCTHKA BBICOKOYACTOTHOTO
3akazHoro ¢uibTpa. COOTBETCTBYIOIIAsE MMITYJIbCHAS NlepeiaTouHast pyHKuus (sapo GpuibTpa) nmokassiBaercs B (b).
Orot ¢upTp ObLT paspaboTaH B riaBe 17, 9TOOBI MOKa3aTh, YTO (PAKTHUESCKH JIF00AsT YACTOTHAS XapaKTEPUCTHKA
MOJKET OBITh TOCTUTHYTA ¢ U(poBEIMH (rutbTpamMu KX,

Since the source code is in ASCII, a standard text editor is all that is needed to make changes to
existing files, or create entirely new programs. Table 29-2 shows an example of an FIR filter
program written in assembly. While this is the only code you need to worry about for now, keep
in mind that there are other files needed to make this a complete program. This includes an "ar-
chitecture description file" (which defines the hardware configuration and memory allocation),
setup of the interrupt vector table, and a codec initialization routine. Eventually you will need to
understand what goes on in these sections, but for now you simply copy them from the prewrit-
ten programs.

Tak kak ucxomublii Tekct HaxoauTcsa B ASCII, crangapTHBIM TEKCTOBBIA PeAaKTOp - BCE, YTO
He0o0X0uMO, YTOOBI JIeTIaTh U3MEHEHHSI B CYIIECTBYIOMMX (ailiax, Uiu cO3aBaTh MOTHOCTHIO
HOBBIE TIporpamMMbl. Tabnuma 29-2 mokasbiBaeT npumep nporpammbl KUX ¢uibrpa, Hanmcas-
HOM Ha accembrepe. B To BpeMs Kak 3TO - €IMHCTBEHHBIN KO, BBl TOIKHBI BOTHOBATHCS OTHO-

(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru



HAYYHO-TEXHUYECKOE PYKOBOJICTBO 110 IM®POBOW OBPABOTKE CUTHAJIOB

CUTEJILHO TO0KAa, UMETh B BUJY, YTO UMEIOTCS Jpyrue (aiiasl, He0OOX0AUMBIE, YTOOBI Je/IaTh 3TO
MOJIHOM MpOTpaMMOi. DTO BKJIOUaeT " (hailyl omucaHus apXUTEKTyphl " (KOTOPBIN OmpeaenseT
anmapaTHylo KOH(UIypaluio U pacmpeesieHHe MaMsaTH), YCTaHOBKA TAaOJIHUIIBI BEKTOpa Mpephl-
BaHUs, M TMOANPOTrpaMMbl MHHUIMAIM3ALUU KoAep-Aekonaepa. B koneunom cuere Bbl Oynmere
JOJDKHBI NOHATH TO, YTO IMPOUCXOAUT B 3TUX pa3aciiax, HO IMOKa Bul MpoCTO KONMHPYCTC UX C
MPEBEHTUBHBIX ITPOTPAMM.

As shown at the top of Table 29-2, there are three variables that need to be defined before jump-
ing into the main section of code. These are the number of points in the filter kernel, NR_COEF;
a circular buffer that holds the past samples from the input signal, dline| ]; and a circular buffer
that holds the filter kernel, coef[ ]. We also need to give the program two other pieces of infor-
mation: the sampling rate of the codec, and the name of the file containing the filter kernel, so
that it can be read into coef ]. All these steps are easy; nothing more than a single line of code
each. We don't show them in this example because they are contained in the sections of code that
we are ignoring for simplicity.

Kak nokazano HaBepxy Ta0uuIisl 29-2, IMEIOTCS TPU MEPEMEHHBIX, KOTOPbIE JOJKHBI OBITH OT-
peneneHsl mepe MmepexoioM B OCHOBHOW paszen kojga. OHHU - 4HMCIIO TOYeK B siape QUIbTpa,
NR_COEF; xomnblieBoii Oydep, KOTOPBIA ICPKUTCS MHMO BHIOOPOK OT BXOJHOTO CHTHANa,
dline[ |; 1 xombrEeBO# Oydep, KOTOPBI NMPOBOAUT(IEPKHT) supo GuibTpa, coef] |. Mb1 Takke
JIOJDKHBI aTh TPOrpaMMe JIBe JAPYrHe 4acTu MH(OpMAIMK: 4acToTa BRIOOPKU KOJEp-AeKoepa,
u uMs (aitna, comeprkamero sapo GuIbTpa, TakK, 4TOOBI 3TO MOXKET uynuTaThes B coef] |. Bee atn
[Iaryd MPOCTHI; HAYTO OOJBIIEe YeM OJAMHOYHAS CTPOKA KOAa KaKIbld. MBI HE MOKA3hIBAEM HX B
3TOM NpUMEpE, NOTOMY YTO OHH COJEp KaTcs B pas3zesiaX KoJia, KOTOPbIH Mbl UTHOPUPYEM IS
HPOCTOTHI.

Figure 29-2 shows the filter kernel we will test the program with, the same custom filter we de-
signed in Chapter 17. As you recall, this filter was chosen to have a very irregular frequency re-
sponse, reinforcing the notion that FIR digital filters can provide virtually any frequency re-
sponse you desire. Figure (a) shows the frequency response of our test filter, while (b) shows the
corresponding impulse response (i.e., the filter kernel). This 301 point filter kernel is stored in an
ASCII file, and is combined with the other sections of code during linking to form a single ex-
ecutable program.

Pucynok 29-2 nokassIBaeT s1po GuiIbTpa, ¢ KOTOPHIM MBI IPOBEPUM HPOTPaMMYy, TOT K€ CaMblii
3aKa3HOU (GuiIbTp, MBI pa3zpadboranu B rinaBe 17. Kak Bel momauTe, 3TO0T QUiibTp OBLT BBHIOpAH,
4TOOBI UMETh OYEHb HEMPABUIIBHBIA YaCTOTHBIA OTBET(YACTOTHYIO XapaKTEPUCTHUKY ), YKPETLIsis
noHsTue, 4to 1udpossie GuibTpbl ¢ KUX Moryt obecnieunBaTh (haKTHUECKH JTFOOYIO YaCTOTHYIO
XapaKTePUCTHKY, Kakyto Bl moxenaere. PucyHOK (a) moka3pIBaeT 4aCTOTHYIO XapaKTEPUCTUKY
HAIIETO HCTBITATEeIbHOTO (UIbTpa, B TO BpeMs Kak (b) Mmoka3bIBaeT COOTBETCTBYIOUIYIO HM-
MyJBCHYIO MEpeaaTouHyto (GpyHKIHIo, (To ecTh, sapo ¢unsTpa). ItoT 301 Touka simpa GpuiIbTpa,
coxpaneHa B ¢aiine ASCII, u o6benMHeHa ¢ IPYTUMH pa3zieliaMy KoJa B TEUECHUE COCTUHEHUS,
4TOOBI (HOPMHUPOBATH OTACITHHYIO BBIMOJHUMYIO IPOTPaMMYy .

The main section of the program performs two functions. In lines 6 to 13, the data-address-
generators (DAGs) are configured to manage the circular buffers: dline[ ], and coef[ ]. As de-
scribed in the last chapter, three parameters are needed for each buffer: the starting location of
the buffer in memory (b0 and b8), the length of the buffer (10 and 18), and the step size of the
data being stored in the buffer (m0 and m8). These parameters that control the circular buffers
are stored in hardware registers in the DAGs, allowing them to access and manage the data very
efficiently.
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OcHOBHOH pa3zen mporpaMmbl UCTIONHSET 1Be (yHKIMU. B cTpokax ot 6 mo 13, data-address-
generators (DAGs- renepaTopsl ajpeca JaHHBIX?) KOHQUTYPUPOBAHBI, YTOOBI YMPABIATH KOJIb-
ueBbiMu Oydepamu: dline[ ], u coef] ]. Kak onmucano B mporuioi rinase, Tpu mapameTpa He0OXo-
JTUMBI JIJIs1 Kaxxaoro Oydepa: craproBoe pacrnonoxenue 0ydepa B mamsaru (b0 u b8), qmmuna Oy-
depa (10 u 18), u pa3mep mara naHHBIX, coxpaHieMbIX B Oydepe (m0 u mS8). DTu mapameTpsl,
KOTOpPBIE YIPABISIIOT KOJBIIEBEIMU OydepamMu, COXpaHEHBI B ammapaTHeIX peructpax B DAGS,
MO3BOJISISt UM 00paLIaThesl M YIPABIATh JAHHBIMUA OYeHb 3((HEKTUBHO.

The second action of the main program is a "thumb-twiddling" loop, implemented in lines 15 to
19. This does nothing but wait for an interrupt indicating that an input sample has been acquired.
All of the processing in this program occurs on a sample-by-sample basis. Each time a sample is
read from the input, a sample in the output signal is calculated and routed to the codec. Most
time-domain algorithms, such as FIR and IIR filters, fall into this category. The alternative is
frame-by-frame processing, which is required for frequency-domain techniques. In the frame-
by-frame method, a group of samples is read from the input, calculations are conducted, and a
group of samples is written to the output.

