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CHAPTER

2 2 Audio Processing
3BykoBas O0padoTKa

Audio processing covers many diverse fields, all involved in presenting sound to human listen-
ers. Three areas are prominent: (1) high fidelity music reproduction, such as in audio compact
discs, (2) voice telecommunications, another name for telephone networks, and (3) synthetic
speech, where computers generate and recognize human voice patterns. While these applications
have different goals and problems, they are linked by a common umpire: the human ear. Digital
Signal Processing has produced revolutionary changes in these and other areas of audio process-
ing.

36ykos6as 0bpabomka 0XBaThIBAET MHOT'O MHBIX 00JIacTel, BOBJICUYEHHBIX B MPEACTABICHUE 3BY-
Ka cnymatensMm. Tpu obnactu Buasbl: (1) Boicokomounoe ocnpoussedenue my3viku, TANIA HA
3BYKOBBIX KOMIIAKT-AUCKAX, (2) eonocosas aunus ceasu, Npyroe Ha3BaHUE TeIeQOHHbBIE CETH, U
(3) cunmemuueckoii peyu, TIe KOMIIBIOTEPBI TCHEPUPYIOT U PACHO3HAIOT YEIOBEUECKHE IoJI0ca.
B To Bpemst KaKk 3TH NMPUIIOKEHUS] UMEIOT Pa3IMyHbIC IIETTH U MPOOJIEMBbI, OHH CBS3aHBI OOLTIM
cyabeil: yenoBedyeckoe yxo. Lludposas OOpaboTka cUrHaIOB MpPOM3BENAa PEBOIIOLMOHHBIE H3-
MEHEHMS B 3THUX U JPYIUX 001acTIX 3ByKOBOM 00pabOTKH.

Human Hearing
YenoBeueckoe 3BYKOBOCIIpUATHE

The human ear is an exceedingly complex organ. To make matters even more difficult, the in-
formation from two ears is combined in a perplexing neural network, the human brain. Keep in
mind that the following is only a brief overview; there are many subtle effects and poorly under-
stood phenomena related to human hearing.

YenoBeueckoe yXo - Ype3BbIYafHO KOMIUIEKCHBIN OsoK. UTOOBI AenaTh BOMPOCHI Aaxke Oojee
TPYIHBIMU, UHPOpPMAIUS OT 08yx yIlIed oO0beAMHEHA B 03aJauMBaIOIIEell HEPBHON CUCTEME, Ye-
JoBedeckoM mosre. Mmelite B By, 4TO CleAyIOIIee - TOJIbKO KPaTKUi 0030p; UMEETCs] MHOTO
TOHKHUX 3(1)C1)CKTOB U IIJIOXO ITOHATBIX HBHGHHﬁ, CBSI3aHHLIX C YCJIOBECYCCKUM 3BYKOBOCITPUATHEM.

Figure 22-1 illustrates the major structures and processes that comprise the human ear. The outer
ear 1s composed of two parts, the visible flap of skin and cartilage attached to the side of the
head, and the ear canal, a tube about 0.5 cm in diameter extending about 3 c¢m into the head.
These structures direct environmental sounds to the sensitive middle and inner ear organs lo-
cated safely inside of the skull bones. Stretched across the end of the ear canal is a thin sheet of
tissue called the tympanic membrane or ear drum. Sound waves striking the tympanic membrane
cause it to vibrate. The middle ear is a set of small bones that transfer this vibration to the coch-
lea (inner ear) where it is converted to neural impulses. The cochlea is a liquid filled tube
roughly 2 mm in diameter and 3 cm in length. Although shown straight in Fig. 22-1, the cochlea
is curled up and looks like a small snail shell. In fact, cochlea is derived from the Greek word for
snail.

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




HAYYHO-TEXHUYECKOE PYKOBOJICTBO 110 IM®POBOW OBPABOTKE CUTHAJIOB

PucyHnok 22-1 wumrocTpupyeT TiIaBHbIE CTPYKTYPBI U MPOIECCH, KOTOPBIE BKIIOYAECT YeIOBEYEe-
cKoe yxo. HapyoicHoe yxo COCTaBIIEHO W3 JBYX YacTeW, HAPYKHOW OOOJOYKH M3 KOXKH U Xps-
ma(yurHoH pakoBUHBI), PUIOKEHHOM COOKY K TOJIOBE, M YUIHOMY KAHAly, TpyOKa MpuOIH3u-
tenapHO 0.5 ¢M B AMaMeTpe, MPOCTUPAIOIIASICS TPUOIU3UTENBHO Ha 3 CM B TOJIOBY. JTH CTPYKTY-
PBI HAIIPABJISAIOT 3BYKH OKPY KAroOIIEH Cpelbl K YyBCTBUTEIBHBIM OpraHaM CpeoHe20 U 6HYMpPeH-
He20 yXa, pacnoJI0KEHHBIM 0€301acHO BHYTPH KocTel uepena. [IpoTsHyT nomnepek KoHIa yIIHoO-
ro KaHalla TOHKasl MOJIOCTh TKAHU HAa3bIBAEMOU 6apabaHHOl nepenoHKol WIH YWHbIM bapaba-
Hom. 3BYKOBBIC BOJIHBI, HAJaBIUBas Ha OapabaHHYIO MEPETOHKY, 3aCTaBISIOT €€ BUOPUPOBATh.
Cpennee yxo - Ha0Op MaJIeHBKUX KOCTEH, KOTOpBIE MEPEatoT 3Ty BUOpauuio yiumke (BHyTpPEeH-
HEe yX0) TJe 3Ta MeXaHW4YecKas BHOpaius TpeoOpa3oBHIBACTCS B HEBPAJIbHBIC HMITYJIBCHI.
YnauTKa - 3amnoiHeHHas KHUJIKOCThI0 TpyOKa rpy0o 2 MM B AuaMeTpe u 3 cM B JUTHMHE. XOTS Ha
puc. 22-1 ynuTka moka3aHa mpsiMOi, Ha caMOM JieJie OHa MCKPUBJICHA W HAIOMHUHAET 00O0JIOUKY
MaJIeHbKOH yumku. @aKTHUECKH, YIUTKA TOITY4YEeHa OT TPEUECKOTO CIIOBA - CHUPATD.
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FIGURE 22-1

Functional diagram of the human ear. The outer ear collects sound waves from the environment and channels them
to the tympanic membrane (ear drum), a thin sheet of tissue that vibrates in synchronization with the air waveform.
The middle ear bones (hammer, anvil and stirrup) transmit these vibrations to the oval window, a flexible membrane
in the fluid filled cochlea. Contained within the cochlea is the basilar membrane, the supporting structure for about
12,000 nerve cells that form the cochlear nerve. Due to the varying stiffness of the basilar membrane, each nerve
cell only responses to a narrow range of audio frequencies, making the ear a frequency spectrum analyzer.
PUCVYHOK 22-1. ®yHKIuOHaNbHAS AXarpaMMa 4eJI0BEYEeCKOro yxa.

Hapy>xHoe yxo coOupaeT 3ByKOBBIC BOJIHBI OT Cpelbl U MPOBOJUT UX 4Yepe3 KaHan K OapabaHHOH mepernoHke (yIu-
HOMYy OapabaHy), TOHKas IOJOCTh TKaHH, KOTOpas BHOPHUPYET CHHXPOHHO ¢ (hopMoi BO3mymrHOW BONHEL Koctu
cpemHero yxa (MOJIOTOK, HaKOBAIIBHS M CK0Oa) IepefatoT 3TH KojeOaHus K OBATHPHOMY OKHY, THOKOW MeMOpaHe B
YIHUTKY 3al0JIHCHHYIO JXUIKOCTBI0. Conepikaluasics B IpeAenax yJIuTKH Oa3anbHas MeMOpaHa, CTPYKTypa Iouiep-
kuBaromas npuoauutensHo 12000 HEPBHBIX KJIETOK, KOTOPBIE (OPMHUPYIOT KOXJeapHBI HepB. V3-3a m3MeHsIo-
nieiics KeCTKOCTH 0a3abHOM MeMOpaHBbl, KaXxIas HepBHAs KJIETKa OTBEYaeT TOJbKO Ha y3KHH Anana3oH 3BYKOBBIX
YacToT, JeJas yXO aHAJIM3aTOPOM CIEKTpa YacToT.

The difference between the loudest and faintest sounds that humans can hear is about 120 dB, a
range of one-million in amplitude. Listeners can detect a change in loudness when the signal is
altered by about 1 dB (a 12% change in amplitude). In other words, there are only about 120 lev-
els of loudness that can be perceived from the faintest whisper to the loudest thunder. The sensi-
tivity of the ear is amazing; when listening to very weak sounds, the ear drum vibrates less than
the diameter of a single molecule!

Pa3HOCTh MEXIy CaMbIMU TPOMKHUMU U CAMBIMU CIa0BIMHU 3BYKaMH, KOTOPBIE JTIOAH MOTYT CITbI-
maTth - npubausutensHo 120 dB, nnama3oH oHO-MWUIMOHHBIX B amrumatyae. Ciaymarean Mo-
TyT 00OHapyXKUBAaTh U3MEHEHUE B TPOMKOCTH, KOTJ[a CUTHAN U3MEHEH npumMepHo 10 1 dB (u3me-
Henue 12 % B ammutyne). Jpyrumu ciioBaMu, UMEIOTCS TOJIbKO mpubnusutensHo 120 ypoBHei
TPOMKOCTH, KOTOPast MOXKET OBITh BOCIPUHATA OT CAMOTO CJIa00T0 MIENOTa 0 CaMOr0 TPOMKOTO
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rpoma. YyBCTBUTENIBHOCTh yXa YAMBHUTEIbHA; MIPU MPOCIYIIMBAHIUHM OYEHb CIAObIX 3BYKOB, Oa-
pabaHHas1 nepernoHKa BUOPUPYIOT MEHBIIE YEM JUAMETP OTJACIbHOW MOJIEKYJIbI!

The perception of loudness relates roughly to the sound power to an exponent of 1/3. For exam-
ple, if you increase the sound power by a factor of ten, listeners will report that the loudness has
increased by a factor of about two (101/ 3 = 2). This is a major problem for eliminating undesir-
able environmental sounds, for instance, the beefed-up stereo in the next door apartment. Sup-
pose you diligently cover 99% of your wall with a perfect soundproof material, missing only 1%
of the surface area due to doors, corners, vents, etc. Even though the sound power has been re-
duced to only 1% of its former value, the perceived loudness has only dropped to about 0.01 13 =
0.2, or 20%

Bocnpusitue rpoMKOCTH MMeeT rpy0oe OTHOLICHHE C MOIIHOCTBIO 3ByKa IO 3KCIOHEHTe 1/3.
Jlns npumepa, ecnu Bel ycunuBaeTe 3BYKOBYIO MOILb B decAmb pa3, CIyLIATENH CKaXyT, 4TO
IPOMKOCTB 3BYKa yBETHUMIACH IPHOTH3HTENBHO B 06a pasa (10" = 2). Do - Baxnas npodiema
JUI yCTPAHEHUS HEXKEIaTeIbHOTO OKPY KAIOLIEro [IyMa, HallpuMep, YCUIIEHHOTO CTEPEO 3a JBe-
prto kBaptupsl. [Ipeanonoxure, yto Bel craparenbHO 3akpbiBaeTe 99 % Bammx CTEH coBep-
IIEHHBIM 3BYKOHETPOHUIIAEMBIM MaTEpHUaIoM, MPOIycKas Tolbko 1 % muIomaan moBepXHOCTH
U3-3a IBEPEH, yIIIOB, BEHTHISALUH, U T.1. Jlake pu TOM, 4TO 3ByKOBast MOIIb ObUIa COKpaIeHa
10 K 1 % ee npexkHero 3HaueHus, BOCIPUHATASI TPOMKOCTh MOHU3MIACh TOJIBKO Ha 0.01 Bz0.2,
uin 20%.

The range of human hearing is generally considered to be 20 Hz to 20 kHz, but it is far more
sensitive to sounds between 1 kHz and 4 kHz. For example, listeners can detect sounds as low as
0 dB SPL at 3 kHz, but require 40 dB SPL at 100 hertz (an amplitude increase of 100). Listeners
can tell that two tones are different if their frequencies differ by more than about 0.3% at 3 kHz.
This increases to 3% at 100 hertz. For comparison, adjacent keys on a piano differ by about 6%
in frequency.