Btopoe netictBue ocHoBHO# mporpammbl - "thumb-twiddling" ("BepTsamuii 6eryHOK") MK,
OCYLIECTBJIEHHBI B CTpokax OT 15 1no 19. DTO TOMBKO *AET NMpephIBaHUE, YKa3bIBaIOIIEE, YTO
BXOJHAas BEIOOpKaA Obla mprodOpeTeHa. Bes oOpaboTka B 3Toi mporpaMme MpOUCXOAUT Ha OCHO-
BaHUM "BbIOOpPKA BbIOOPKON". Kaxplii pa3 BHIOOpKa YUTaeTCs OT BBOJA, BHIOOPKA B CHUTHANE
BBIXOJIa paccuMTaHa U HampaBlieHa Ha KOJAep-IeKojep. boIbIIMHCTBO alrOPUTMOB JOMEHA Bpe-
menu, Thna KX u BUX-unbTpoB, OTHOCUTCS K 3TOW KaTeropuu. AbTepHaTHBa - 00paboTKa
"pamMka pamkoii", koTopas TpeOyeTcs 1T METOJIOB C YacCTOTHBIM JoMeHOM. B meTone "pamka
pamkoii", epynna BHIOOPOK YMTAETCS OT BBOJA, IPOBOJSATCS BBIYMCICHUS, U 2pynna BEIOOPOK 3a-
MMCaHa K BBIXOY.

The subroutine that services the sample-ready interrupt is broken into three sections. The first
section (lines 27 to 33) fetches the sample from the codec as a fixed point number, and converts
it to floating point. In SHARC assembly language, a data register holding a fixed point number is
referred to by "r" (such as r0, r8, rl15, etc.), and by "f" if it is holding a floating point number
(i.e., 10, 8, or f15.). For instance, in line 32, the fixed point number in data register 0 (i.e., r0) is
converted into a floating point number and overwrites data register O (i.e., f0). This conversion is
done according to a scaling specified by the fixed point number in data register 1 (i.e. r1). In the
third section (lines 47 to 53), the opposite steps take place; the floating point number for the out-
put sample is converted to fixed point and sent to the codec.

CmyxeOHasi moamporpaMmma - TUTIIOBOE TOTOBOE TMpEephIBaHKWE pa3durta Ha Tpu paszzena. [lepBorit
pazzaen (ctpoku ot 27 1o 33) BeIOMpaET BEIOOPKY OT KOJep-/AeKoaAepa Kak HoMep ¢ (pUKCUpOBaH-
HOHM TOYKOMW, W TIpeoOpa3oBbIBaeT 3To K IuraBatomeit 3amsatoir. B SHARC accemOrepe, peructp
JIAHHBIX, JIepKaluii Homep GUKCUPOBAHHOM Touku ynomsHyT "t" (tuna r0, 8, r15, u t.a.), u "f",
€CJIM 3TO JCPKUT HOMED IIIaBaoOIICH 3amsaToi (To ecth, 10, 8, wnmm f15.). Hampumep, B cTpoke
32, Homep (puKcHpOBaHHOW TOYKM B JaHHBIX peructpupyercs 0 (to ects, r0) mpeoOpa3oBaH B
HOMEDp TUTABAIOIIEH 3aMsTON M 3aMKMChIBaeT MOBEpX AaHHbIE, peructp 0 (To ecth, f0). DTO Mpeood-
pa3oBaHue CIeNaHO COTJIAaCHO MAacCIITaOMPOBAHUIO, YKa3aHHOMY HOMEpOM (DMKCHPOBAHHOM TOY-
Ka B JaHHBIX, peructp 1 (to ecth rl). B Tperbem pazaene (ctpoku oT 47 10 53), miaru HampoTHUB,
UMEIOT MECTO; HOMEp IJIaBaroIlel 3amiaToi A BBIOOPKH BbIXOJA MpeoOpa3oBaH K (UKCHUPO-
BAaHHOI TOYKE U MOCJIaH Ha KOJEP-IeKOep.
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The FIR filter that converts the input samples into the output samples is contained in lines 35 to
45. All the calculations are carried out in floating point, avoiding the need to worry about scaling
and overflow. As described in the last chapter, this section of code is optimized to take advan-
tage of the SHARC DSP's ability to execute multiple instructions each clock cycle. After we
have the assembly program written and the filter kernel designed, we are ready to create a pro-
gram that can be executed on the SHARC DSP.

KUX-punbTp, KOTOPBI TIPeoOpa30BbIBAET BXOAHBIC BEIOOPKH B BEIOOPKH BBIXOAQ, COJICPHKHUTCS
B CTpoKax oT 35 1o 45. Bce BRIUUCICHUS BBIMOTHEHBI ¢ TUTABAOIEH 3amsToi, n3deras norped-
HOCTH BOJIHOBAThCS OTHOCHUTEIILHO MacIITaOWpOBaHUsS W mepernonHeHus. Kak omumcaHo B mpo-
[UION THaBe, ATOT pa3feN KoJa ONTUMHU3UPOBaH, YTOOBI OpaTh MPEUMYIIECTBO CIIOCOOHOCTH
SHARC DSP(IICII) BBIMOTHUT, MHOTOYHMCIICHHBIE KOMaHABl KaXKIbIi TaKTOBBIA UK. [Tocie
TOTO, KaK Mbl MMEEM 3alHCaHHYIO MPOrpaMMy TPaHCIALUU(acceMOIUpOBaHus), U pa3padoTaH-
HOE sApO (UIBTPA, MBI TOTOBBI CO3/1aTh MPOTPaMMy, KOTOpas MOKET OBITh BBHITIOJHEHA Ha
SHARC DSP(LICII).

This is done by running the compiler, the assembler, and then the linker; three programs pro-
vided with the EZ-KIT Lite. The compiler converts a C program into the SHARC's assembly
language. If you directly write the program in assembly, such as in this example, you bypass this
step. The assembler and linker convert the program and external files (such as the architecture
file, codec initialization routines, filter kernel, etc.) into the final executable file. All this takes
about 30 seconds, with the final result being a SHARC program residing on the harddisk of your
PC. The EZ-KIT Lite host is then used to run the program on the EZ-KIT Lite. Simply click on
the file you want the DSP to run, and the EZ-KIT Lite host takes care of the rest, downloading
the program and starting it running.

OTO chenaHo, BBIMOJIHSAS KOMIWISALMIO, TPAHCISLNIO, U 3aTEM KOMIIOHOBKY; TPH MPOTPAMMBI,
obecrieuennbie EZ-KIT Lite. Kommunstop mpeoOpaszossiBaeT mporpammy CU B accemOiep
SHARC's. Ecnu Bbl HermocpencTBEHHO 3allMCBHIBAETe MPOrpaMMy Ha accemOlnepe, TUma B 3TOM
npumepe, Bel o0xoaute 3ToT 1mar. TpaHCaSITOp 1 KOMIOHOBIIMK TPE0OPa30BhIBAIOT MIPOTPAMMY
¥ BHeIIHKE (aiinbl (Tumna (aiiia apXUTeKTypsl, MOANPOrpaMM HHUIIUATH3AIUHN KOJAep-IeKoepa,
sapo GUIbTpa, U T.J1.) B KOHEYHBIA HCTIOMHsAeMbIN (aitn. Bee aTo 3annMaer npubiausurensHo 30
CEKyHJl, ¢ KOHEYHBIM pe3yJbTaToM, sBistouumcs nporpammoil SHARC, mocTossHHO Haxons-
mieiics Ha xecTkoM nucke Bamrero [1K. EZ-KIT Lite rimaBHBIN KOMITBIOTEP TOTIa UCTIOIB3YETCH,
9TOOBI BEINMOJHUTH Tporpammy Ha EZ-KIT Lite. [Ipocto Haxkmute Ha (aiin, kotopsid Bel xoTH-
te, uyTo0bl L[CII Bemomaun, u EZ-KIT Lite riiaBHbI KOMITBIOTEP 3a00TUTCSI O OCTAIBHOM, 3a-
rpy»asi MPOrpaMMy U 3aIycKasi 3TO BBIITOJIHEHUE.

This brings us to two questions. First, how do we test our audio filter to make sure it is operating
as we designed it; and second, what in the world is a company called Analog Devices doing mak-
ing Digital Signal Processors?

OTO MPUBOAUT HAC K JIBYM BoIpocaM. Bo mepBbIX, KaKk MBI MPOBEPSEM HaIll 3BYKOBOU (UIIBTP,
9TOOBI YAOCTOBEPUTHLCS, UYTO ATO PabOTAET, MOCKOIBKY MBI pa3padoTaly 3TO; W BTOPOE, UTO B
MHUpE KOMIIaHUS Ha3blBaeTcsi KommaHueil Analog Devices (kxomnanuen Auanozogvix Ycem-
poticms), co3aaromumu L{ugposvie cuenanvrvle npoyeccopvi?
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Before entering the main program, the following constant and variables must be defined:

MR_COEF The number of coefficients in the filter kernel (301 in this example)
dline| NE_COEF) A circular buffer holding the past input samples, in data memory
coef[NR COEF] A circular buffer holding the filter coefficients, in program memaory
001 R e e R e s a T
o3 L e MAIN PROGRAM A
Dﬂ} E e e e e R R L R R
g main:
005
006 FINITIALIZE THE DAGS TO CONTROL THE CIRCULAR BUFFERS */
007
008 b = dline; /* set up dling[ . the buffer holding the past input samples */

009 10 = idline;
olo mb=1;

011 b8 = coef; /# set up coet] |, the buffer holding the filter coefficients */
012 18 = {@coef;

013 mé = 1:

014

015 /# ENTER A LOOP, WAITING FOR THE SAMPLE-READY INTERRUPT */
016

017 wait:

018 idle;

0o1e Jump wait;

020

021

022 JEREERE R R R R E R R EF R R AR E R R R R R R R R R R AR R R R R R R R R R R ARk F R R R E R Rk EE
023 #dasrdits  BUBROUTINE TO PROCESS ONE SAMFPLE FEEREREE L
024 *#****t****#****t****t****#****t****#****t****#****t*******************;
025 sample ready:

026

027 & ACQUIRE THE INPUT SAMPLE, CONVERT TO FLOATING POINT */

028

0249 rl = dmirx_buf+ 1) /# move the input sample into 1) */

030 rl) = Ishift r0 by 16; /# shift to the highest 16 bits to preserve the sign */
031 rl =-31; /* set the scaling for the conversion */

032 fir = float r0 by rl; M convert from fixed to floating point #/

033 dmiid.ml) = fi; /# store the new sample in dline[ ], and zero 12 #/
034

033 A CALCULATE THE OUTPUT SAMPLLE FROM THE FIR FILTER #*/

037 F12=10; /® prime the registers */
038 2 = dm(i0,m0), f4 = pm(i8 m&);

039 F8 = f2%14, 12 = dm{i0.m0), {4 = pmii8.m8):

040 /* efficient main loop */
041 lentr = NR_COEF-2. do (pe.1) until lce:

042 f8 = f2#£4, f12 = f8+12, £2 = dm{i0.m0), 4 = pm{i8,m&);

043

044 f8 = f2*%f4, {12 = f8+112; /* complete the last loop */
045 f12 = f8+f12;

046

047 M CONVERT THE OUTPUT SAMPLE TO FIXED POINT & OUTPUT */
4%

049 rl =31; /* set the scaling for the conversion */

030 r8 = fix 12 by rl; /* convert from floating to fixed poing */

051 rtif(db): M return from interrupt, but execute next 2 lines */
052 r8 = Ishift r¥ by -16; /* shift to the lowest 16 bits =/

053 dmitx_buf -+ 1) = ri; /* move the sample to the output ¥/

TABLE 29-2
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FIR filter program in assembly.

Analog measurements on a DSP system
AnaJjiorosbie pasmepbli(usmepenusi) Ha cucteme L{CII

For just a few moments, forget that you are studying digital techniques. Let's take a look at this
from the standpoint of an engineer that specializes in analog electronics. He doesn't care what is
inside of the EZ-KIT Lite, only that it has an analog input and an analog output. As shown in
Fig. 29-3, he would invoke the traditional analog method of analyzing a "black box," attach a
signal generator to the input, and look at the output on an oscilloscope.

JI1st TOTBKO HECKOJIBKUX MOMEHTOB, 3a0ynbTe, uTo BbI uzydaere yugposvie Metonnl. [laBaiite
CMOTPETh Ha 3TO C TOYKHU 3PEHUSI MHXKEHEPA, KOTOPBIA CIEHUAIU3UPYETCA B AHAIO2080U DIIEK-
tpornke. OH He 3a0otutcs, uto sBisercs BHyTpu EZ-KIT Lite, Tonbko, 94TO 3TO UMEET aHAJIO-
TOBBIN BXOJl M aHANOroBbIN BbIxoa. Kak mokazano B puc. 29-3, oH BbI3BaJ Obl TPaJAUIIMOHHBIN
AQHAJIOTOBBIM METOJ] aHAJIM3a K "YEpPHOMY SIUKY'", MPUKPEIUISIOT U3MEPUTEIBHBIN F€HEepaTop K
BBOJIY, U CMOTPST BBIXOJ Ha ociiiuiorpade.

What does our analog guru find? First, the system is /inear (as least as far as this simple test can
tell). If a sine wave is placed into the input, a sine wave is observed on the output. If the ampli-
tude or frequency of the input is changed, a corresponding change is seen in the output. When
the input frequency is slowly increased, there comes a point where the amplitude of the output
sine wave decreases rapidly to zero. That occurs just below one-half the sampling rate, due to the
action of the anti-alias filter on the ADC.

Uro Ham aHanoroBblil Typy Haxoaut? Bo mepBbix, cucreMa JMHENHHA (KaKk HauMEHBIIIEE BCETO,
YTO 3TO MPOCTOE UCIMBITAHUE MOXKET HaM cooOIuTh). Eciau cuHycounanbHas BoJHA MMOMEIIEHA
BO BBOJI, CHHYCOMJIaJIbHAs BOJIHA HAaOII0jaeTcs Ha BeIxoze. Ecim ammmuTyaa ninm yactora BBOJa
U3MEHEHa, COOTBETCTBYIOIEE M3MEHEHHME HalOirojaercs Ha Bbixoje. Korga BXoaHas yacTora
MEJIEHHO YBEJIMYEHA, TaM CIIyTHUK TOYKa, /€ aMIUIMTyAa CUHYCOWJAJIbHON BOJIHBI BBIXOJA
YMEHBIIAETCS] OBICTPO, K HYII0. DTO NPOMCXOIUT TOJBKO HIDKE MOJIOBHHBI YaCTOThI BBIOOPKH,
u3-3a JACWCTBUS QWIBTpA U yCTpaHeHHs d(ekTa HaloKeHHs criekTpos(antialias ¢uiabTpa) Ha
AL

Now our engineer notices something unknown in the analog world: the system has a perfect /in-
ear phase. In other words, there is a constant delay between an event occurring in the input sig-
nal, and the result of that event in the output signal. For instance, consider our example filter
kernel in Fig. 29-3. Since the center of symmetry is at sample 150, the output signal will be de-
layed by 150 samples relative to the input signal. If the system is sampling at 8 kHz, for exam-
ple, this delay will be 18.75 milliseconds. In addition, the sigma-delta converter will also provide
a small additional fixed delay.

Teneps Haml uHXeHep oOpallaeT BHUMAaHUE Ha KOE-4YTO HEM3BECTHOE B aHAIOTOBOM MHpE: CHC-
TEMa UMEET COBEPIICHHYIO JIMHEWHY0 (a3y. JpyriuMu cioBamMu, UMEeTCsl IOCTOSTHHAS 3a/IePiKKa
MEXJy CIIy4aeM, BCTPEUAIOIUMCSl BO BXOJHOM CHUTHAJE, U pe3yjibTaTe TOTO clyuyas B CHUTHAle
BeIX01a. Hampumep, momaraiite, 4ro Ham npumMep sapo guiabtpa B puc. 29-3. Tak xak meHTp
cUMMeTpuH - Tipu BeIOOpke 150, curnan Beixona Oyner orcpoueH 150 BbIOOpKaMU OTHOCUTEINb-
HO BXOJIHOTO curHana. Ecnu cucrema BeiOopouHa B 8 kl'1i, Ayis mpumMepa, 3Ta 3ajepkka Oyner
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18.75 munnucexynn. Kpome Toro, kouBeptep sigma-delta Taxxe obecreuuT MaJeHbKYIO JOMOJ-
HUTENBHYIO0 (PUKCHPOBAHHYIO 3aJICPKKY.

Oscilloscope

Signal Generator

e

Lnput output

g EZKIT Bg

b ==

FIGURE 29-3

Testing the EZ-KIT Lite. Analog engineers test the performance of a system by connecting a signal generator to its
input, and an oscilloscope to its output. When a DSP system (such as the EZ-KIT Lite) is tested in this way, it ap-
pears to be a virtually perfect analog system

PUCYHOK 29-3. Ucnbitanne EZ-KIT Lite.

AHaNoroBble MHKEHEPHI NPOBEPSIOT AP PEKTUBHOCTh CHCTEMbI, MOIKIIIOYAS U3MEPHUTENBHBIH TeHEPaTOp K ero BBO-
ny, u ociutorpad k ero Beixony. Korna cucrema LICIT (tuna EZ-KIT Lite) npoBepeHa takum 00pa3oM, MOSIBISET-
csl, ecTh (DAKTHYECKU COBEPILICHHAS aHAJIOrOBasi CUCTEMA

FIGURE 29-4 3 i 1 1 1
Measured frequency response. This graph shows meas- Measured frequency responsc
ured points on the frequency response of the example 1
FIR filter. These measured points have far less accuracy

than the designed frequency response of Fig. 29-3a. 2
PUCYHOK 29-4

W3mepeHHass 4acTOTHAsi XapaKTEPUCTHKA. DTHU TOKa3bl
nuarpammbl(rpaduka) U3MepeHUs TOYeK Ha YaCTOTHOM
xapakrepuctuke npumepa KUX-bunbtpa. DTH n3MepeH- |
HBIE TOYKH UMEIOT rOpa3io MEHbBIIIEE KOINYECTBO TOUHO-

CTH 4YeM pa3paboTaHHas YaCTOTHAS XapaKTEPUCTHKA I0-
KazaHHas Hapuc. 29-3a.(29-5a7)

Amplitude

0 |

1
] 2(H0 A G ROO0 1O
Frequency

Our analog engineer will become very agitated when he sees this linear phase. The signals won't
appear the way he thinks they should, and he will start twisting knobs at lightning speed. He will
complain that the triggering isn't working right, and mumble such things as: "this doesn't make
sense," what's going on here?", and "who's been playing with my oscilloscope?" The perform-
ance of DSP systems is so good, it will take him a few minutes before he understands what he is
seeing.