Jnama3oH 4enoBeUecKOro ciryxa, Kak paccMarpuBaercs, Haxomutca mMexnay 20 I'nu 20 kI, HO
ropaszo 0ojiee 4yBCTBUTEIBHO K 3Bykam Mexnay | k' u 4 x['u. Hampumep, cnymarens Moryt
0OHapyXuBaTh 3BYKH CTOJb ke HU3K0 kKak 0 dB SPL B 3 xI'1, HO TpeboBats 40 dB SPL B 100
repu (ammumutyaaoe yBenudeHue 100). Crmymatenn MOTyT COOOIIMTH, YTO JIBa TOHA SIBISIOTCS
OTJIMYHBIMH, €CIIM UX YaCTOTHI OTINYAIOTCS Mpulan3uTenbHo 6osee ueM Ha 0.3 % B 3 xI'1. Ilpu
100 repuax 3to yBenuuuBaercst 10 3 %. s cpaBHEHHUs, CMEXHbIE KJIABUIIN (OPTENbIHO, OT-
JUYAOTCS [0 YaCTOTE NPUMEPHO Ha 6 %.

Br/cm2 Hermmbensr SPL| IIpumep 3Byka
10? 140 dB Boxb
1077 130 dB Huckompopt
Lo 120 dB
T 10 110 dB JIKeK yIapHUK ¥ POK KOHIEPT
® Lo 100 dB
; Lo a0 dB OSHA orpaHu4uTens MPOMBIIUIEHHOTO ITyMa
o [* B0 dB
& .
= o 70 dB
1o a0 dB HopmanbHelil pazroBop
o} 10" 30 dB
E NRE 40 dB EnBa caprmmmeii B 100 Tl
= 30 dB
10 0 dB EnBa ciprmmmenii B 10 kI
o [0 dB
(¢) ABTIK( | (16 0 dB EnBa caprmmmerii B 3 x['1g
1077 -0 dB
101 20 dB
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TABLE 22-1

Units of sound intensity. Sound intensity is expressed as power per unit area (such as watts/cm 2 ), or more com-
monly on a logarithmic scale called decibels SPL. As this table shows, human hearing is the most sensitive between
1 kHz and 4 kHz.

TABJIMLIA 22-1. EnuHuLbI HHTEHCUBHOCTH 3BYKA.

MHTEHCHBHOCTD 3BYKA BBIPOXKEHA KAK MOIIHOCTB HA €IMHMITY IUIOMAny (THrma Bart/cm?), min Gosee 0OBIMHO B JIO-
rapudmMuueckoM Macmrabe HazbiBaeMoM deyuberamu SPL. Kak noka3aHo B TabiwMlie, 4elIOBEYECKUi Ciryx Hanbo-
nee uyBcTBUTENeH Mexay | kI'nu 4 xl'm.

The primary advantage of having two ears is the ability to identify the direction of the sound.
Human listeners can detect the difference between two sound sources that are placed as little as
three degrees apart, about the width of a person at 10 meters. This directional information is ob-
tained in two separate ways. First, frequencies above about 1 kHz are strongly shadowed by the
head. In other words, the ear nearest the sound receives a stronger signal than the ear on the op-
posite side of the head. The second clue to directionality is that the ear on the far side of the head
hears the sound slightly /ater than the near ear, due to its greater distance from the source. Based
on a typical head size (about 22 cm) and the speed of sound (about 340 meters per second), an
angular discrimination of three degrees requires a timing precision of about 30 microseconds.
Since this timing requires the volley principle, this clue to directionality is predominately used
for sounds less than about 1 kHz.

[lepBryHOE MPEUMYIIECTBO HATHYUS JABYX yIIEH - CHOCOOHOCTh MACHTU(UIIMPOBATH HAIPaBIIe-
Hue 3ByKa. UenoBek MOKET 0OHapyKUBAaTh Pa3HOCTb MEXKIY IBYMS HCTOYHHKAMH 3BYKa, KOTO-
pbl€ MOMEILEHBI IPYT OT Apyra B TPEX METpax MpH PacCTOSHUU OT HUX JI0 YesoBeka - 10 MeTpos.
Ota HampaBlieHHas WH(OpMaIKA MOTy4YeHa AByMs OTAEIbHBIMU crioco0amMu. Bo mepBbIX, yacTo-
ThI BBIIIE MPUOIM3UTENBHO 1 K[l CTpOrO 3acionenvl TOMOBOM. JpyrumMu ciioBaMH, yXO pacro-
JIO)KEHHOE ONMKe K MCTOYHHKY 3BYKa, MOJTy4yaeT Oojiee CHIIbHBIN CUTHAI, YeM YXO Ha MPOTHBO-
MOJI0KHOM CTOPOHE T'0JIOBBL. BTOPOI KIIFOY K HaNpaBJIEHHOCTH - TO, YTO YXO Ha AaJbHENH CTOPO-
HE TOJIOBBI CJBIIINT 3BYK CJIETKa MO3Ke, YeM OKOJIO yXa, U3-3a €ro OOJNbIIEro pacCTOSHUS OT HC-
TOYyHUKA. OCHOBBIBAsICh Ha TUIHYHOM pa3Mepe Toj0oBbl (IPUOIU3UTENBHO 22 CM) U CKOPOCTHU
3Byka (mpubnusurensHo 340 MEeTpoB B CEKYHIY), yIJOBOE€ BblAeleHUe(paclo3HOBAHHUE) TPeX
rpaaycoB TpeOyIOT MPEUM3UOHHOCTH CHHXPOHM3AIMU Mpubau3utenbHo 30 MukpocekyHa. Tak
KaK 3Ta CHHXpOHM3AIMs TpeOyeT MpUHIUMA 3anmna(Tpaaa; MoToKa), 3TO KoY K UCIOJIB30BaHUIO
HaNpaBJICHHOCTH MPEUMYIIECTBEHHO /7S 3BYKOB MEHbIIIE YeM npuoam3uTeasao 1 k.

Both these sources of directional information are greatly aided by the ability to turn the head and
observe the change in the signals. An interesting sensation occurs when a listener is presented
with exactly the same sounds to both ears, such as listening to monaural sound through head-
phones. The brain concludes that the sound is coming from the center of the listener's head!

O6ovM 5TMM MCTOYHHMKAM HAMpPaBJICHHOW WH(GOPMAIMU OYEHBb MOMOTAET CIIOCOOHOCTh TOBEP-
HYTh TOJIOBY U HaOJII0/1aTh U3MEHEHHE B CUTHANaX. VIHTepecHOe ONIyIIeHHEe MPOUCXOIUT, KOT1a
CIIIIATEII0 MPEICTABICHBI TOYHO TE K€ Camble 3ByKHM K OOOMM YyIIIaM, THIIa MOHOYpaJIbHO-
ro(MOHO(OHHYECTOr0) CIyIIaHHUs 3ByKa Yepe3 HayIIHUKUA. MO3r 3aK/II0YaeT, YTO 3BYK MCXOIMT
U3 IIEHTPA TOJIOBHI CTyIIaTess!

While human hearing can determine the direction a sound is from, it does poorly in identifying
the distance to the sound source. This is because there are few clues available in a sound wave
that can provide this information. Human hearing weakly perceives that high frequency sounds
are nearby, while low frequency sounds are distant. This is because sound waves dissipate their
higher frequencies as they propagate long distances. Echo content is another weak clue to dis-
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tance, providing a perception of the room size. For example, sounds in a large auditorium will
contain echoes at about 100 millisecond intervals, while 10 milliseconds is typical for a small
office. Some species have solved this ranging problem by using active sonar. For example, bats
and dolphins produce clicks and squeaks that reflect from nearby objects. By measuring the in-
terval between transmission and echo, these animals can locate objects with about 1 cm resolu-
tion. Experiments have shown that some humans, particularly the blind, can also use active echo
localization to a small extent.

B TO BpeMs Kak 4emOBEUYECKHH CIIyX MOXET ONPEACIATh HanpasieHue 3ByKa OT HCTOYHHUKA, OH
IUIOX B MJCHTU(DUKALUU paccmosaHus A0 3ByKOBOTO UCTOYHHKA. DTO - TO, HOTOMY 4TO UMEIOTCSA
HEMHOTO KJIIOUYEH(yJIUK; IPU3HAKOB), JOCTYITHBIX B 3BYKOBOW BOJIHE, KOTOpbIE MOTJIH OBl 0Oec-
neunBaTh 3Ty HH(popManuio. YenoBeueckuil ciyx ciabo pa3indaeT, 4To 3ByKH BBICOKOM 4acTo-
TBI OJIM3JIEXKAIINE, B TO BpEMsl KaK HU3KOYACTOTHBIE 3BYKH OTJAJIEHHBI. JTO - TO, IOTOMY YTO
3BYKOBBIE BOJIHBI PACCEUBAIOT UX Oo0Jiee BBICOKHE YacCTOTHI, KOIJa OHM PacCHpOCTPAHAIOTCSA Ha
JUInHHBIE paccTosHus. ConepkaHue 3X0 - JPyroi crnadblif KoY K pacCTOSHHIO, 0OecreunBast
BOCIIpHSITHE pa3MepoM KoMHaThl. Hanmpumep, 3Byku B 0oiblIoi aynuTopuu OyayT comaepxkartsb,
sxo(oTpaskeHue) uHTepBan npubnusurensHo 100 MuMceKyH, B TO BpeMs kak 10 muimuce-
KyHJl TUIIMYHBI U1 MaJIeHbKOro oguca. HeKoTopyto pasHOBUAHOCTh PELIEHUs ATOH MpoOsieMbl
PaH)XUPOBKH, HCIIOJIB3YET aKMUGHLIU 9X010Kamop(aKTUBHAS THIPOAKyCTHYECKash CTaHIIUsA).
Hanpumep, etyurie MbIIH U Jel1b(UHBI TPOU3BOJAT IIETUKHU, U IUCK, KOTOPbIE OTPAXKAIOTCS OT
Onmu3nexamux o0beKToB. Vi3Mepsist MHTepBall MEX/1y Nepefadeii U OTpakKeHUEM, 3TH KUBOTHBIC
MOTYT OOHAPYKHUBAaTh OOBEKTHI C Pa3peIIAONICH CITOCOOHOCTHIO MPUOIU3UTENBHO 1 cM. DKcme-
PUMEHTHI TOKa3ali, YTO HEKOTOPBIE JIIOAH, OCOOEHHO CIIETble, B MAJICHbKOW CTETEHH, TaKxkKe
MOTYT MCII0JIb30BaTh aKTUBHYIO JIOKAJIU3ALMIO OTPaXKEeHUsA(3X0).

| a. | lez +3 kHIz sine u‘:ul'c:;,: | | b. 1 kll-lz -3 kH;E 5Ine u'm!l.'s
g 1 2 1 i fi A fA
AR AR A AR
s =
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- ! v v v v v
: 0 | 2 3 4 5 B 1 [ 2 3 4 3
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FIGURE 22-2. Phase detection of the human ear.

The human ear is very insensitive to the relative phase of the component sinusoids. For example, these two wave-
forms would sound identical, because the amplitudes of their components are the same, even though their relative
phases are different.

PUCYHOK 22-2. ®a30Boe 00HapyKEHHE YETIOBEUSCKOTO yXa.

YenoBeyeckoe yXO OYEHb HEUYBCTBHTEIBHO OTHOCHUTEIHHO (Pa3bl COCTABIAIONIMX cHHycown. Hampumep, 3T nBe
(hopMBI BOJTHBI 3ByYaTH OBl HIEHTHYHO, IIOTOMY YTO aMAIIUNYObl IX KOMIIOHEHTOB - OJMHAKOBBI, Ia)Ke IPUTOM, YTO
OTHOCHTEIIEHO UX ¢ha3 OHH PA3ITUYHBL

TemOp

The perception of a continuous sound, such as a note from a musical instrument, is often divided
into three parts: loudness, pitch, and timbre (pronounced "timber"). Loudness is a measure of
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sound wave intensity, as previously described. Pitch is the frequency of the fundamental compo-
nent in the sound, that is, the frequency with which the waveform repeats itself. While there are
subtle effects in both these perceptions, they are a straightforward match with easily character-
ized physical quantities.

Bocnpusitue HenpepbIBHOTO 3ByKa, TUIA [TPUMeUaHusi OT My3bIKaJIbHOTO IpUOOpa, 4acTo pasze-
JSIETCSI HA TPU YacTU: TPOMKOCTb, TOH, U TeMOp (siBHas "apesecuHa"). I pomkocms - Mepa UH-
TEHCUBHOCTHU 3BYKOBOM BOJIHBI, KaK MPEIBAPUTENILHO OMUCAHO. JOH - YacTOTa PyHIaMEHTAIbHO-
ro(OCHOBHOT0) KOMIIOHEHTa B 3BYKE, TO €CTh 4acTOTa, C KOTOPBIH (pOPMBI BOJIHBI IOBTOPSETCS
CaMOCTOSITENIbHO. B TO BpeMsi Kak UMEIOTCsI C1ab0BbIpakeHHBIE A(DPEKTHI B 000UX ATUX BOCTIPH-
ATUSAX, OHU - TIPSIMOE COOTBETCTBHUE C JIETKO XapaKTEPHU30BAHHBIMU (PM3NYECKHMHU KOJINYECTBA-
MHU.

Timbre is more complicated, being determined by the harmonic content of the signal. Figure 22-
2 illustrates two waveforms, each formed by adding a 1 kHz sine wave with an amplitude of one,
to a 3 kHz sine wave with an amplitude of one-half. The difference between the two waveforms
is that the one shown in (b) has the higher frequency inverted before the addition. Put another
way, the third harmonic (3 kHz) is phase shifted by 180 degrees compared to the first harmonic
(1 kHz). In spite of the very different time domain waveforms, these two signals sound identical.
This is because hearing is based on the amplitude of the frequencies, and is very insensitive to
their phase. The shape of the time domain waveform is only indirectly related to hearing, and
usually not considered in audio systems.

TembOp Oonbllie YCIOKHEH, ONPENICTIEMBIM COOepHCanuem 2apmMoHuK B curnaie. PucyHok 22-2
WLTIOCTPUpPYET aBe (GOPMBI BOJIHBI, Kaxaas copMHpOBaHa, MpubOaBisis BoiHY cunHyca 1 kI ¢
aMrIuTy1oi 1, k BoiHe cunyca 3 k' ¢ nonosuroii amnaumyost. Pa3HOCT MEXIy STUMU JIBYMS
(opmMamMu BOJIHBI - TO, YTO OJHA Moka3zaHHas B (b) uMmeeT Oosiee BBICOKYIO YAaCTOTy nepesepH)-
myro(uneepmupogannyto nepes nodasiaeHueM. Mznaras gpyroit myTth, ga3a TpeTbeil rapMOHUKU
(3 ') cnBunyTa Ha 180 rpamycoB, o cpaBHEHHIO ¢ OCHOBHOM rapmonukoi (1 xI'm). Heemorps
Ha caMble pa3InyHble POPMBI BOJHBI IOMEHA BPEMEHHU, 3TU J1BA 3BYKOBBIX CUTHAJIA UICHTUYHBI.
37O - TO, MOTOMY YTO CIIyX OCHOBAH Ha amniumyoe 4acToT, U IOYTH HEUYBCTBUTEIBHO K UX (ha-
3e. @opma HopMbI BOJIHBI JOMEHA BPEMEHH TOJIBKO KOCBEHHO CBfA3aHa CO CIyIIAHHWEM, U OOBIY-
HO HE pAaCCMaTPUBAETCS B 3BYKOBBIX CHCTEMAX.

The ear's insensitivity to phase can be understood by examining how sound propagates through
the environment. Suppose you are listening to a person speaking across a small room. Much of
the sound reaching your ears is reflected from the walls, ceiling and floor. Since sound propaga-
tion depends on frequency (such as: attenuation, reflection, and resonance), different frequencies
will reach your ear through different paths. This means that the relative phase of each frequency
will change as you move about the room. Since the ear disregards these phase variations, you
perceive the voice as unchanging as you move position. From a physics standpoint, the phase of
an audio signal becomes randomized as it propagates through a complex environment. Put an-
other way, the ear is insensitive to phase because it contains little useful information.

HeuyBcTBUTENBHOCTD yXa K (ha3e MOXKET ObITh MOHATA, MCCIENys, KaK 3BYK paclpoCTpaHsIeTCs
yepe3 cpeny. [Ipeanonoxxum, uyto BbI citymmaeTe yenoBeka, TOBOPSIIETO MOMEPEK MaJIeHBKOTO
ydaCTKa KOMHATHI. Mpmuoroe u3 3BYKa, JOCTUTArOUICTO BalllnX ymef/'l OTPAKCHO OT CTCHOK, ITOTOJI-
Ka u mona. Tak KaK pacmpocTpaHEHHE 3BYKa 3aBHCUT OT 4acCTOTHI (THIA: OClabiicHHe, OTpaXKe-
HHUC, U pe30HaHC), PA3JINYIHBIC YaCTOThI JOCTUTHYT BAIlICTO yXa pa3JIMYHbBIMU Iy TAMU. JT10 0O3Ha-
Hac€T, YTO OTHOCUTECJIbHAsA (1)333 Ka)KHOﬁ YaCTOTbI UBMCHUTCSA, IMTOCKOJIBKY Br1 NnepeEMEMACTECh 110
KoMHaTe. Tak Kak yXo UTHOpUpPYET 3TU (a3oBble Bapualuu, Bol 4yBCTByeTe rojioc Kak Heuzme-
HAeMblll, TIO Mepe Toro Kak Ber mepememaere nosunuto. C Touku 3peHus Gu3uku, (asza 3ByKo-
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BOTO CUTHAJIa CTAHOBUTCS PaHIOMM3MPOBAHHOM(IIPOU3BOJIBHONU?), TaK KaK pacHpOCTpaHsAeTCs
yepe3 KOMIUIEKCHYIO cpefy. M3maras qpyroil myTh, yXo HEUYBCTBUTENBHO K (pa3e, OTOMY 4YTO
3TO COAEPKUT HEMHOTO TMOJIE3HON HH(POPMALIUH.

However, it cannot be said that the ear is completely deaf to the phase. This is because a phase
change can rearrange the time sequence of an audio signal. An example is the chirp system
(Chapter 11) that changes an impulse into a much longer duration signal. Although they differ
only in their phase, the ear can distinguish between the two sounds because of their difference in
duration. For the most part, this is just a curiosity, not something that happens in the normal lis-
tening environment.

OpHako, HEeNb3sI CKa3aTh, YTO yXO MOJHOCTHIO TIIyXoe K ¢aze. DTo - TO, MOTOMY YTO U3MEHEHHE
(a3pl MOXKET MepPecTpauBaTh 8PEMEHHYI0 NOCIe008amenrbHOCmy (N0CIe008ameNbHOCMb 8peme-
Hu) 3ByKOBOTO curHama. [Ipumep - cuctema miedera (rinaBa 11) KOTOpHIA U3MEHSET UMITYJIBC B
CUTHaJI HAMHOT'O 60.]166 I[HHHHOﬁ NpOaAOJIKUTCIILHOCTH. XOTd OHH OTJIMYAIOTCS TOJBKO IO HX
(aze, yXo MOXKET pa3inyarbh MEKAY JBYMs 3ByKaMH M3-3a UX PA3HOCTH B MPOJIOKUTEIBHOCTH.
I'maBHBIM 00pa3oMm, 3TO - TONBKO JHOOOIBITCTBO, HE KOE-YTO, YTO CIIy4aeTCs B HOPMaIbHOMU cpe-
e TIPOCITYIIINBAHMSL.

Suppose that we ask a violinist to play a note, say, the 4 below middle C. When the waveform is
displayed on an oscilloscope, it appear much as the sawtooth shown in Fig. 22-3a. This is a result
of the sticky rosin applied to the fibers of the violinist's bow. As the bow is drawn across the
string, the waveform is formed as the string sticks to the bow, is pulled back, and eventually
breaks free. This cycle repeats itself over and over resulting in the sawtooth waveform.

[Tpenmonoxum, 4TO MbI MPOCUM, YTOOBI CKpHUIA4 3ayCTWJ NpuMedaHrne(HOTYy; COMPOBOXK/IE-
HHe), ckaxkeM, 4 Hiwke cepenunbl C (0T HOTHI /[o 10 HOTEI Mu? Cwm. puc. 22-4). Korma gopma
BOJIHBI OTOOpakeHa Ha ocluuiorpade, oHa KaXeTcs CUIBHO OCTPOKOHEUHOM Kak MOKa3aHO Ha
puc. 22-3a. DTO - pe3ynbTar JHUMNKOW CMOJBI(KaHU(OIN), MPHIOKEHHON K (CTEKIIO)BOJIOKHAM
HAKJIOHOB ckpumaya. [I0CKoNbKy CMBIYOK BBIBEIETCS MONEPEK CTPYH, opMa BOIHBI cHOPMHUPO-
BaHa, MMOCKOJIbKY CTpyHa MPHAEPKUBACTCS CMBbIYKa(HAKIIOHA), OTCTyMNasi, U B KOHEYHOM CYETE
BBIPBIBACTCSI HA CBOOOIY. DTH MOBTOPEHUS ITUKIIA(TIEPHO/Ia), CAMOCTOsATEIbHO(CaMH ¢e0s1) MHO-
T'0 pa3 MPUBOAAT K OCTPOKOHEYHOH (pOpMeE BOJIHBIL.

Figure 22-3b shows how this sound is perceived by the ear, a frequency of 220 hertz, plus har-
monics at 440, 660, 880 hertz, etc. If this note were played on another instrument, the waveform
would ook different; however, the ear would still hear a frequency of 220 hertz plus the harmon-
ics. Since the two instruments produce the same fundamental frequency for this note, they sound
similar, and are said to have identical pitch. Since the relative amplitude of the harmonics is dif-
ferent, they will not sound identical, and will be said to have different timbre.

Pucynoxk 22-3b mokaspiBaeT, Kak 3TOT 3BYK BOCHPHUHST YXOM, yacTtoTa 220 repii, II0c rapMOHH-
ku B 440, 660, 880 repi, u T.1. Eciu Obl 3T0 npuMeyanne(HOTY, COMPOBOXKICHNE) 3aIyCKaIl Ha
Ipyrom npudope, hopma BOJHBI 8bieisidena Obl Pa3TUIHON; OJHAKO, YXO BCE €IIE CIBIIAIO0 ObI
yactoty 220 repi mitoc eapmonuxky Tak Kak 3T JjBa HHCTPYMEHTA MPOU3BOIAT Ty K€ CaMYIO
(byHIaMEHTaJIbHYI0 YacTOTy JAJIsl 3TOTO NMPUMEYaHUsA(HOTHI; COMPOBOXKJICHHUS), OHU 3BYyuaT IO-
MOOHBIMH, ¥ KaK CUMTAIOT, UMEIOT UIACHTUYHBIN waz(mon). Tak Kak OTHOCUTENbHAS aMIUIUTY/1a
2apMOHUK pa3uyHa, OHU He OyIyT 3By4yaTh WIACHTHUYHO, U OYIyT, KaK CUUTAIOT, UMETh pa3ind-
HBII memop.

It is often said that timbre is determined by the shape of the waveform. This is true, but slightly
misleading. The perception of timbre results from the ear detecting harmonics. While harmonic
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content is determined by the shape of the waveform, the insensitivity of the ear to phase makes
the relationship very one-sided. That is, a particular waveform will have only one timbre, while a
particular timbre has an infinite number of possible waveforms.

Yacro rosopurcs, 4to TeMOp omnpeneneH ¢popmoit (popMbl BOJHBI. ITO UCTUHHO, HO CJIETKa BBO-
muT B 3a0myxnaeHue. Bocmpustue TemMOpa cienyer W3 yxa, OOHapy>KMBAIOMIErO TapMOHH-
ku(¢naxonersi?). B To Bpems kak copep)kaHue TapMOHUK ompeaeseHo (opMoii ¢opMbl BOJIHBL,
HEYyBCTBHUTEIBHOCTh yXa K (pa3e AejaeT OTHOIIEHUs, OYEHb OJHOCTOPOHHUM. To ecTh crenu-
¢uueckas ¢opma BOJIHBI OyAe€T MMETh TOJIBKO OJWH TEMOp, B TO BpeMs Kak Creuu(puuecKuin
TeMOp UMeeT OECKOHEYHOE YMCIIO BO3MOXKHBIX (POopM BOJHBIL. ((hy1a’kosieThl — BO3MOKHO MY3bI-
KaJIbHOE Ha3BaHUE TAPMOHUK TeMOPOBOM OKpAaCKH; aKOMIIAHUMEHTA; CONMPOBOXKICHUS?)

The ear is very accustomed to hearing a fundamental plus harmonics. If a listener is presented
with the combination of a 1 kHz and 3 kHz sine wave, they will report that it sounds natural and
pleasant. If sine waves of 1 kHz and 3.1 kHz are used, it will sound objectionable.

YX0 OYeHb TMPUYYEHHO K CIyMIaHUI0 (yHIAaMEHTAIBHBIX  TOJOXKUTENBHBIX  TapMo-
HuK(¢naxoneroB). Ecnu ciaymarento mpeacraBieHa KOMOWHAIMS CHHYCOMAAIBHOW BOJIHBI |
k[ 1 3 k', OH coo0IaT, YTO 3TO 3BYYUT €CTECTBEHHO U MPHUATHO. Ecim ucnons3yroTcst cuny-
conpanbhbie BOHBI 1 K['11 1 3.1 k['11, 3TO OyAeT 3By4aTh HEKEIATEITHHBIM.