Hair ananoroBslif HHXEHEp CTaHET OYEHb B3BOJIHOBAHHBIM, KOT'JIa OH BUJAUT 3TY JUHEHHYIO (a-
3y. CurHainsl He OyyT MOSBISATHCS MTyTEM, KOTOPBIM OH JIyMaeT, YTO OHU JOJIKHBI, U OH HAYHET
KPYTUTb PYYKH € ObIcTpOTOM MOJHUM. OH OyJeT jKanoBaThCs, YTO BbI30B HE pabOTAET MPaBUIIb-
HO, ¥ OOpMoOYa TaKHe BEIIH Kak: " 3TO OECCMBICICHHO, ", UTO 3/1ech mpoucxoaut? ", u " KTo ur-
pan ¢ mouM ocrmniorpapom? " D dexruBHocTs cuctem LICII HacTonpko xopoiia, Oyaer Tpe-
00BaThCS €ro HECKOJIBKO MUHYT MPEK/E, YEM OH NOMMET TO, YTO OH BUJIUT.

To make him even more impressed, we ask our engineer to manually measure the frequency re-
sponse of the system. To do this, he will step the signal generator through all the frequencies be-
tween 125 Hz and 10 kHz in increments of 125 Hz. At each frequency he measures the ampli-
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tude of the output signal and divides it by the amplitude of the input signal. (Of course, the easi-
est way to do this is to keep the input signal at a constant amplitude). We set the sampling rate of
the EZ-KIT Lite at 22 kHz for this test. In other words, the 0 to 0.5 digital frequency of Fig. 29-
2a is mapped to DC to 11 kHz in our real world measurement.

YtoOb! AenaTh ero gaxe 0ojiee yBIEYEHHBIM, Mbl IPOCUM, YTOOBI HAIll HH)KEHEP BPYUHYIO U3Me-
W YaCTOTHBIN OTBET CUCTEMBI. YTOOBI A€NaTh 3TO, OH IIarHET U3MEPHUTEIbHBIN TeHepaTop Ye-
pe3 Bce yactoThl Mexay 125 I'm u 10 k' ¢ mpupamenuem 125 I'n. B xaxmoi yactore OH UMeeT
U3MEpSIeT aMIUIUTYbl BBIXOJIA, U JCJIUT 3TO Ha aMIUIMTYy BXoaHoro curHana. (Koneuno, ca-
MBI TIPOCTOM CTIOCO0 JeNaTh 3TO COCTOUT B TOM, YTOOBI COXPAHUThH BXOJHON CHUTHAJ B MOCTO-
STHHOM aMIuiuTyie). Mbl ycranaBiuBaeM yactoty Beioopku EZ-KIT Lite B 22 kI'11 1st 3TOTO Hc-
neiTanus. Jpyrumu cioBamu, ot 0 1o 0.5 nudposoit gactoTsl puc. 29-2a 0ToOpakeH K MOCTO-
ssHHOMY TOKY(DC) k 11 kI'I1 B HameM pealbHOM MHUPOBOM U3MEPEHUHU.

Figure 29-4 shows actual measurements taken on the EZ-KIT Lite; it couldn't be better! The
measured data points agree with the theoretical curve within the limit of measurement error. This
is something our analog engineer has never seen with filters made from resistors, capacitors, and
inductors.

Pucynok 29-4 mokasbeiBaer ¢aktuueckue pasmepbi(uzmepenus), koropsie oepyt EZ-KIT Lite;
3TO HE MOTJO ObITh Jyuiie! M3MepeHHble TOUYKM AAHHBIX COTJIAIIAIOTCS C TEOPETUYECKON KpH-
BOH B mpenenax mpenaena OMMOKH U3MEPEeHHs. JTO - KOe-4TO, YTO Halll aHAJIOTOBBIA HHXKEHEP
HHUKOT/Ia HE BUJAET ¢ QUIbTPAaMH, CAETaHHBIMU M3 PE3UCTOPOB, KOHJICHCATOPOB, U KATYyILIEK MH-
JTYKTUBHOCTH.

However, even this doesn't give the DSP the credit it deserves. Analog measurements using os-
cilloscopes and digital-volt-meters have a typical accuracy and precision of about 0.1% to 1%. In
comparison, this DSP system is limited only by the -0.001% round-off error of the 16 bit codec,
since the internal calculations use floating point. In other words, the device being evaluated is
one-hundred times more precise than the measurement tool being used. A proper evaluation of
the frequency response would require a specialized instrument, such as a computerized data ac-
quisition system with a 20 bit ADC. Given these facts, it is not surprising that DSPs are often
used in measurement instruments to achieve high precision.

Opnaxo, naxe 3to He naet L{CII pemyTranuto(oLeHKy), KOTOPYIO OH 3acily>KUBaeT. AHaJOrOBbIE
WU3MEPEHHUsI, UCTIONB3YI0s ocIuutorpadsl u " udpoBbie BOJBT METPHI "' UMEIOT THMUYHYIO TOY-
HOCTb U MPEUU3NOHHOCTb NpuOan3uTenabHo ot 0.1% no 1%. [ng cpaBHenus, sta cucrema LJOC
orpaHuyeHa omuoKoil okpyriaeHus Toiapko - 0.001% u3 xomep-nekonepa 16 NBOMYHBIX pa3ps-
JI0B, IIPY UCIIOJIb30BAHNS BHYTPEHHUX BBIYMCIICHUH C IUIABAIOLIEH 3aIAToM. [[pyrumu ciosamy,
OLIECHUBAEMOE YCTPOMCTBO — 8 CmoO pa3 mounee, YeM HCHOJIb3YyEeMbId MHCTPYMEHT HU3MEpPEHUS.
Hapnexarias oneHKka 4aCTOTHOM XapaKTEpPUCTHKU TpeOoBaja Obl CIIEHUATM3UPOBAHHOTO IMPH-
Oopa, Tuma KOMITBIOTEPU3UPOBAHHOMN cucTeMbl cOopa maHHbIX ¢ ALIIT 20 ABOMYHBIX pa3psiIoB.
JanueiM 3TH (akThl, He yauBuTenbHO, uTo LICII yacTo MCToNb3yIOTCSl B MU3MEPUTENBHBIX MPH-
06opax, 4ToOBI JOCTUYb BHICOKOHM MPEIIM3NOHHOCTH.

Now we can answer the question: Why does Analog Devices sell Digital Signal Processors?
Only a decade ago, state-of-the-art signal processing was carried out with precision op amps and
similar transistor circuits. Today, the highest quality analog processing is accomplished with
digital techniques. Analog Devices is a great role-model for individuals and other companies;
hold on to your vision and goals, but don't be afraid to adapt with the changing technology!
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Tenepp MBI MOXEM OTBETUTH Ha Bompoc: Ilouemy komnanus Aranocoevix Ycecmpoiicms nponaer
Lugposvie Cucnanvuvie [Ipoyeccopvi? Tonbko necsATUIETHE Ha3ad, COBpEMEHHas oOpaboTka
CUTHAJIOB ObLIa BBHIMIOJIHEHA C MPEIM3UOHHBIMH OTEPAIMOHHBIMHU yCHIUTEISIMA U TTOJT00HBIMU
TpaH3UCTOpHBIMU LensMu. Ceroaus, o0paboTKa aranoea caMoro BHICOKOTO KauecTBa BBIMOJIHE-
Ha ¢ mudpoBeiMU MeTonamu. Kommanus Awxanozoevlie Ycmpoticmea - 00nbIION oOpaser] ams
MOAPAYXKAHUA ISl TMYHOCTEN M JIPYTUX KOMITAHWM; IEP>KUTECHh Ballled TOUKH 3PEHUS U 1IEJIH, HO
He O0HTECh aIlanTUPOBATHCS K U3MEHSIOIICHCS TEXHOJIOTHH !

Another Look at Fixed versus Floating Point
[Apyroii IIpocmorp(B3rasaa) Ha dukcupoBanublii nporus IliiaBaromein 3ans-
TOM

In this last example, we took advantage of one of the SHARC DSP's key features, its ability to
handle floating point calculations. Even though the samples are in a fixed point format when
passed to and from the codec, we go to the trouble of converting them to floating point for the
intermediate FIR filtering algorithm. As discussed in the last chapter, there are two reasons for
wanting to process the data with floating point math: ease of programming, and performance.
Does it really make a difference?