8 T T T 4 T T T T
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FIGURE 22-3. Violin waveform.
A bowed violin produces a sawtooth waveform, as illustrated in (a). The sound heard by the ear is shown in (b), the
fundamental frequency plus harmonics.
PUCYHOK 22-3. Ckpunuunasi ¢popma BOJHBI.
CMBIYKOBasl CKPHITKA TPOU3BOJUT OCTPOKOHEYHYIO (DOPMY BOJIHBI, KaK HJUTIOCTPHPOBAHO B (a). 3BYK, KOTOPBIH
CJIBILINT YXO MOKa3biBaeTcs B (b), OCHOBHON YacTOTHI IUTIOC FApMOHUKHU((praXkoneTst).
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This is the basis of the standard musical scale, as illustrated by the piano keyboard in Fig. 22-4.
Striking the farthest left key on the piano produces a fundamental frequency of 27.5 hertz, plus
harmonics at 55, 110, 220, 440, 880 hertz, etc. (there are also harmonics between these frequen-
cies, but they aren't important for this discussion). These harmonics correspond to the fundamen-
tal frequency produced by other keys on the keyboard. Specifically, every seventh white key is a
harmonic of the far left key. That is, the eighth key from the left has a fundamental frequency of
55 hertz, the 15th key has a fundamental frequency of 110 hertz, etc. Being harmonics of each
other, these keys sound similar when played, and are harmonious when played in unison. For this
reason, they are a// called the note, 4. In this same manner, the white key immediate right of
each 4 is called a B, and they are all harmonics of each other. This pattern repeats for the seven
notes: A, B, C, D, E, F, and G.

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




HAYYHO-TEXHUYECKOE PYKOBOJICTBO 110 IM®POBOW OBPABOTKE CUTHAJIOB

OTO - OCHOBaHHWE CTAHIAAPTHOM MY3BIKAJIbHOHM IIKalbl, KAK WLIIOCTPUPOBAHO (HOpTEITMAaHHOU
KJIaBHAaTypou B puc. 22-4. Haxkatrie camol JaJIbHEW JIeBOM KJaBUIU (hOPTENHUAHO, TPOU3BOIUT
OCHOBHYIO 4acToTy 27.5 repl, MOJOXUTENIbHbIe rapMOoHUKU((axoneTsl) B 55, 110, 220, 440,
880 repir, u T.1. (MMEIOTCS Tak)Ke TapMOHUKHU((HIaXKOIETHI) MEKTy ITHMH 4acTOTaMU, HO OHH HE
BA)XHBI JIJIs1 3TOTO OOCYKIEHHs). DTH TapMOHHUKH((PIakoseTsl) COOTBETCTBYIOT OCHOBHOW Hac-
TOTE, NMPOU3BEACHHON APYTMMH KJIaBHIIAMHU Ha KiaBuatype. OmnpeneneHHo, Kaxnaas celpMas
Oenasi KyaBuIIa - rapMOHMKa((IaxxoneT) JanbHel JeBoi KiaBUIIM. To €CTh BOChMasl KJIaBUINIA
CJIeBa UMEET OCHOBHYIO 4acTOTy 55 repil, 15-asg kinaBuina uMeeT oCHOBHYI0 yactoty 110 repi, u
T.1. Byayun rapmonukamu(duaxoneramu) Ipyr Apyra, 3TH KJIABUIINA U3JAIOT MOJOOHBIN 3BYK
KOI'Zla Ha)KaThbl, 1 TAPMOHUYHBI KOTJa Ha)KaTbl COBMECTHO. [10 3TO# MpuYKHE, OHM BCE HA3bIBA-
10TCSl HOTOM, A. TakuMm xe oOpa3zom, Oenast KJaBHIlla HEOCPEACTBEHHO CIIpaBa OT KaKJI0W Ha-
3bIBaCTCS B, 1 OHU — gce (KiaBuIu B) rapMOHUKH((IaKOIEThI) APYT Apyra. DTOT oOpaszelr mo-
BTOpsieTcs A cemu HOT: A, B, C, D, E, F, u G.

BCDEFG BOCDEFG RBUODEFG BOCDEFG BUODEFG BRODEFG BCUOCDEFG RBO

R B S B T

M- 2T 5 He A-55Hz A-TI0Hz A-J20H 40 Hz M- BRO H2 A= 1760 He A- 3520 Hz

- 262 He

(Middle Cy
FIGURE 22-4. The Piano keyboard.
The keyboard of the piano is a logarithmic frequency scale, with the fundamental frequency doubling after every
seven white keys. These white keys are the notes: 4, B, C, D, E, F and G.
PUCYHOK 22-4. ®opTenuanHas KiaBuaTypa.
KnaBuarypa dopTenuano - rocapugmuseckuil 9acTOTHRIA MacTa0(1Ikana), ¢ OCHOBHOW 4aCTOTOM, y/IBaUBAIOIICH-
¢sl IIOCJIE KaXKIBIX CeMH OebIX KiIaBuIl. JTH Oeible KiaBumu - HOTel: A, B, C, D, E, F u G.

The term octave means a factor of two in frequency. On the piano, one octave comprises eight
white keys, accounting for the name (octo is Latin for eight). In other words, the piano’s fre-
quency doubles after every seven white keys, and the entire keyboard spans a little over seven
octaves. The range of human hearing is generally quoted as 20 hertz to 20 kHz, corresponding to
about 2 octave to the left, and two octaves to the right of the piano keyboard. Since octaves are
based on doubling the frequency every fixed number of keys, they are a logarithmic representa-
tion of frequency. This is important because audio information is generally distributed in this
same way. For example, as much audio information is carried in the octave between 50 hertz and
100 hertz, as in the octave between 10 kHz and 20 kHz. Even though the piano only covers about
20% of the frequencies that humans can hear (4 kHz out of 20 kHz), it can produce more than
70% of the audio information that humans can perceive (7 out of 10 octaves). Likewise, the
highest frequency a human can detect drops from about 20 kHz to 10 kHz over the course of an
adult's lifetime. However, this is only a loss of about 10% of the hearing ability (one octave out
of ten). As shown next, this logarithmic distribution of information directly affects the required
sampling rate of audio signals.

TepMuH OKTaBa O3HAYACT KOdPpuyuenm(paxmop) osa 6 wacmome. Ha doprennano, omHa Ok-
TaBa BKJIFOUAET BOCEMb OCIBIX KJIABHUII, OOBSICHSS Ha3BaHUE okmasa (0Cto JTATUHCKOE 80CEMb).
Jlpyrumu cioBaMu, 4acToTa (GOpTEMUAHO YIBAUBACTCS MOCIE KKABIX CeMH OeNbIX KIIaBHII,
TIOJTHAs KJIAaBUATypa OXBaThIBAET HEMHOTO OoJiee 4YeM CeMb OKTaB. J(Mama3oH 4el0BEYECKOTrO
ciayxa BoooOme mutupyetcst kak 20 repir 10 20 k['11, COOTBETCTBYIOMIMX 72 OKTaBbI CIIEBA, U IBYX
OKTaB cIipaBa Ha OpTEMUAHHON Ki1aBuaType. Tak Kak OKTaBbl OCHOBAaHbI HAa YJBOCHUH YaCTOTHI
KaX/1asi yCTAaHOBJIGHHOE YHUCIIO KJIABHIL, OHHU - Jlo2apugmuyeckoe TIPEICTABICHNE YaCTOTHL. ITO
Ba)XHO, TIOTOMY 4YTO 3BYKOBas MH(POPMAIUs BOOOIIE PACIPEACISICTCS STHM )K€ CaMBIM ITyTEM.
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Hanpumep, Tak MHOTO 3BYKOBOM HH(popMaluu HecyT B okTtaBe Mexxay S0 repu u 100 repi, kak B
oktaBe Mexay 10 kI'm u 20 x['m. Jlaxke mpu ToMm, 4To (OpTENMHAHO MOKPHIBAET(OXBATHIBAECT)
TOJBKO MpuOIM3uTenbHo 20 % 4yacToT, KOTopble Jtoau MoryT cibimath (4 kI - 20 x['1), aTo
MO>KET MPOU3BOIUTE OoJbIie yeM 70 % 3ByKOBOM MHOpMAIINH, KOTOPYIO JIOIH MOTYT BOCIIPH-
Humatb (7 u3 10 okTaB). AHAJIOTUYHO, caMasi BHICOKAsl YaCTOTA YEJIOBEKa MOXKET OOHAPYKHUBATh
nepenaapl npuomm3uTeabHo oT 20 k['m mo 10 k[ B TeueHWe MPOODKUTEILHOCTH JKU3HU
B3pocioro. OgHaKko, 3TO - moTepst TOIbKO MpubIM3uTeNbHO 10 % crocobHOCTH cityxa (OAHA OK-
TaBa U3 jaeciaTH). Kak mokasaHo gaipliie, 3TO JorapuMHUUEcKoe pacmupeescHue nHPopMaiuu
HETOCPECTBEHHO BO3/ICHCTBYET Ha TPeOyEeMYIO yacmomy 6bl00OpKU ay AMOCUTHAJIOB.

Sound Quality vs. Data Rate
KauecTBo 3Byka nporuB CKOpOCTH nepeaayu JaHHbIX

When designing a digital audio system there are two questions that need to be asked: (1) how
good does it need to sound? and (2) what data rate can be tolerated? The answer to these ques-
tions usually results in one of three categories. First, high fidelity music, where sound quality is
of the greatest importance, and almost any data rate will be acceptable. Second, telephone
communication, requiring natural sounding speech and a low data rate to reduce the system
cost. Third, compressed speech, where reducing the data rate is very important and some un-
naturalness in the sound quality can be tolerated. This includes military communication, cellular
telephones, and digitally stored speech for voice mail and multimedia.

[Tpu npoekTupoBaHUM UPPOBOI 3BYyKOBON CUCTEMBI UMEIOTCS JBa BOMPOCA, KOTOPBIE JOJDKHBI
3amath: (1), kak xopomro TpedyeTcst 3Bydarb? u (2), Kakasi CKOPOCTh Mepeayl JaHHBIX MOXKET
nomyckatecsi? OTBET Ha 3TH BOMPOCH OOBIYHO MPUBOIUT K OJHOM M3 Tpex KaTeropuii. Bo mep-
BBIX, BBICOKAS TOYHOCTH MY3BIKH, TJI¢ 3ByKOBOE Ka4eCTBO MMEET CaMyIO OOJIBITYI0 BaKHOCTD,
W TIOYTH J100as CKOPOCTh MEpeaud JaHHbIX, OyneT mpuemsieMa. Bo BTOphIX, TesiedoHHasI
CBSI3b, TPEOYET HATYPATBHBINA(ECTECTBCHHBIN ) 3BYK PEUH 1 HU3KYIO CKOPOCTh MIEpeIavur JTaHHBIX
YTOOBI IPUBECTH CTOMMOCTh CHCTEMBI. TpeThe, cikaTasi pedb, TI¢ COKpAIEHHEe CKOPOCTH Tepe-
JTa9¥ TAHHBIX OYCHb BAXKHO W HEKOTOpas HEECTCCTBEHHOCTh KaYECTBE 3BYKa, MOXKET JIOIYCKaTh-
csi. DTO BKJIIOYAET BOGHHYIO CBSI3b, SYCHCTHIE TEIC(POHBI, U XpaHEHUHU peun B nudpoBoii popme
JUTSL 3BYKOBOW TIOYTHI U MYJBTUME/IHA.

Table 22-2 shows the tradeoff between sound quality and data rate for these three categories.
High fidelity music systems sample fast enough (44.1 kHz), and with enough precision (16 bits),
that they can capture virtually all of the sounds that humans are capable of hearing. This mag-
nificent sound quality comes at the price of a high data rate, 44.1 kHz x 16 bits = 706k bits/sec.
This is pure brute force.

Tabnuua 22-2 noka3bIBaeT CACIKY MEXy KaueCTBOM 3BYKa U CKOPOCTBIO NIepeaayyl TaHHbBIX IS
9THUX TpeX Kareropuil. My3bIKajlbHbIE CUCTEMBbI BEICOKOM TOUHOCTH IPOU3BOIAT BBIOOPKY JOCTa-
TOYHO OBICTPO (44.1 kI'11), ¥ ¢ TOCTATOYHON MPEIU3UOHHOCTHIO (16 OUTOB), TAK YTO OHU MOTYT
¢bukcupoBaTh (HaKTUUECKHU BCE 3BYKH, KOTOPBIE JIFOJU CIIOCOOHBI CIBIMIATh. DTO BEJIMKOJICITHOE
3BYKOBO€ KaueCTBO IIEHOW BBICOKOW CKOpOCTH mepenauyn aaHHbIX, 44.1 kHz x 16 bits = 706k
bits/sec. D10 - uncroe pemenue "B 100" (CHIIOBOE).

Whereas music requires a bandwidth of 20 kHz, natural sounding speech only requires about 3.2
kHz. Even though the frequency range has been reduced to only 16% (3.2 kHz out of 20 kHz),
the signal still contains 80% of the original sound information (8 out of 10 octaves). Telecom-
munication systems typically operate with a sampling rate of about 8 kHz, allowing natural
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sounding speech, but greatly reduced music quality. You are probably already familiar with this
difference in sound quality: FM radio stations broadcast with a bandwidth of almost 20 kHz,
while AM radio stations are limited to about 3.2 kHz. Voices sound normal on the AM stations,
but the music is weak and unsatisfying.

[IpyauMas BO BHUMaHHE, YTO My3blKa TpeOyeT MUpHHBI MMosockl yacToT 20 kI, 3ByK HaTy-
payibHOM peun TpeOyeT ToiapKo mpudmusurensbHo 3.2 kl'n. /lake mpu TOM, 4TO YaCTOTHBIN Jua-
na3oH ObuT cokpatieH K Toibko 16 % (3.2 x['u u3 20 x['1), curnan Bce eme coaepkut 80 % nep-
BOHayanbHOU MH(pOpMarun 3Byka (8 u3 10 okras). TereKOMMYHUKAIIMOHBIE CUCTEMBI TUITMYHO
OTIEPUPYIOT C YaCTOTOW BBIOOPKH MPUOIM3UTETHHO 8 KI'II, TT03BOJISASA 3BYK HATypPAJIbHOW pPEYH,
HO OYEHb IIPUBEJIECHHOE MY3bIKAJIBHOE KaUeCTBO. BBl BEPOSATHO y’K€E 3HAKOMBI C 3TOW Pa3HOCTBIO
B KQUeCTBE 3BYyKa: paaroctanimu UM nepenaroT o paauo ¢ MMUPUHOMN MOJIO0Chl 4acTOT 1oyt 20
k['11, B TO Bpemst kak — paguoctaniiuu AM, orpanndensl npubiausurensHo 3.2 k. ['onoca 3By-
4yaT, HOpMajabHO HAa — AM CcTaHLIMAX, HO My3bIKa cjaba U HeYJOBJIETBOPUTEIIbHA.

Voice-only systems also reduce the precision from 16 bits to 12 bits per sample, with little no-
ticeable change in the sound quality. This can be reduced to only 8 bits per sample if the quanti-
zation step size is made unequal. This is a widespread procedure called companding, and will be
discussed later in this chapter. An 8 kHz sampling rate, with an ADC precision of 8 bits per
sample, results in a data rate of 64 kbits/sec. This is the brute force data rate for natural sounding
speech. Notice that speech requires less than 10% of the data rate of high fidelity music.

CucTeMbl TOJIBKO - TOJIOC - TaK)Ke MPUBOJAT NMPEIU3HOHHOCTH OT 16 6UTOB K 12 GUTOB Ha BBI-
00pKy, ¢ HEOOIBIINM 3HAYUMBIM W3MEHEHHEM B Ka4ecTBE 3BYyKa. DTO MOKET ObITh COKpAIICHO
BCETO K 8 OMTaM Ha BBIOOPKY, €CITM pa3Mep I1ara KBAaHTOBAHUS C/eJaH HEPaBHBIM. DTO - HIMPO-
KO pacmpocCTpaHEHHas Mpolielypa Ha3blBaeMas KOMIAHANPOBaHUEM, OyJIeT 00CyXk/IeHa TM03Ke
B 9TOi rmaBe. YacroTa BeiOopku 8 kI'11, ¢ mperu3nonHocThio AL 8 6uToB Ha BEIOOPKY, MIPUBO-
JIUT K CKOPOCTH Tepeavyn JaHHBIX OUTOB 64 kbits/sec. DTo - CKOPOCTh TIepenaun JaHHBIX peute-
Hus "6 106" U1 HATYPaJIBHOTO 3BydaHus peun. OOpaTuTe BHUMaHUE, YTO Peyb TpeOyeT MEHbIIe
yeM 10 % ckopocTH nepenayn JaHHBIX MY3bIKA BBICOKOH TOYHOCTH.

. . : . Sampling Number Data rate .
Sound Quality Required Bandwidih X . Comments
Q yReq rate of bits (bits/sec)
High fidelity music SHzto 44.1 kHz [ & bit T06k Satisfies even the most picky
1.;_‘|_‘|:['||F|.ﬂ|;_'|_ disc)h 20 kHz audiophile. Better than
' human hearing.
Telephone quality speech 200 Hzto & kH= |2 hit 96k Good speech quality, but
3.2 kHz very poor for music,
{with companding) 200 Hz to 8 kHz & hit Bk Monlinear ADC reduces the
) 3.2 kHz data rate by 30%. A very
common technigue.
Speech encoded by Linear 200 Hz to SkHz 12 hit 4k DSP speech compression
Predictive Coding 3.2 kHz technique. Very low data
b rates, poor voice quality.

TABLE 22-2

Audio data rate vs. sound quality. The sound quality of a digitized audio signal depends on its data rate, the product
of its sampling rate and number of bits per sample. This can be broken into three categories, high fidelity music (706
kbits/sec), telephone quality speech (64 kbits/sec), and compressed speech (4 kbits/sec).

TABJIMLIA 22-2
(c) ABTOKC, Canxr-IlerepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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CKOpOCTh Tepeiaun 3BYKOBBIX JaHHBIX MPOTHB KauecTBa 3ByKa. 3BYKOBOE KAuyeCTBO IU(PPOBOrO ayanOCHUrHajia
3aBUCHT OT €r0 CKOPOCHU nepedayil Oanubix, POAYKTa U3 €r0 YaCTOThI BHIOOPKU U YUCIia OUTOB Ha BBHIOOPKY. DTO
MOJKET OBITh pa30MTO HAa TPU KATErOpUH, My3bIKa BbICOKOM TouHOCTH (706 kbits/sec), peusb kauecTBa Tenedona (64
kbits/sec), u cxxaras peds (4 kbits/sec).

The data rate of 64k bits/sec represents the straightforward application of sampling and quantiza-
tion theory to audio signals. Techniques for lowering the data rate further are based on compress-
ing the data stream by removing the inherent redundancies in speech signals. Data compression
is the topic of Chapter 27. One of the most efficient ways of compressing an audio signal is Lin-
ear Predictive Coding (LPC), of which there are several variations and subgroups. Depending
on the speech quality required, LPC can reduce the data rate to as little as 2-6 kbits/sec. We will
revisit LPC later in this chapter with speech synthesis.

CkopocTb nepenaun JaHHbIX 64k bits/sec mpencTaBiseT MpsSMOE MPHIIOKEHHE OCYIIECTBICHUS
BBIOOPKM M TEOPUM KBAHTOBaHMS K ayAHOCUrHajaM. MeTozbl Al MOHMKEHHUsI CKOPOCTH Iepe-
Jlauy JaHHBIX J1aJie€ OCHOBAHBI HA CKaTHM MOTOKA JAHHBIX, yJAajsas U30BITOK CBONCTBEHHBIN pe-
yeBbIM curHaiaMm. Cxarue JlanHbIX — Tema riaBbl 27. OauH u3 Hanbosnee 3pPEeKTUBHBIX MyTel
ckarug ayauocurtana — Jimneiinoe npornosupymomee Koauposanne(Konuposanue ¢ JIunen-
ueiM [Ipenckazanuem; JIuneiinoe [IpenukruBnoe Komuposanue; JIIIK), B koTopoM nmeercs He-
CKOJIBKO Bapuanuii 1 noarpynm. B 3aBucumoctu ot Tpedyemoro peueBoro kadectsa, LPC mo-
KET MPUBOAUTH CKOPOCTh MEpeJauyd JaHHBIX Kak Maible(He3HauuTenbHbIe) 2-6 2-6 kbits/sec.
Mp1 noBTopHO nocetuM LPC mo3z»ke B 3TOH riaBe ¢ cunme3om peyu.

High Fidelity Audio

Bricokas 3BykoBasi TounocTs

Audiophiles demand the utmost sound quality, and all other factors are treated as secondary. If
you had to describe the mindset in one word, it would be: overkill. Rather than just matching the
abilities of the human ear, these systems are designed to exceed the limits of hearing. It's the only
way to be sure that the reproduced music is pristine. Digital audio was brought to the world by
the compact laser disc, or CD. This was a revolution in music; the sound quality of the CD sys-
tem far exceeds older systems, such as records and tapes. DSP has been at the forefront of this
technology.

JIrobuTenu 3BYKOTEXHUKU TPEOYIOT MPEIEebHOTO 3BYKOBOE KAayecTBa, M BCE Apyrue (hakTopsl
o0OpaboTanbl Kak BropuuHble. Ecniu Ob1 Bbl ObUIM JOMKHBI onucaTh mindset (keanuguyuposan-
Hblll HAOOp?) OTHUM CIIOBOM, 3TO OBLTO OBbI: MaccoBoe youiicTBo. Ckopee 4eM TOJIBKO COOTBET-
CTBHE CIIOCOOHOCTSIM 4YEJIOBEYECKOT'O yXa, 3TH CHUCTEMbI NpEeIHAa3HAYEeHbI, YTOObI npegzotimu
MIPEeITbl CITyXa. JTO - €IMHCTBEHHBIH CIIOCO0 yOEIUTHCS, YTO BOCIIPOM3BEICHHAsI MY3bIKa IIep-
Bo3/aHHas. [{udppoBoii 3Byk ObUI MPUHECEH K MUPY KOMNAKTHBIM Ja3epPHbIM IHCKOM, WIH
CD. D10 OBUT IEPEBOPOT B MY3BIKE; 3BYKOBOE KauecTBO cucteMbl CD manexo mpeBsImiaeT crap-
IIM€ CUCTEMBI, TUIIAa IPAMIUIACTHHOK M MarHuUTHbBIX JIEHT JeHT. [IOC 6bu1 B LIEHTpe AeATeNbHO-
CTH 3TOW TEXHOJIOTHH.

Figure 22-5 illustrates the surface of a compact laser disc, such as viewed through a high power
microscope. The main surface is shiny (reflective of light), with the digital information stored as
a series of dark pits burned on the surface with a laser. The information is arranged in a single
track that spirals from the outside to the inside, the same as a phonograph record. The rotation of
the CD is changed from about 210 to 480 rpm as the information is read from the outside to the
inside of the spiral, making the scanning velocity a constant 1.2 meters per second. (In compari-
son, phonograph records spin at a fixed rate, such as 33, 45 or 78 rpm). During playback, an op-
tical sensor detects if the surface is reflective or nonreflective, generating the corresponding bi-
nary information.

(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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PucyHok 22-5 WILTIOCTPUPYET MOBEPXHOCTh KOMIIAKTHOTO JIa3€pPHOrO IUCKA, TUIIA TPOCMOTPEH-
HOTO uepe3 MOILIHBIN MUKpocKon. OCHOBHAs MOBEPXHOCTH OJecTsias (0TpaXkaer CBeT), ¢ mud-
poBoii UH(pOpMaIHMEl, COXpaHEHHON KakK PsJ TEMHBIX SIM, BBDKKEHHBIX Ha MOBEPXHOCTH Ja3e-
poM. Mudopmanus pa3meniaercss B €IMHCTBEHHON OPOXKKE, KOTOpask PacHoOIOkKeHa CIUPANIbIO
OT BHEIIIHEW 10 BHYTPEHHEH 4YacTH NHCKa, TaK K€, Kak jJenaer 3amuch (Gonorpad. Bpamenue
KOMITAKT-JINUCKA wusmensiercs npubmu3utensHo ot 210 g0 480 060poTOB B MUHYTY, IO Me-
pe Toro kak MHGOpMaIUs YUTAETCsl OT BHEUIHEH MO BHYTPEHHEH 4YacTH CIUpaiu, Jenas CKOo-
pOCTh MpocMOTpa MOCTOSTHHOM 1.2 MeTpa B cexyHny. ([l cpaBuenun, poHorpad aenaer 3anuch
BpaIieHus: ¢ (GUKCUPOBAHHOM CKOPOCTHIO, THMa 33, 45 unu 78 obopora B MUHYTY). B Teuenue
BOCIIPOM3BEICHUS, ONITUYECKUN JAaTYMK OOHApYX HUBAeT, peIeKCUBHA WK Hepe(IeKCHBHA TO-
BEPXHOCTb, F€HEPUPYS COOTBETCTBYIOIINE JBOMYHBIC TaHHbIC.

As shown by the geometry in Fig. 22-5, the CD stores about 1 bit per (um)2 , corresponding to 1
million bits per (mm)2 , and 15 billion bits per disk. This is about the same feature size used in
integrated circuit manufacturing, and for a good reason. One of the properties of light is that it
cannot be focused to smaller than about one-half wavelength, or 0.3 pum. Since both integrated
circuits and laser disks are created by optical means, the fuzziness of light below 0.3 um limits
how small of features can be used.