B sTom npouutom npumepe, Mbl BOCIOJIBb30BaIMCh IPEUMYILECTBOM OJHOM M3 IJIaBHBIX OCOOEH-
Hocteit SHARC DSP's(LICII), ero crmocoOHOCTh 00paboTaTh BHIYUCIICHHS C IJIABAIOIICH 3aris-
Tol. Jlaxke Mpu TOM, 4TO BBIOOPKM HaxonsaTcs B (hopMaTe (PUKCHPOBAHHOM TOYKM, KOIJa Ipo-
IyCKaeTcsl K U OT KOJAEP-AEKOJEpa, Mbl HJIEM K HEMPUATHOCTU NMpeoOpa3oBaHMs MX K IUIaBaIO-
el 3anaroi Uit mpoMexyToyHoro 3BeHa anroputMa KX ¢unsrpa. Kak o0cyxaeHo B mpo-
IIJIOW TJIaBe, MMEIOTCS JIBE MPHYMHBI JUTS JKEJaHus 00paboTaTh JaHHBIE MAaTEMAaTHKOH C Iiia-
BAIOIIEH 3alSATON: J1ecKOCMb NPOSPpAMMUpO8anus, U dggekmuenocms. IT0 AEUCTBUTEIBHO Je-
JIAeT Pa3HOCThH?

For the programmer, yes, it makes a large difference. Floating point code is far easier to write.
Look back at the assembly program in Table 29-2. There are only two lines (41 and 42) in the
main FIR filter. In contrast, the fixed point programmer must add code to manage the data at
each math calculation. To avoid overflow and underflow, the values must be checked for size
and, if needed, scaled accordingly. The intermediate results will also need to be stored in an ex-
tended precision accumulator to avoid the devastating effects of repeated round-off error.

JIns mporpaMMHuCTa, Ja, 9TO JenaeT Oonpuryio pasHocTh. Koj mimaBaromiedd 3amsiToil - ropaszio
npoie, yToObl 3anucats. OTNsTHEMCS Ha3aj Ha MPOrpaMMy TpaHCIAIUH(acceMOIMpPOBaHUs) B
tabnune 29-2. imeroTcst Tonbko aBe ctpoku (41 u 42) B ocHoBHoM KUX-dunbrpe. Hampotus,
MPOrpaMMHCT (PUKCUPOBAHHON TOUYKH JOJDKEH MPUOABUTH KOJ, YTOOBI YIIPABIISATh JAHHBIMHU MIPH
Ka)XJIOM MaTeMaTHYECKOM BbIYHCICHUH. UTOOBI M30eraTh MEpPEroTHEHUSI U aHTHIICPETIOHEHHS,
3HA4YEeHUs JTOJDKHBI OBITH MPOBEPEHBI HAa pa3Mep H, €CIIM He0OXOAMMO, MaCIITA0MPOBATHCS COOT-
BETCTBEHHO. [IpOMEKyTOUYHbIE pe3yabTaThl OYAyT TakKe IOJDKHBI OBITH COXPaHEHBI B PACIIU-
PEHHOM CyMMaTope MPEI3NOHHOCTH, YTOOBI H30€KaTh Pa3pyMHUTEIbHBIX 3(P(PEKTOB MOBTOPHOM
OLIMOKY OKPYTJICHUS.

The issue of performance is much more subtle. For example, Fig. 29-5a shows an FIR low-pass
filter with a moderately sharp cutoff, as described in Chapter 16. This "large scale" curve would
look the same whether fixed or floating point were used in the calculation. To see the difference
between these two methods, we must zoom in on the amplitude by a factor of several hundred as
shown in (b), (¢), and (d). Here we can see a clear difference. The floating point execution, (b),
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has such low round-off noise that its performance is limited by the way we designed the filter
kernel. The 0.02% overshoot near the transition is a characteristic of the Blackman window used
in this filter. The point is, if we want to improve the performance, we need to work on the algo-
rithm, not the implementation. The curves in (c) and (d) show the round-off noise introduced
when each point in the filter kernel is represented by 16 and 14 bits, respectively. A better algo-
rithm would do nothing to make these better curves; the shape of the actual frequency response
is swamped by noise.

[Ipo6nema > dexTuBHOCTH HaMHOTO OoJee ToHKas. Hampumep, puc. 29-5a nokassiBaeT GUIBTp
HIKHUX 9acToT KX ¢ yMepeHHO KpyThIM OCTAaHOBOM(YAaCTOTOM OTCEYKH), KaK OTIMCAHO B TJIaBE
16. Ora "kpynmHoMaciiTabHas" KpuBas cMOTpesia Obl TOT K€ CaMblii WJIM YCTaHOBWIIA, MIIH IJIa-
BaloOII[asl 3araTas UCIOJIb30BaJIach B BHIYMCIECHUH. UTOOBI BUJIETh PA3HOCTh MEXAY STUMH JBYMS
METOAAaMH, MbI JOJDKHBI PaCKPBITh HA aMIUIUTYJIEe KO3 PUIreHToM((pakTopoM) HECKOIBKUX CO-
TeH Kak moka3aHo B (b), (c), u (d). 3aech MBI MOKEM BHIIETh YHUCTYIO Pa3HOCTh. BEINOIHEHNE
TuTaBaronie 3amsras, (b), IMeeT Takoi HU3KUU IIyM OKPYTJICHUs, 4TO ero 3(PPeKTUBHOCTH OT-
paHUyYeHa, MeXay MPOYNM, Mbl pazpabotanu saapo ¢unbstpa. [lepeperynuposanue 0.02 % oxoio
nepeMeIleHus - XapakTepucTuka okHa biskmana, ucrnonb3yemoro B 3ToM guibTpe. [IyHKT, ecnu
MBI XOTHM YJIYYIIUTh 3()PEKTUBHOCTD, MBI JOJDKHBI pab0TaTh HAll AI20pUMMOM, HE GbINOIHEHU-
em. Kpussbie B (¢) u (d) moka3pIBalOT NpeACTaBICHHBINA ITyM OKPYTJICHHUS, KOTJa KaXJas TOYKa B
sanpe ¢buabTpa npeacrasieHa 16 u 14 OuramMu, COOTBETCTBEHHO. JIyUIIMii anropuT™ He Jenait Obl
HHUYTO, YTOOBI J€TaTh 3TH KPHUBbIC JIyulle; ¢popMa GaKTHUECKOW YACTOTHOM XapaKTEPHUCTUKHU 3a-
TOTUISIETCS IIIyMOM.

Figure 29-6 shows the difference between fixed and floating point in the time domain. Figure (a)
shows a wiggly signal that exponentially decreases in amplitude. This might represent, for ex-
ample, the sound wave from a plucked string, or the shaking of the ground from a distant explo-
sion. As before, this "large scale" waveform would look the same whether fixed or floating point
were used to represent the samples. To see the difference, we must zoom in on the amplitude, as
shown in (b), (c) and (d). As discussed in Chapter 3, this quantization appears much as additive
random noise, limiting the detectability of small components in the signals.

Pucynok 29-6 mokaspiBaeT pa3HOCTh MEXAY (PUKCHPOBAHHOW M IIJIABAIOIICH 3amsATON B 0oMeHe
épemeHnu. PUCYHOK (a) MOKa3bIBaeT BOJHUCTBIM CUTHAJ, YTO MO SKCIIOHEHTE YMEHBIIAETCS B aM-
IUIUTYZAE. DTO MOTJIO OBl MPEJCTAaBIATh, I IPUMEpa, 3ByKOBasi BOJIHA OT LIUIKA CTPYHBI, WX
KOJIeOAaHHUs 3eMJIM OT OTAAJICHHOTO B3pbIBa. Kak mpexae, ata "kpynmHoMaciitabnas" ¢popma BoI-
HBI CMOTpeJ ObI TOT K€ caMblid WM (PUKCUPOBAHHBIN, WM IIJIaBaloNIas 3ansaTas UCI0Ib30BalIaCh,
4TOOBI IPEJCTABUTH BHIOOPKU. UTOOBI BUIETh PAa3HOCTH, MBI JOJKHBI PACKPBITH HA aMIUIUTY/E,
Kak mokaszano B (b), (c) u (d). Ctonb sxe 00Cy ICHHBIN B TJIaBe 3, ’TO KBAHTOBAHHE TOSBIISETCS
MHOTO KaK JOOaBOYHBIM CIIy4alHBIN IIyM, OrpaHUYHMBasi 0OHAPYKUBAEMOCTh MAJIEHBKHX KOM-
MOHEHTOB B CUTHAJaXx.
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Round-off noise in the frequency response. Figure (a) shows the frequency response of a windowed-sinc low-pass
filter, using a Blackman window and 150 points in the filter kernel. Figures (b), (c), and (d) show a more detailed
view of this response by zooming in on the amplitude. When the filter kernel is represented in floating point, (b), the
round-off noise is insignificant compared to the imperfections of the windowed-sinc design. As shown in (c) and
(d), representing the filter kernel in fixed point makes round-off noise the dominate imperfection.

PUCYHOK 29-5. lllym OkpyriieHUs B 94aCTOTHOW XapaKTEPHCTHKE.

PucyHok (a) noka3siBaeT 4aCTOTHYIO XxapakTepucTuky windowed-sinc ¢puibTpa HHXKHHAX YaCTOT, UCIIOJIB3Ys OKHO
bmakmana u 150 touek B siape dunbrpa. Pucynku (b), (¢), u (d) mokaseiBatot Oosiee AeTaibHOE MIPEACTABICHUE 3TO-
ro OTBETa, pacKpbiBas Ha amrmuutyae. Korma sapo ¢guiabTpa npeacTaBieHo B GopMaTe ¢ muiaBaroriei 3amstoi, (b),
IIYM OKPYTJICHUS He3HAYalllui CpaBHEH ¢ HejocTaTkamu npoekra windowed-sine. Kak nokasano B (¢) u (d), mpen-
cTaBisis AApo GuiabTpa B hopMmare ¢ HUKCUPOBAHHOM TOUKOH JeaeT IIyM OKPYIJICHHs JOMUHUPYIOIIAM HEIOCTAT-
KOM.