Kak mokazano reometpueii B puc. 22-5, KOMITAKT-/IUCK coxpansier nmpubnu3utensHo 1 qBo-
MuHbIA paspsia(GuT) Ha(um)’, coOTBETCTBYs | MHIUIMOHY OUTOB Ha mm’, u 15 Mumtrapaam Gu-
TOB Ha JHWCK. JDTO - OTHOCHTEIHHO TOT K€ pa3Mep pa3Mepa 0COOCHHOCTH(IPOCTPAHCTBA), MC-
MOJIb3YEMOT0 B  HMHTETPAJBHBIX CXEMaxX IMPOMBIIUIEHHOCTbIO, W CEPhE3HOE OCHOBa-
Hue(coobpakenue). OMHO U3 CBOMCTB MHAUKATOPA - TO, YTO 3TO HE MOXKET OBITh COCPEOTOYCHO
K MEHBIIEMY, YeM OTHOCHUTEJIBHO MOJOBHUHBI AMUHBI BONHBI, win 0.3 pm. Tak kak o0e u uHTe-
TpaJbHBIX CXEMBI U JIa3ePHBIC TUCKUA CO3AAHBI ONTUYECKHUMH CPEICTBAMH, HEYETKOCTh MHIUKA-
Topa Hike npeaena 0.3 pm, kKak MaJeHbKas U3 0COOCHHOCTEH MOYKET UCIIOIb30BaThCS.

FIGURE 22-5. Compact disc surface.
Micron size pits are burned into the sur-
face of the CD to represent ones and
zeros. This results in a data density of 1
bit per um 2 , or one million bits per mm
2 . The pit depth is 0.16 pm.

L
P =y

_*_ pit width

1.6 pm
track spacing

PUCYHOK 22-5. TIoBEpXHOCTb KOM-
MaKT-TUcKa. SIMBI pasmepoMm | MHKpPOH
BBDKKCHBI Ha [IOBEPXHOCTHU
KOMITAKT-JIUCKA, 4rto0sl mpexcra-
BUTh U | ¥ HyITU. DTO IPUBOIUT K IIJIOT-
HOCTH 3aIlMCH JaHHBIX 1 bit Ha pmz, WIN "‘I l"‘ "“I I""
OIMH MWUIMOH bits Ha mm?>. I'myOuna 0.8 pm i length 3.5 pm maximum length
aMkd - 0.16 pm.

readout
direction

Figure 22-6 shows a block diagram of a typical compact disc playback system. The raw data rate
is 4.3 million bits per second, corresponding to 1 bit each 0.28 um of track length. However, this
is in conflict with the specified geometry of the CD; each pit must be no shorter than 0.8 pm, and
no longer than 3.5 um. In other words, each binary one must be part of a group of 3 to 13 ones.
This has the advantage of reducing the error rate due to the optical pickup, but how do you force
the binary data to comply with this strange bunching?

Ha pucynke 22-6 nokazaHa 0J0K-CXeMa TUITMYHON CUCTEMBI BOCTIPOM3BEACHHUS KOMIIAKT-IUCKA.
CkopocTb nepenay UCXOAHBIX JaHHBIX - 4.3 MIJUIMOHA OUTOB B CEKYHAIY, COOTBETCTBYS 1 IBO-
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nYHOMY pa3psay(outy) Ha kaxapie 0.28 um amuHbl 10pokku(poHorpammbl). OnHAKO, ITO Ha-
xonutcs B KoH(pmukTe ¢ ykazanHou reomerpueit KOMITAKT-JIUCKA; kaxnas siMa TOJDKHA
ObITh He Kopoue yeM 0.8 um, u 6onbme yem 3.5 pm. Jpyrumu cioBamu, Kakaas TBOMYHAs eou-
HUya NOIHKHA OBITh YaCThIO TPYNINBI U3 OT 3 110 13 edunuy. ITO UMEET MPEUMYIIIECTBO COKpaIlie-
HUSl ypOBEHb OMIMOKM M3-32 ONTHYECKOT'O 3aXBaTa(3BYKOCHHMATeElNs), HO Kak BbI BbIHYyXIaeTe

JIBOMYHBIC TAHHBIE BHIIOJIHATH 3TO CTPAHHOE IPYNIUpPOBaHUE?
(
The answer is an encoding scheme called eight-to-fourteen modulation (EFM). Instead of di-

rectly storing a byte of data on the disc, the 8 bits are passed through a look-up table that pops
out 14 bits. These 14 bits have the desired bunching characteristics, and are stored on the laser
disc. Upon playback, the binary values read from the disc are passed through the inverse of the
EFM look-up table, resulting in each 14 bit group being turned back into the correct 8 bits.

OTtBer - cxeMa KOJUpOBaHUsl Ha3piBaeMas moayJsnueii '"Bocemb K yerbipHaguatu' (EFM).
BwmecTo HemocpenCTBEHHO COXpaHEHHWs OailiTa JaHHBIX Ha JUCKE, 8§ OWTOB IMPOITyCKAIOT Yepe3
TaONIUIly IEPEKOTUPOBKH, KOTOpasi BEITANKUBAET 14 6MTOB. DT 14 OUTOB UMEIOT KenaTeIbHbIe
XapaKTEePUCTUKU TPYMIHUPOBAHUSA, U COXPAHEHBI Ha Jia3epHOM nucke. [Ipu BocmpousBeneHuH,
3HAUEHUS! ABOUYHBIX KOJOB YHTAIOTCS C JIMCKA, MPOXOIAT Yepe3 WHBEPCHIO(IEKOIUPOBKY)?)
EFM Ttabnuupl nepexoaupoBKU(KOHBEPTEp YacTOThl BbIOOPKHU?), MpUBOAS K Ipynmnam mo 14
JIBOMYHBIX  Pa3psiioB(OUT) Kaxaas, KOTOPYIO TIOBOPAuMBAIOT OOpaTHO B  MPaBUIb-
HbIe(KOPPEKTHBIE) 8§ OUTOB.

16 bit samples at 44.1 kHz 706 Kbits/sec)

== Compact disc
I Left channgel
Sample
l.“[[: - -] 14 hit Bessel Poweer !
converter ™ DAC = Filter Amplifier Speaker
[=4)
Optical HEY Reed-
pickup - decoding - -‘“‘]f'm_“ﬂ
decoding - I
Sample )
rul:!c - 14 bt Hessel Poswver _
COMVETTET - DAC ® Filter ) Amplificr Speaker
/ (x4)
AL Right channel

|’4_? zl'fu")!'.l'.i.-".iff‘_,l 16 hit _,I.“”rpl!"r__,j.

I 14 bir samples
arf 441 kHz e
(706 Kbits/sec) @ 176.4 kilz

FIGURE 22-6
Compact disc playback block diagram. The digital information is retrieved from the disc with an optical sensor, cor-
rected for EFM and Reed-Solomon encoding, and converted to stereo analog signals.

PUCYHOK 22-6

Brnok-cxema Bocrpou3BelleHHsI KOMIIAKT-ucka. [{ndposas nHpOpMaIys BOCCTaHOBIEHA(OTHICKAHA) C JIUCKA C OIl-
TUYECKAM AaT4ukoM, ucrpasieHa EFM(Mmonxymsueit 8 x 14) u kogupoanneMm Puna ComomoHa, n mpeoOpa3oBa-
Ha(KOHBEPTHPOBAHA) B aHAJIOTOBBIE CTEPEOCUTHAIIBL.

In addition to EFM, the data are encoded in a format called two-level Reed-Solomon coding.
This involves combining the left and right stereo channels along with data for error detection and
correction. Digital errors detected during playback are either: corrected by using the redundant
data in the encoding scheme, concealed by interpolating between adjacent samples, or muted by
setting the sample value to zero. These encoding schemes result in the data rate being tripled,
1.e., 1.4 Mbits/sec for the stereo audio signals versus 4.3 Mbits/sec stored on the disc.

B nononnenue k EFM, nannbie 3akoaupoBaHbl B popMarte, Ha3bIBAEMOM KOJI0M € JABYMsI YPOB-
Hsamu Puna CosomoHna. J1o BkItouaeT B cebsa(mopazymMmeBaeT) 00beIMHEHUE JIEBBIX U MPABBIX
KaHAJIOB CTEPEO HapsAy C JaHHBIMHU JUIsi OOHapy>kKeHHs ommOOK W ucmpabiieHus. Lludpossie
(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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OIIMOKY, OOHAPYKEHHBIE B TEUCHHUE BOCIIPOU3BEICHUS - TAKIKE: UCHPABIEeHbl, WCIIONB3Ys N30bI-
TOYHBIC JTAHHBIE B CXEME KOJIUPOBAHMUS, CKPbIMOLU WHTEPIOIUPYS MEXIY CMEKHBIMU BBIOOPKa-
MU, WIH ApUueIyulenHol, yCTaHABINBas 3HAYEHUE BBIOOPKH K HYJIO. DTH CXEMbl KOJIMPOBAHUS
MPUBOIAT K YTPAaUBAEMOW CKOPOCTH Tepeavyu JaHHBIX, TO €CTh, 1.4 Mbits/sec ayis ayimocuraa-
70B crepeo npoTuB 4.3 Mbits/sec coxpaHeHUs Ha TUCKE.

After decoding and error correction, the audio signals are represented as 16 bit samples at a 44.1
kHz sampling rate. In the simplest system, these signals could be run through a 16 bit DAC, fol-
lowed by a low-pass analog filter. However, this would require high performance analog elec-
tronics to pass frequencies below 20 kHz, while rejecting all frequencies above 22.05 kHz, 2 of
the sampling rate. A more common method is to use a multirate technique, that is, convert the
digital data to a higher sampling rate before the DAC. A factor of four is commonly used, con-
verting from 44.1 kHz to 176.4 kHz. This is called interpolation, and can be explained as a two
step process (although it may not actually be carried out this way). First, three samples with a
value of zero are placed between the original samples, producing the higher sampling rate. In the
frequency domain, this has the effect of duplicating the 0 to 22.05 kHz spectrum three times, at
22.05 to 44.1 kHz, 41 to 66.15 kHz, and 66.15 to 88.2 kHz. In the second step, an efficient digi-
tal filter is used to remove the newly added frequencies.

[Tocne nexoaupoBaHMsI U WCIPABIIEHUS OMIMOOK, ayAHO-CUTHANBI MPEICTaBICHbl KaK BBIOOPKU
16 nBomuHbIX pa3panoB(OHT) ¢ yacTtoToil BeIOOpPKHM 44.1 kI'1. B camoii mpocToit cucreme, 3Tu
curHabl Moryi Obl mpobOerath depe3 LIAIl 16 nBomyHBIX pa3psioB(OUT), COMPOBOXKIAEMBIN
aHaJOroBbIM (PUIBTPOM HM3KOW YacToThl. OHAaKO, 3TO TpeGoBajo Obl, 4TOOBI BBICOKOI(D(DEK-
TUBHAsl aHAJIOTOBas AJIEKTPOHUKA Iepeaana yacToThl Huxke 20 k[, mpu OTKJIOHEHUH BCEX Yac-
ToT Oornee uem 22.05 k['1, 2 wacToThl BEIOOPKU. bonee oOmmuii(0OBIYHBIN) METOA COCTOUT B TOM,
YTOOBI HCMOIB30BaTh METOJUKY MYJIBTUYACTOTHI, TO €CTh MpeoOpasyiTte HudpoBbie TaHHBIE K
6onee Bbicokoil yactote BbIOOpKH mepen LIAIL Koadduument(dpaxkrop) dyersipe 0OBIYHO HC-
noJib3yeTcs, npeobdpazoBeiBaromuii oT 44.1 kI’ 1o 176.4 xI'11. DTO Ha3bIBaeTCS MHTEPIOJISIIU-
eil, 1 MOXXHO OOBSACHATHCA Kak JBa IIara mpoiecca (XoTs 3T0 He MOXKET (PaKTU4YeCKU ObITh BbI-
MOJIHEHO 3TUM criocoboM). Bo mepBbix, Tpu BBIOOPKH CO 3HAYEHHEM HYJISl MOMEIIEHBI MEXIy
NepBOHAYAILHBIMU BBIOOpPKaMH, TPOU3BOJA 0ojiee BBICOKYIO YacTOTYy BBIOOpKH. B dacToTHOM
IoMeHe, 3To uMmeeT 3¢ ekt ayonupoBanus cuekrpa ot 0 mo 22.05 k' Tpu pasa, ot 22.05 no
44.1 x['a, ot 41 1o 66.15 xI'1, u ot 66.15 mo 88.2 k['u. Bo Bropom mare, a3 extuBHbIin mudpo-
BOH (DUIIBTP MCTOIB3YETCS, YTOOBI YIATUTH HETaBHO TOOABICHHBIC YAaCTOTHI.