These performance differences between fixed and floating point are often not important; for in-
stance, they cannot even be seen in the "large scale" signals of Fig. 29-5a and Fig. 29-6a. How-
ever, there are some applications where the extra performance of floating point is helpful, and
may even be critical. For instance, high-fidelity consumer audio system, such as CD players, rep-
resent the signals with 16 bit fixed point. In most cases, this exceeds the capability of human
hearing. However, the best professional audio systems sample the signals with as high as 20 to
24 bits, leaving absolutely no room for artifacts that might contaminate the music. Floating point
is nearly ideal for algorithms that process these high-precision digital signals.

Ot paznuuns 3p(HEeKTUBHOCTH MEXKIY (PUKCHUPOBaHHOW TOYKOM M IUIABAIOIICH 3amaToi 4acTo
HE BaXKHBI; sl 00pa3iia, OHM HE MOTYT JIayke OBITh 3aMEUYeHBI B "KpyIMHOMACIITAOHBIX" CUTHATaX
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puc. 29-5a u puc. 29-6a. OgHaKo, UMEIOTCS HEKOTOPBIE MPHIIOKEHHSI, T1€ JOTOIHUTENbHAS -
(EeKTHUBHOCTH TIJIABAIOIICH 3aIATOM MOJIe3HA, U MOXKET Jaxke ObITh KpuTHUecKoi. Hampumep, mo-
TpeGUTENb CHCTEMBI 3BYKOBOCIIPOM3BEICHUS BBICOKOI BepHocTH, Trra IIPOUTPHIBATEJIEN
KOMITAKT-/IMCKOB, npencraBisieT CUTHaIbI ¢ (UKCUPOBAHHON TOYKON 16 TBOMYHBIX pas-
psnoB. B GONBIIMHCTBE Ciy4yaeB, 3TO MPEBBIIIAET BO3MOKHOCTh YeJIoBeYecKoro ciyxa. OaHako,
Jy4iire npoQeccuOHaNIbHbIE 3BYKOBBIE CUCTEMBI HE MPOU3BOJSAT BEIOOPKY CUTHAJIOB C CTOJIb K€
BBICOKO Kak oT 20 10 24 OGuTOB, HE OCTaBIsisl A0COMOTHO HUKAKOTO y4acTKa MaMsITH IS IKCIIO-
HATOB, KOTOpPbIE MOTJIM ObI 3arpsA3HATH My3bIKy. [laBaromas 3amsaras MOYTH HjaeajbHa JIJs all-
TOPUTMOB, KOTOpbIE 00pabaThIBAIOT 3TH IIU(PPOBBIE CUTHAIIBI C BBICOKOM MPEU3UOHHOCTHIO.

Another case where the higher performance of floating point is needed is when the algorithm is
especially sensitive to noise. For instance, FIR filters are quite insensitive to round-off effects.
As shown in Fig. 29-5, round-off noise doesn't change the overall shape of the frequency re-
sponse; the entire curve just becomes noisier. [IR filters are a different story; round-off can cause
all sorts of havoc, including making them unstable. Floating point allows these algorithms to
achieve better performance in cutoff frequency sharpness, stopband attenuation, and step re-
sponse overshoot.

Hpyroii crnydait, rae Oonee BbICOKas 3PPEKTUBHOCTH IIABAIOIICH 3amsiTo HEOOXOoAMMA - TO,
Kor/a aneopumm OCOOCHHO 4yBCTBUTENEeH K mymy. Hanmpumep, KU X-bunbsTpel Bechbma HEdyB-
CTBHUTENbHBI K 3¢ (exram okpyrieHus. Kak mokazaHo B puc. 29-5, mym OKpyrJieHUs] HE H3MEHS-
€T TMOJHYK (OpMYy YAaCTOTHOIO OTBETA(YAaCTOTHOM XapaKTEPUCTHUKM); IMOJHAs KPHUBAs TOJIBKO
cTaHoBUTCA Oosiee mryMHOU. BUX-GuibTphl - Apyras UCTOPHS; OKPYTJICHUE MOKET BbI3BIBAThH
BCE BHJIBI Xa0Ca, BKIIIOYAsl CO3JaHUE MX HENOCTOSHHBIMU. 1lnaBaromas 3ansaTtas mo3BossgeT 3TUM
QITOPUTMAaM JOCTUTaTh Jy4ined 3()(EeKTUBHOCTH B PE3KOCTH YaCTOThI OTCEYKH, TMOJIOCH OCJIa0-
JIEHUs, TI0JIOCHI 33/1€P’)KUBAHUS, U TIEpEPEryIMPOBaHUM OTBETA IIara(CTyIeHH).
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Round-off noise in the time domain. Figure (a) shows an example signal with an exponentially decaying amplitude.
Figures (b), (c), and (d) show a more detailed view by zooming in on the amplitude. When the signal is represented
in floating point, (b), the round-off noise is so low that it cannot be seen in this graph. As shown in (c¢) and (d), rep-
resenting the signal in fixed point produces far higher levels of round-off noise.

PUCYHOK 29-6
HIym OxpyrieHnst B JOMEHE BpeMeHHU. PHCYHOK (a) IOKa3bIBacT MPUMEP CHTHAJIA C TI0 SKCIIOHEHTE Paciagaronie-

cs ammomutyaoil. Pucynku (b), (¢), u (d) mokaspBatoT Ooliee meTampHOE MpeICTaBICHUE(BHUI), PACKPBIBas HA aM-
wmtyae. Koraa curnan npejcraBiieH ¢ ruiaBamoomien 3amnsatoi, (b), iryM OKpYIJIeHHs] HACTOJIBKO HU30K, YTO ITO HE
MOJKET OBITH 3aMEYEHO B 3TOM auarpamme(rpaduke). Kak mokasano B (c¢) u (d), mpeacrasieHue curaaia ¢ pukcu-
POBaHHOI TOYKOW MPOU3BOIUT TOPa3no 00jiee BEICOKUE YPOBHH IIIyMa OKPYTJICHUS.

Advanced Software Tools
IIpoasunyTtsie Ilporpammusie MHCTpyMeHTaIBHBIE CPEACTBA

Our custom filter example shows the easiest way to get a program running on the SHARC DSP:
editing, assembling, linking, and downloading, performed by individual programs. This method
is fine for simple tasks, but there are better software tools available for the advanced program-
mer. Let's look at what is available for when you get really serious about DSPs.

Ham npumep 3aka3HOro (uibTpa MOKa3bIBaeT caMblii MPOCTOM CHOCOO MOIYyYUTh HMPOTrPaMMYy,
BoinonHstonrytocst Ha SHARC DSP(LICII): penaktupoBaHue, TpaHCISALMs, COSAUHEHUE, U 3a-
Ipy3Ka, BBIMOJIHEHHAs] HHAWBUAYAIbHBIMU MPOrpaMMaMH. DTOT METOJ] IPEKPACEeH AJIS MPOCTHIX
3a/1a4, HO UMEIOTCS JIy4llle IPOrpaMMHbIE HHCTPYMEHTAJIbHBIE CPEJICTBA, JOCTYIIHbIE JUIsl HAUK-
HaloIlero nporpammucta. /laBaiite cMOTpeTh TO, YTO JOCTYIHO JUIs TOro, Koraa Bel nobupae-
TeCh JEUCTBUTETHHO cepbe3Ho oTHOCsCH K [1OC.

(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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The first tool we want to examine is the C compiler. As discussed in the last chapter, both as-
sembly and C are commonly used to program DSPs. A tremendous advantage of using C is the
library of functions, both standard C operations, as well as DSP algorithms. Table 29-3 shows a
partial list of the C library functions for the SHARC DSPs. The math group includes many func-
tions common in DSP, such as the trig functions (sin, cos, tan, etc.), logarithm, and exponent. If
you need these type of functions in your program, this is probably enough motivation in itself to
use C instead of assembly. Pay special attention to the "signal processing" routines in Table 29-
3. Here you will find key DSP algorithms, including: real and complex FFTs, FIR and IIR filters,
and statistical functions such as the mean, rms value, and variance. Of course, all these routines
are written in assembly, allowing them to be very efficient in both speed and memory usage.