The sample rate increase makes the sampling interval smaller, resulting in a smoother signal be-
ing generated by the DAC. The signal still contains frequencies between 20 Hz and 20 kHz;
however, the Nyquist frequency has been increased by a factor of four. This means that the ana-
log filter only needs to pass frequencies below 20 kHz, while blocking frequencies above 88.2
kHz. This is usually done with a three pole Bessel filter. Why use a Bessel filter if the ear is in-
sensitive to phase? Overkill, remember?

YBenuueHrne 4acToThl BBIOOPKHU JeNlaeT BHIOOPOYHBIH WHTEPBAl MEHBIIMM, MPHUBOIS K Ooyee
rinagkoMy curHany, crenepupoBaHHomy L[AIL. Curnan Bce eiie coaep uT 4acTOThl Mexay 20
I'm u 20 x['; omHako, yactora HalikBucra Obuta yBenndeHa Ha KodpduuueHT(pakTop) 4eThIpe.
DTO 03HAYAET, YTO AHAJIOTOBBINA (GUIBTP MOJDKEH IMepeaaTh TOJIbKO YacToThl HIke 20 k1, mpu
OnokupoBaHuu 4acToT Oonee yeM 88.2 k['1. DTo 00BIYHO AenaeTcs ¢ 3 MOMIOCHBIM (PHILTPOM
beccens(beccenepu). [Touemy ucnonbzyercst ¢punbTp beccens, ecnmn yxo HEUyBCTBHUTEIBHO K
¢aze? MaccoBoe yOuicTBO(TIOIHOE MTOpakeHue?), mIoMHHUTE?
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Since there are four times as many samples, the number of bits per sample can be reduced from
16 bits to 14 bits, without degrading the sound quality. The correction needed to compensate for
the zeroth order hold of the DAC can be part of either the analog or digital filter.

Tak xKak UMEIOTCS YEThIpE pa3a, TaKk MHOTO BHIOOPOK, YHCIIO OUTOB Ha BEIOOPKY MOXET OBITh CO-
KpamieHo ot 16 6utoB g0 14 6utos, 6€3 TOro, 4YTOOBI YXYAIIUTh Ka4eCTBO 3ByKa. McnpaBieHnue
sin(x)/x, HeoOXxoauMoOe Uil KOMIICHCAIIMM XpaHeHHus HyneBoro nopsaka LIAIl moxer ObITh ya-
CTBIO WJIM aHAJIOTOBOTO WJIM MU(PPOBOTO PHIIBTpA.

Audio systems with more than one channel are said to be in stereo (from the Greek word for
solid, or three-dimensional). Multiple channels send sound to the listener from different direc-
tions, providing a more accurate reproduction of the original music. Music played through a
monaural (one channel) system often sounds artificial and bland. In comparison, a good stereo
reproduction makes the listener feel as if the musicians are only a few feet away. Since the
1960s, high fidelity music has used two channels (left and right), while motion pictures have
used four channels (left, right, center, and surround). In early stereo recordings (say, the Beatles
or the Mamas And The Papas), individual singers can often be heard in only one channel or the
other. This rapidly progressed into a more sophisticated mix-down, where the sound from many
microphones in the recording studio is combined into the two channels. Mix-down is an art,
aimed at providing the listener with the perception of being there.

3BYKOBBIE CUCTEMBI OOJIBIIIE YEM C OHMM KaHAJIOM, KaK CUMTAIOT, HAXOASATCS B cTepeo (0T rpe-
4eCcKOoro cioBa solid (menechwiii; 00vemuwill?), unn three-dimensional (mpexmepnoiii)). MHOXe-
CTBEHHbBIEC KaHaJbl MTOCHUIAIOT 3BYK CIYIIATEII0 OT Pa3jIMYHBIX HampaBlieHUil, obecrieunBas 00-
Jee TOYHOE BOCIIPOM3BOJACTBO NMEPBOHAYAIBHOM My3bIKM. My3bIKa, IPOUTPAHHAS Yepe3 MOHO-
(donnyeckyo cucremy (OIMH KaHAJ) YacTO 3BYYHUT HCKYCCTBECHHOW(ITOIAEIBHON) M MST-
Kol (nekopaTuBHOM). JlJi1 CpaBHEHUS, XOpOIIEe BOCIPOU3BOACTBO CTEPEO CO3/1a€T BOCHPUSITHE
ciymiatensi, Kak OyJITO MY3BIKaHTBI - Ha PACCTOSHUU TOJBKO HECKOJbKO (yToB. Haumnas c
1960-b1x, My3bIKa BBICOKOW TOYHOCTH UCIOJIb30Baja JABa KaHana (JIEBbIA U MIPaBblii), B TO BpeMs
KaKk KWHOMWUIBMBI  HCIOJL30BAJIM  YETHIpe KaHala (JIeBBbIM, TpaBblid, CpeaHUN, U
(onossIii(surround - okpyskatonmii)). B panaux crepeo 3amucsx (ckaxeM, Beatles min Mamsl u
[Tamner), UHAMBUAYATBHBIX MEBIOB MOXKHO YacTO CIBIIATH TOJBKO B OJTHOM WJIM B JPYroM KaHa-
ae. DTo OBICTPO MPOrPEcCHpOoBaJO B 0ojee CII0KHOE(U3OLIPEHHOE) OOBEINHEHHE BCEX Tpe-
KoB(cBeaeHHE (hOHOTPaMM) B OJIHY, Tl 3BYK OT MHOTHX MUKPO(GOHOB B CTYAHH 3aIUCH O0HEIH-
HeH B JBa kaHaia. OObeMHEHNE BCEX TPEKOB B OAMH(CBeneHHe (POHOrpamMM) - UCKYCCTBO, Ha-
LeJIEHHOE Ha o0ecriedeHne CIIyIaTelst BocpusatueM being there(npucymcemaeus mam?).

The four channel sound used in motion pictures is called Dolby Stereo, with the home version
called Dolby Surround Pro Logic. ("Dolby" and "Pro Logic" are trademarks of Dolby Labora-
tories Licensing Corp.). The four channels are encoded into the standard left and right channels,
allowing regular two-channel stereo systems to reproduce the music. A Dolby decoder is used
during playback to recreate the four channels of sound. The left and right channels, from speak-
ers placed on each side of the movie or television screen, is similar to that of a regular two-
channel stereo system. The speaker for the center channel is usually placed directly above or be-
low the screen. Its purpose is to reproduce speech and other visually connected sounds, keeping
them firmly centered on the screen, regardless of the seating position of the viewer/listener. The
surround speakers are placed to the left and right of the listener, and may involve as many as
twenty speakers in a large auditorium. The surround channel only contains midrange frequencies
(say, 100 Hz to 7 kHz), and is delayed by 15 to 30 milliseconds. This delay makes the listener
perceive that speech is coming from the screen, and not the sides. That is, the listener hears the
speech coming from the front, followed by a delayed version of the speech coming from the

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




HAYYHO-TEXHUYECKOE PYKOBOJICTBO 110 IM®POBOW OBPABOTKE CUTHAJIOB

sides. The listener's mind interprets the delayed signal as a reflection from the walls, and ignores
it.

YeTpIpe 3ByKOBBIX KaHalla, HCMOJb3yeMble B KuHOQMIbMax HaszbiBaeTcsi Dolby Crepeo, ¢ 1o-
MmainHeil Bepcuelt, mo umenu Dolby Surround Pro Logic. ("Dolby" u " Pro Logic " sBustorcs
toproBeiMu Mapkamu Dolby Laboratories Licensing Corp). UeTblpe kaHaja 3aKOJAMPOBAHBI B
CTaH/IapTHO, B JICBOM U MPAaBOM KaHAJaX, MO3BOJISISI PETYIISPHBIM(OOBIYHBIM; CHMMETPUYHBIM?)
JByXKaHAJbHBIM CTEPEOCHCTEMaM BOCIPOM3BECTH My3bIKy. Jlekonep JonOu ucnonb3yercs B
TEYCHHE BOCIIPOU3BEACHHUS, UTOOBI BOCCO3/IaTh YEThIpEe KaHana 3ByKa. J[MHAMHUKHU JIEBOTO U Tpa-
BOTO KAaHAJIOB, pa3MeIIEHbl M0 00€ CTOPOHBI OT KUHO WJIM TEJIEBHU3MOHHOIO SKpaHa, SBISIOTCS
NOJOOHBIMH TaKOBOMY PeryJsipHONH(OOBIYHOM; CUMMETpUYHON?) ABYXKaHAJIbHOH CTEpEeoCUCTe-
Mbl. JIuHAMUK TSI CpeHero KaHaja OOBIYHO MOMENIaeTcs HETOCPEICTBEHHO BBILIE WIIM HUXKE
skpaHa. Ero menb cocTouT B TOM, 4TOOBI BOCIIPOM3BECTH PEeUb M APYTHE BU3YAIBHO CBS3aHHBIC
3BYKH, COXpaHSsl MX TBEpJO LIEHTPUPOBAaHHBIMU Ha HKpaHe, HE3aBUCHUMO OT MO3HUIMH BHEO/
ciymarens. OkpyXarolue TUHAMHKA TOMEIIEHBI CJIeBa M CIpaBa OT CIyIIATeNs, © MOTYT
BKJIIOYATh B ceOsl LENbIX ABAJALIATH TUHAMUKOB JUIsl Oombiioi ayautopud. Kanam okpyskeHus
COJICPKUT TOJIBKO 9acTOTHI cpefHero auama3ona (ckaxem, 100 I'u - 7 x['w), u 3anazovieaem Ha
15 - 30 mumncekyHa. OTa 3aiepKKa 3aCTaBUT CIIyILIATENs YyBCTBOBATh, UTO PEYb UCXOAUT OT
9KpaHa, a He CTOPOHBI. TO €CTh CIIyIIaTesb CIBILUT Pedb, HCXOSANIYIO CIIepeIn, COTPOBOXKIAC-
MO OTCPOYECHHOW Bepcuel pedr(dxoMm), ucxonsmend ¢ 0okoB. MHeHue(MBICIb;, WHTEIIICKT;
MICUXUKA?) CIyIIATeNs] HHTEPIPETUPYET OTCPOUCHHBIM CUTHAN KaK OTPaKEHUE OT CTEHOK, U UT-
HOpHUPYET 3TO.

Companding
KomnanaupoBanue

The data rate is important in telecommunication because it is directly proportional to the cost of
transmitting the signal. Saving bits is the same as saving money. Companding is a common
technique for reducing the data rate of audio signals by making the quantization levels unequal.
As previously mentioned, the loudest sound that can be tolerated (120 dB SPL) is about one-
million times the amplitude of the weakest sound that can be detected (0 dB SPL). However, the
ear cannot distinguish between sounds that are closer than about 1 dB (12% in amplitude) apart.
In other words, there are only about 120 different loudness levels that can be detected, spaced
logarithmically over an amplitude range of one-million.

CkopocTb nepenavn JaHHBIX BaKHA B JalIbHEH CBSI3H, IOTOMY YTO 3TO - HEMOCPEACTBEHHO MPO-
HNOPLMOHAIBHO CTOUMOCTH Niepefaun currana. CoxpaHeHne OUTOB - TOT ke caMoe KaK COXpaHe-
Hue neHer. KomnanaupoBanue - 0ObIYHAs METOAMKA JJIs1 COKPAIIEHUS] CKOPOCTH Iepeaun JaH-
HBIX ayJAMOCUTHAJIOB, [eJlas HepaBHbIMU YPOBHU KBaHTOBaHMM. Kak mpeaBapuTebHO yIOMSHY-
TO, CaMbIif TPOMKHI 3BYK, KOTOPBIH MoxkeT nomyckarbes (120 dB SPL) — B oaHy-MUIITHOHHY1O
pa3a, 0 OTHOILLEHHIO K aMIUIUTYJIE caMOro cj1aboro 3ByKa, KOTOPbI MokeT ObITh yciblmaH (0
dB SPL). Onnako, yXo He MOXET Pa3/elUTh 3BYKH, KOTOpPbIEC SBISIOTCS OJIKE YeM MpHOIH3H-
tenbHO 1 dB (12 % B ammuutyne). JApyrumu cioBamu, UMEIOTCS TOJIBKO IpuOnmu3uTensHo 120
pa3IMYHBIX YPOBHEW I'POMKOCTH, KOTOPbIE MOTYT OBITh OOHAapY>EHbI, PACIIOIOKEHHBIE UYepes3
JorapupMHUUECKUEe HHTEPBAJIBI 110 AMIUTATY IHOMY JWANa30HYy OJWH MIJUIHOH.