[TepBbIii UHCTPYMEHT, KOTOPBIA MBI XOTHM HccienoBath - kommmiarop CHU. Kak o6cyxaeHno B
MpoNUIoi TiaBe, u TpaHcusius(accemOnupoBanue) U CH 0OBIYHO HCTIONB3yeTCs, YTOOBI MPO-
rpammupoBath [[OC. OrpomHoe npeumytiecTBo ucronb3oBanus CU - oubnuoreka (yHKIHM,
obeux cranmaptHbix omeparuii CU, taxke xak anroputmoB L[OC. Tabmuma 29-3 mokaspiBaeT
yacTu4HbIA ciicok omOmmoreunsix Qynkiuit CU nnss SHARC DSPs(LICIT). MaTtemaTudeckas
rpynmna BkIoyaeT MHoOro QyHkmnwid, o0braabie B [[OC, THma TpuroHoMmerpudeckux (QyHKIUN
(sin, cos, tan, u T.7.), Jorapudm, u 3xcroHeHTa. Ecau Bel Hyxmaerech B 3ToM Tume QyHKIUN B
Balllell MporpaMmme, 3TO - JOCTATOYHO BEPOSATHOE MOOYXJICHHE caMo 1o cede, YTOObI UCIOb30-
Batb CH BMecTOo TpaHcisuu(accemomupoBanus). OOparure ocoboe BHMMaHHE Ha TOJIPO-
rpamMMbl "00paboTku curHaioB" B Tabmuime 29-3. 3meck Bbl HaiineTe KIIOYEBBIE AITOPUTMBI
LHOC, Bxmtouas: peanbHble U KomIuiekcHbie BII®D, KUX n BUX-punbtpel, u cTaTUCTHYECKHE
¢yHKIMU THUIA CpeAHero, 3(p(eKTUBHON BeTMUMHBI(CPEAHEKBAPATUYHOTO 3HAYCHUSA), U JHC-
nepcur. KoHe4Ho, Bce 3T MOANPOrpaMMbl HAMMCaHbl HA TPAHCISALMH(acceMOIUPOBaHUN), TIO-
3BOJISISL UM OBITH OU€Hb 3()(HEKTUBHBIMU, U B OBICTPOJCHCTBUU U B UCTIOIB30BAHUH ITAMSTH.

(c) ABTOKC, Canxr-IlerepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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MATH OPERATIONS CHARACTER & STRING MANIPULATION

abs absolute value atol convert string to integer

acos arc cosine bsearch binary search of array

asin are sine isalnum detect alphanumeric character

alan are langent isalpha detect alphabetic character

atan2 arc tangent of quotient iscntrl detect control character

cabsf complex absolute value isdigit detect decimal digit

cexpl complex exponential isgraph detect printable character

Cos cosing islower detect lowercase character

cosh hyperbolic cosine isprint detect printable character

cot cotangent ispunct detect punctuation character

div division isspace detect whitespace character

exp exponential isupper detect uppercase character

fmod maodulus isxdigit detect hexadecimal digit

log natural logarithm memchr find first occurrence of char

log10 base 10 logarithm memepy copy characters

matadd matrix addition streat concatenate strings

matmul matrix multiplication SIrCmp compare sirings

pow raise to a power strerror get error message

rand random number generator strlen string length

sin sine strncmp compare characters

sinh hyperbolic sine strrchr find last occurrence of char

sqr sEuare rool SITsLr find string within string

srand random number seed striok convert string to tokens

tan tangent system sent string to operating system

tanh hyperbolic tangent tolower change uppercase to lowercase
loupper change lowercase 1o uppercase

PROGRAM CONTROL

abort abnormal program end SIGNAL PROCESSING
calloc allocate / initialize memory a compress  A-law compressing
free deallocate memory a_expand A-law expansion
idle processor idle instruction autocorr autocorrelation
interrupt define interrupt handling biguad bigquad filter section
poll flag in  testinput Nag cffiN complex FFT
set_flag sets the processor flags CTOSSCOT cross-correlation
timer_off disable processor timer fir FIR filter
timer_on enable processor timer histogram histogram
timer_set initialize processor timer i inverse complex FFT
iir lIR filter
mean mean of an array
TABLE 29-3 mu_compress mu law compression
C library functions, This is a partial list of the mu_e,:pﬂﬂd mu law expansion
tunctions available when C is used to program M real FFT
the a‘:'LI'IH.]Ug Devices SHARC DSPs, rims rins value of an array
TABLE 29-3

C library functions. This is a partial list of the functions available when C is used to program the Analog Devices
SHARC DSPs.

TABJINLIA 29-3

Bubnmmoreunsie ¢pynkiun CU. 10 - yacTHYHBIA cMCOK (QyHKUMH, TOCTYyNHBIX, koraa CU ucnonb3yercs, 4ToObI
nporpammupoBatb AHanoroseie Y crpoiictea SHARC DSPs(LICIT).

(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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*  CIRCBUF.C */

/*  This is an echo program written in C for the ADSP-21061 EZ-KIT Lite. The */

/% echo program takes the talkthru program and adds a circular buffering scheme. ¥/
/*  The circular buffer is defined by the functions CIRCULAR BUFFER, BASE, g
= and LENGTH, The echo is performed by adding the current input to the oldest )
/M input. The delay in the echo can be modified by changing BUFF_LENGTH. */

1 ¥/
/¥ */
#finclude <21020.h= /#* for the idle() command */

#include <signal .h> /* for the interrupt command */

#include <macros.h= /* for the CIRCULAR_BUFFER and segment functions */

#define BUFF_LENGTH 4000
/* define echo as 21k DAGI reg il */

CIRCULAR_BUFFER (float.1.echo) /* a DM pointer to a circular buffer */
volatile float in_port segment (hip_regl): /* hip_regl and hip-reg2 are */
volatile float out_port segment (hip reg2): /* used in the architecture file */

virid process input (int);
void main {void)

! M Make this a variable length array. I emulator is stopped at main i
M and BUFF LENGTH in dm window is modified, the echo delay L
M s modified. Do not make BUFF LENGTH greater than stack size! ¥/

float data_bulT [BUFF_LEMGTH]:
interrupt (S1G_IRO3, process input);

BASE (echo) = data buff; /* Loads bl and i1 with buff start adr */
LENGTH {echo) = BUFF _LENGTH: /* Loads L1 with the length of the buffer */

M as the array is filled. the nth location contains the newest value. while */
{* the nth + | location contains the oldest value, */

while (1)

! /M the echo sends the sum of the most */
float oldest, newest; /* recent value and the oldest value */
idle(

/M Echo is pointing to the nth location after the interrupt routine.  */
/* Place the new value in variable 'newest'. After the access, update ul)
/* the pointer by one to point at location nt1, u

CIRC _READ {echo, 1 newest, dm):

/* Now echo is pointing to n+1. Read the location and place value in ¥}
/* wvariable 'oldest’. Do not update the pointer, since it is now i
/* pointing to the new location for the interrupt handler, ¥/

CIR_READ {echo, 0, oldest, dm);

/* add the oldest and most recent and send out on port i

out_port=oldest+newest;

i
[}

void process_input (int int_number)
r
I
/* The newest input value is written over the oldest value in the nth */
/* location and the pointer is not updated. i
CIRC WRITE (echo, 0, in_port, dm):

1
]

TABLE 29-4

(c) ABTOKC, Canxr-IlerepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru




HAYYHO-TEXHUYECKOE PYKOBOJICTBO 110 IM®POBOW OBPABOTKE CUTHAJIOB

= VreudD'SH Indumalud Devulvpmsnl Envovnnund, - JL e
l [k L[C&: Zio=xl Wea Jeoo; w=Wdun _=a
Ot (] =] o |Bl R =] i #[08] % ) o] w2 ) e
B = =]z =

ama L aoseqoErkson seg oode: - -
.o _dEwuI[Ea] = sUTaTidLEaT T Y
JELLLAL _1rprasi s

2 Lods gy
al

L ERCTERLSpE ey TCdal -
LREL o el Sl e LT air s 10 0T

4 JSLLLSL _rao=r ot
Al R

2lsar pL ozesl O :
ST PR TTR T I v

5 II:-rhi'l'-Z]

ot oo, X

= Prrsoriddiurn din . Lol ... T=TER

T FetkeMElg ]

cesl s - acagls, - L
rro(amlracEimoo0
1

rer [R] = Fer CRT 1 Ampam T tadre e -F L L K
w-3[k] = im=3lk] - dnpaZaltmice[ar 'R ILI
-

A0l

ﬂ L=ecaziagy Uoepaler co "Li-brogra Li_=s'iane_og tecicestYomaalliP-oc lferpalas-LEELYdzt 605 o 3
T Cxecaziog Links=s o "0 Booyzas Tolessaesley [esdossy@loasll 525 0Lk Txaapl e, s Tvdela, 42 e_c. daq™ =T "oy

Eaicd vompicnd vaveconlall o pay

al .

FuHip wee - Tu:l, nl HIIF |

1. Move easily between Edit, Build, and Debug activities
2. Mix Assembly and C in a common source file

3. View "build" results

4. Powerful editor understands syntax

5. Easy access through bookmarks

FIGURE 29-7

Example screen from VisualDSP. This provides an integrated development environment for creating programs on
the SHARC. All of the following functions can be accessed from this single interface: editing, compiling, assem-
bling, linking, simulating, debugging, downloading, and PROM creation.

PUCYHOK 29-7

[Ipmmepa Dxpan ot VisualDSP. Dto obecreurBaeT HHTETPHPOBAHHYIO Cpely 0OpabOTKH I CO3IaHUs IIPOTpaMM
Ha SHARC. K Bcem Hmke(BbIIIe?)ymOMIHYTHIM (DYHKIHSIM MOXXHO 00pamaThcs OT 3TOTO €OUHCTBEHHO-
ro(oTaenpHOro) WHTEpdeiica: peIakTHpOBaHHE, KOMIIWIMPOBAHHE, TPAHCISLMS, KOMIIOHOBKA, MOJICIHPOBAHHE,
oTJanKa, 3arpyska, u cozganue [III3Y(PROM).