This is important for digitizing audio signals. If the quantization levels are equally spaced, 12

bits must be used to obtain telephone quality speech. However, only 8 bits are required if the
quantization levels are made unequal, matching the characteristics of human hearing. This is
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quite intuitive: if the signal is small, the levels need to be very close together; if the signal is
large, a larger spacing can be used.

3TO0 BayKHO /ISl OTHU(POBBIBAHUS ayTMOCUTHATIOB. ECiiM ypoBHM KBaHTOBaHWI OJIMHAKOBO pac-
noJiararorcsi, 12 OMTOB JOIHKHBI HCIIONIB30BAThCA, YTOOBI OTYYHUTh TeIe(HOHHYIO Ka4YeCTBEHHYIO
peub. OmHAKO, TOJIBKO 8 OMTOB TPEOYIOTCS, €CIIM YPOBHHM KBAaHTOBAaHHI ClIEITaHBI HEPaBHBIMH,
COOTBCTCTBYS XapPaAKTCPUCTHKAM YCIIOBCYCCKOI'0 Ciyxa. 9DTO0 BechbMa HHTYUTUBHO: €CJIM CUTHAJI
MaJIeHbKUH, YPOBHU JOHKHBI OBITh OYEHBb OJIM3KO APYT K APYTY; €CIU CUTHAI OOJIBIION, 00JIb-
i HHTCPBAJI MOXKCT UCIIOJIL30BAThCA.

Companding can be carried out in three ways: (1) run the analog signal through a nonlinear cir-
cuit before reaching a linear 8 bit ADC, (2) use an 8 bit ADC that internally has unequally
spaced steps, or (3) use a linear 12 bit ADC followed by a digital look-up table (12 bits in, 8 bits
out). Each of these three options requires the same nonlinearity, just in a different place: an ana-
log circuit, an ADC, or a digital circuit.

KoMmmnanaupoBanue MOXET OBITh BBIMOTHEHO Tpemsi criocobamu: (1) MpOroHSIOT aHANOTOBBIN
CUTHAJI Yepe3 HeIMHEHHYI0 CXeMy Tepe] JOCTIKEeHneM JuHeiHoro 8 paspsaHnoro ALl (2) uc-
1oJib3y1oT 8 paspsaublii AL, KOTOpbIl BHYyTpEHHE HEPABHOLICHHO PACIOJIOKUI ary, uiu (3)
WCTIONB3YIOT JUHEWHbIN 12 paspsanbiii AL, compoBokmaembix 1udpoBOi TaOIHIIEH TIEPEKO-
nupoBku (12 6utoB B 8 OuTOB M 00paTHO). Kaxkmblil U3 3THX Tpex mapaMeTpoB TpeOyeT Toi ke
caMO#l HEJIMHEWHOCTH, TOJBKO B PAa3JIMYHOM MecTe: aHajoroBas cxema, AIIIl, umu mudposas
cXema.

Two nearly identical standards are used for companding curves: p255 law (also called mu law),
used in North America, and "A" law, used in Europe. Both use a logarithmic nonlinearity, since
this is what converts the spacing detectable by the human ear into a linear spacing. In equation
form, the curves used in u255 law and "A" law are given by:

JIBa moYTH MACHTUYHBIX CTAaHJAPTA UCTIOIb3YIOTCS JJIsl KPUBBIX KOMIIAHIUPOBAHUS: 3aKOH u255
(Taxke Ha3pIBaEMbIN 3aKOH MIO), HCIIOJIb3yeMbIil B CeBepHOll AMmepuke, U 3aK0H ""A", ncnoib-
3yemblii B EBporie. O6a MCHonb3yrOT JTorapuMUYECKyI0 HEIMHEHWHOCTh, TaK KakK 9TO - TO, YTO
npeoOpa3oBbIBAaCT UHTEPBAJ, OOHAPYKMBAEMBII YEIOBEYECKUM YXOM B JIMHEHHBINH MHTEpBaji. B
(hopme ypaBHEHHUsI, KPUBBIE, UCIIONB3yEMbIC B 3aKOHEU255 u 3akoHe "A" marorcs:

EQUATION 22-1

Mu law companding. This equation provides the nonlinearity for . ||'|[ 1+ px}
u255 law companding. The constant, p, has a value of 255, account- T T for 0 < x < 1
ing for the name of this standard. ]I‘l[ I+u)

YPABHEHMUE 22-1

KOMIIaHUPOBAHUE 3aKOHOM MIO. DTO YpaBHEHHE OOCCICUMBACT HEIMHCHHOCTH IUTS 3aKOHA KOMITAHAWPOBAHUS
u255. Koncranra, |1, IMeeT 3HaUeHUE 255, 00BACHSS HA3BaHKUE ATOTO CTaHAApTa.

EQUATION 22-2. "A" law companding. The constant, 4, has a y = M L
value of 87.6. - 1+In(4) for VA <x <1
YPABHEHUE 22-2. 3akon "A" xomnanaupoBanus. KoHcraHTa,

A, umeer 3HaueHue 87.6.

Ax
1+1n(4)

Figure 22-7 graphs these equations for the input variable, x, being between —1 and +1, resulting
in the output variable also assuming values between -1 and +1. Equations 22-1 and 22-2 only
handle positive input values; portions of the curves for negative input values are found from

for 0= x < 1I/A
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symmetry. As shown in (a), the curves for p255 law and "A" law are nearly identical. The only
significant difference is near the origin, shown in (b), where u255 law is a smooth curve, and
"A" law switches to a straight line.

Ha pucynke 22-7 nmoka3aHbl TpadMKi 3TUX YpaBHEHUH Ui BXOJHOU MEPEMEHHOH, X, HaXOsd-
uics Mexay -1 u +1, npuBoast K MEPEeMEHHON BBIX0/1a, TAK)KE MPUHUMAIOIIEH 3HAYCHUS MEX-
oy -1 u +1. YpaBuenus 22-1 u 22-2 ynpaBisioT TOJBKO MOJOXKUTEIBHBIMU 3HAUEHUSIMU BBOJIA;
YaCTH KPUBBIX I OTPULIATEIbHBIX BXOJHBIX 3HAYEHUI HaliieHbl oT cuMMeTpuu. Kak mokazaHo
B (a), KpuBbIE AJis 3aKOoHA U255 U 3akoHa "A" 3aKoHa MOYTH UIEHTUYHBI. EqUHCTBEHHAs cy1ie-
CTBEHHAsl Pa3HOCTh - OKOJIO Hayaja KOOPAMHAT, Toka3aHHoro B (b), rae riiankas KpuBas 3aKoHa
u255 u 3akoHa "A" - mepexoauT B MPSIMYIO JIMHUIO.

Producing a stable nonlinearity is a difficult task for analog electronics. One method is to use the
logarithmic relationship between current and voltage across a pn diode junction, and then add
circuitry to correct for the ghastly temperature drift. Most companding circuits take another
strategy: approximate the nonlinearity with a group of straight lines. A typical scheme is to ap-
proximate the logarithmic curve with a group of 16 straight segments, called cords. The first bit
of the 8 bit output indicates if the input is positive or negative. The next three bits identify which
of the 8 positive or 8 negative cords is used. The last four bits break each cord into 16 equally
spaced increments. As with most integrated circuits, companding chips have sophisticated and
proprietary internal designs. Rather than worrying about what goes on inside of the chip, pay the
most attention to the pinout and the specification sheet.

Co3ngaHue yCTOMYMBON HEIMHEHMHOCTH - TpyJHAas 3a/Jada JJisi aHaJOTOBOM ANEKTPOHUKU. OIuH
METOJT COCTOUT B TOM, YTOOBI UCTIOJB30BATh JOTapu(PMUUECKHE OTHOIICHHS MEXTy TOKOM U Ha-
NpsDKEHUEM 4epe3 pn mepexoja Auoja, U 3aTeM J00aBUTh CXEMY, YTOObI YCTPaHUTh YXKaCHBIN
TEeMIepaTypHblid apeii¢. BombIMHCTBO enel KOMIaHIUPOBaHUS MIPUHUMAIOT JAPYTYIO CTpaTe-
TUIO: alllPOKCUMHUPYIOT HEIMHENHOCTh C TPYIIION NpsAMBIX JUHUWA. TUNUYHAS CXeMa COCTOWT B
TOM, 4TOOBI aNMPOKCUMUPOBATEH JOrapu(PMHUUECKYI0 KPUBYIO C Tpymnmoi 16 mpsMOITMHEHHBIX
CEerMEHTOB, Ha3bIBaeMbIX cords(mHypammu). [lepBbrii 1BOMYHBIN pa3psa(OUT) U3 BEIXoJa 8 ABO-
WYHBIX Pa3psaoB(OUT) YKa3bIBAaeT, SBISETCS U BBOJ TOJOXKUTEIBHBIM WIH OTPHUIATEIHHBIM.
Crnenyrontue Tpyu OUTa BBIACISIOT, KOTOPBIA U3 8 MOJOKUTEIBHBIX WM 8 OTPUIIATEIBHBIX ITHY-
poB ucnonb3yercs. [locneanne yeTpipe OuTa pa3OMBaIOT KKl ITHYp Ha 16 OJAMHAKOBO pas-
JeNbHBIX mpupamieHuid. Kak ¢ OONBIIMHCTBOM WMHTETPAIBbHBIX CXEM, YMITBI KOMITAaHIUPOBAHUS
UMEIOT CIIOKHBIS(M30IPEHHbIE; TOHKHE) ¥ YaCTHBIE BHYTPEHHHE MPOoeKThl. CKkopee yem Oecro-
KONCTBO O TOM UYTO MPOUCXOJAUT BHYTPHU YHIA, yAeIUTe O0bllle BHUMaHUS LIOKOJIEBKe(pa3BOJIKE
BBIBOJIOB) U JIUCTY CHCIIH(PUKAIIH.
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Companding curves. The p255 law and "A" law companding curves are nearly identical, differing only near the ori-
gin. Companding increases the amplitude when the signal is small, and decreases it when it is large.

PUCYHOK 22-7

Kpussie Komnanauposanus. KpruBele koMnanaupoBaHus 3akoHa p255 u 3akoHa "A" MOYTH UIEHTUYHBI, OTINYAsACh
TOJBKO OKOJIO Havana KoopauHar. KommanampoBaHWe yBEIWYMBACT aMIUIMTYAY, KOTAAa CHI'HAI MalleHBKUH, U
YMEHbIIAET €ro, KOTJa OH OOJIBIIOH.

Speech Synthesis and Recognition
Cunte3 u PacnnosHaBanue Peuu

Computer generation and recognition of speech are formidable problems; many approaches have
been tried, with only mild success. This is an active area of DSP research, and will undoubtedly
remain so for many years to come. You will be very disappointed if you are expecting this sec-
tion to describe how to build speech synthesis and recognition circuits. Only a brief introduction
to the typical approaches can be presented here. Before starting, it should be pointed out that
most commercial products that produce human sounding speech do not synthesize it, but merely
play back a digitally recorded segment from a human speaker. This approach has great sound
quality, but it is limited to the prerecorded words and phrases.

KomMmmbroTepHoe moposkJeHne U paclo3HaBaHUEe peyH - OrPOMHBIE IPOOJIEMbI; MHOTO MOIXO0A0B
ObUIN UCTIBITAHbI, TOJIBKO C YMEPEHHBIM yCIIeXoM. DTO - akTUBHas o0nacTh uccnenoBanus L{OC,
1 HECOMHEHHO OCTAaHETCs TaKoil Ha MHOro JieT BrepeA. Bol Oyaere oueHb pa3odapoBaHbl, €Clid
Bb1 oxuaere, 4To 3TOT pas3zes OMHCHIBAeT, Kak (JOPMHPOBATH PEUEBOM CHHTE3 M LIEMH Pacrio-
3HaBaHMs. TOJBKO KpPAaTKOE BBEJACHHE B TUIMYHBIE MMOAXOJbI MOXKET OBITh MPEICTABICHO 3/1€ECh.
Ilepen crapTom, 3TO JOKHO OBITH YKa3aHO, YTO OOJBIIMHCTBO KOMMEPUYECKHX H3/AEIHMA, KOTO-
pBI€ MPOU3BOJAT YEIIOBEUECKYIO 3BYUAIyIO peUb, HE CUHme3Upyem 3T0, HO MIPOCTO BOCIIPOU3BO-
IAT B UGpoBoi popMe 3amucaHHbIil CETMEHT OT JUHAMUKA YelloBeKa. DTOT MOIXO0/1 UMEET BbI-
COKO€ 3BYKOBOE Ka4eCTBO, HO OTpaHHuEH 3allMCaHHBIMU 3apaHee cloBaMH U (pazaMu.

Nearly all techniques for speech synthesis and recognition are based on the model of human
speech production shown in Fig. 22-8. Most human speech sounds can be classified as either
voiced or fricative. Voiced sounds occur when air