Table 29-4 shows an example C program, taken from the Analog Devices' "C Compiler Guide
and Reference Manual." This program generates an echo by adding a delayed version of the sig-
nal to itself. The most recent 4000 samples from the input signal are stored in a circular buffer.
As each sample is acquired, the circular buffer is updated, the newest sample is added to a scaled
version of the oldest sample, and the resulting sample directed to the output.

Tabmuma 29-4 nmokassiBaeT npumep nporpammbel CH mpumepa, NpuHATONH 0T AHAJIOTOBBIX Y CT-
poiictB "PykoBoactBo Komnunstopa CH u CrpaBounoro onucanus". 9ta nporpamma reHepH-
pyeT 3X0, TpubaBIIsisi OTCPOUCHHYIO BepcHio curHana Kk cede. Camplii coBpemenHsblit 4000 BbIOO-
POK OT BXOJIHOT'O CUT'Hajla COXpaHEHBI B KoJbIieBoM Oydepe. Ilockonbky Kaxaas BEIOOpKa Ipu-
obOpeteHa, KoybIeBOM Oydep MonuduipoBan, camMmass HOBasi BHIOOpKa J100aBjIeHa K MacIITaOu-
pyeMoi BepCcHUU caMOl CTapoil BRIOOPKH, M 3aKaHUMBAIOIIEHCS BHIOOPKOW HAMpaBICHHON K BbI-

X0y .

(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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The next advanced software tool you should look for is an integrated development environ-
ment. This is a fancy term that means everything needed to program and test the DSP is com-
bined into one smoothly functioning package. Analog Devices provides an integrated develop-
ment environment in a product called VisualDSP ® , running under Windows ® 95 and Win-
dows NT TM. Figure 29-7 shows an example of the main screen, providing a seamless way to
edit, build, and debug programs.

Cnenyronmi NpoABUHYTHIA TPOTPAMMHBIN HHCTPYMEHT, KOTOPBIA BbI TOTKHBI UCKATh - HHTEr-
pPMpOBaHHasl cpea pa3BUTHS. JTO - IPUYYAJIUBBIM TEPMUH, KOTOPBIN O3HA4aeT, 4TO BCE He-
0o0xoaumbIid iporpammupoBaTh U npoBepATh LICII, oObequHeHo B OoIWH TWIaAKO (DYHKIIMOHH-
pyroumii maker. AHaJIOTroBbIe Y CTpoiicTBa 00€CIEeUNBAIOT HHTETPUPOBAHHYIO CPELy Pa3BUTHS B
nporpamme 1o umeHu VisualDSP ®, pemomnnstometics mogq Windows ® 95 u Windows NT TM.
Pucynoxk 29-7 mokasbIBaeT mpUMep OCHOBHOW 3KpaHHOW CTpaHMIIbI, 0OecreunBasi myTh CIIOco0
pEeaaKkTUpPOBaTh, KOMIIOHOBATh, M OTJIAXKUBATh IPOTrPaMMBI.

Here are some of the key features of VisualDSP, showing why an integrated development envi-
ronment is so important for fast software development. The editor is specialized for creating pro-
grams in C, assembly, and a mixture of the two. For instance, it understands the syntax of the
languages, allowing it to display different types of statements in different colors. You can also
edit more than one file at one. This is very convenient, since the final program is created by link-
ing several files together.

NmMetrotcs HEKOTOpBIE U3 THaBHBIX ocoOeHHocTel VisualDSP, moka3eiBasi, moueMy HUHTETPHPO-
BaHHAas Cpella Pa3BHTHSI HACTOJIBKO Ba)kKHA JUI OBICTPOTO MPOrPaMMHOTO pa3BuTHs. Pemakrop
CHEeLMATU3UPOBaH JUIsl co3nanust nporpamM B CH, Tpancsiimu(acceMOIMpOBaHUM), U CMECH U3
nByx. Hampumep, 3TO MOHMMAaeT CHHTAKCHC SI3BIKOB, MO3BOJISISI 3TOMY OTOOPA3UTh Pa3INYHbIC
TUTIBI MHCTPYKIUN B Pa3IMYHBIX [BeTaX. BBl MOXeTe TakKe peJaKTUPOBaTh OOJbINE YeM OJUH
daiin B ogHOM. DTO 0UeHb yI00HO, TaK KaK KOHEYHAas IIpOrpaMMa Co3/iaHa, CBSI3bIBast HECKOJIb-
KO (paiiJIoB BMeCTeE.
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1. Profile code to identify bottlenecks
2. View mixed C and Assembly listings
3. Create custom Register window

FIGURE 29-8

VisualDSP debugging screen. This is a common interface for both simulation and emulation. It can view a C pro-
gram interspersed with the resulting assembly code, track execution of instructions; examine registers (hardware,
software, and memory); trace bus activity; and many other tasks.

PUCYHOK 29-8

VisualDSP otagka skpanHa. 31o - o6uuit(00sraHbIN) HHTEpdEIC, U A CUMYIALNN U IMYIIIUH. JTO MOXET pac-
cMmarpuBath nporpammy CU, pa3Ho0Opa3u1 3aKaHUMBAIOIIUMCS aCCEMOJIEPHBIM KOJIOM, BBIIIOJHEHUE JOPOKKH KO-
MaH/Ibl; UCCJIE/IOBATh PETUCTPHI (alNapaTHbIe CPEICTBA, IIPOrpaMMHOE 00eCIeYeHUe, U MaMsITh); IeHCTBHE TPachl
aKTUBHOM IIMHBL, © MHOTO JIPYTUX 3aj1ay.

Figure 29-8 shows an example screen from the VisualDSP debugger. This is an interface to two
different types of tools: simulators and emulators. Simulators test the code within the personal
computer, without even needing a DSP to be present. This is generally the first debugging step
after the program is written. The simulator mimics the architecture and operation of the hard-
ware, including: input data streams, interrupts and other I/O. Emulators (such as the Analog
Devices EZ-ICE ® ) examine the program operation on the actual hardware. This requires the
emulator software (on your PC) to be able to monitor the electrical signals inside of the DSP. To
support this, the SHARC DSPs feature an IEEE 1140.1 JTAG Test Access Port, allowing an ex-
ternal device to track the processor's internal functions.

Pucynok 29-8 nmoka3seiBaeT mpumMep dkpana ot VisualDSP ornagunka. 3to - uaTepdeiic Kk 1ByM
Pa3IMYHBIM THUIIAM MHCTPYMEHTAJIBHBIX CPEACTB: UMUTATOPBI U 3MYJATOpbl. UMUTATOPBI ITpO-
BEPSIIOT KOJI 8 Npedenax nepcoHaibho2o Kkomnvlomepa, naxe 6e3 nyxnarommiics B L{CI1, aTo0s
IIPUCYTCTBOBATh. JTO - BOOOIE MEPBbIM MIar OTIAAKH MOCJIe TOro, Kak IMporpaMma HamucaHa.
HMmuraTtop noapaxaer apxuTeKType ¥ ONEepaIiy almapaTHBIX CPEJCTB, BKIIFOYAs: TIOTOKHA BXOJI-
HBIX JaHHBIX, pepbIBaHus U Apyroi BBoa/BeiBon. Omymnarops! (tuna Analog Devices EZ-ICE
® )) HWCCIEAYIOT ONEpalri0 MPOTPaMMbl HA (DAKMUUECKUX annapamuvlx cpeocmeax. ITo
TpeOyeT mporpammHoro obecrneueHus amymsTopa (Ha BameM [1K) uToObr ObITH CTOCOOHBIM KOH-
TposnpoBaTh 3nekrpuueckue curHansl BHyTpu LICII. UroOer mommepkuBath 310, SHARC
DSPs(LICIT) nokassiBatot IEEE 1140.1 JTAG Test Access Port, mo3Bosisiss BHEIITHEMY YCTPOMCT-
BY MPOCJIEIUTh BHYTPEHHNE (PYHKIIMHU MPOLIECCOpa.

After you have used an evaluation kit and given some thought to purchasing advanced software
tools, you should also consider attending a training class. These are given by many DSP manu-
facturers. For instance, Analog Devices offers a 3 day class, taught several time a year, at several
different locations. These are a great way of learning about DSPs from the experts. Look at the
manufacturer's websites for details.

[Tocne toro, kak Bbl McCronb30Bamu KOMILIEKT OLEHKH M J1ajid, HEKOTOPBIE JAyMalld MOKYIKE
MPEXKAEBPEMEHHBIX NMPOTPAMMHBIX MHCTPYMEHTAJIBHBIX CPEACTB, BBl TOMKHBI TaKXKe paccMoOT-
peTh mocenieHne Kypca ooyuenus. Mx nator maorue usrorosurenu L[CII. Hanpumep, Ananoro-
Bble YCTPOWCTBa MpejiaraloT Kypc oOyueHus 3 mOHsI, MpernojaaBas HECKOJIbKO pa3 B Toj, B
HECKOJIBKUX Pa3IMYHBIX pacroyiokeHusx. OHU - OonbIIoi myTh u3yderus oTHocuTenbHo LICIT
oT 9KcnepToB. CMOTpUTE HA Web caiiTe M3rOTOBUTEIS TSI ITOPOOHOCTEH.

(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru



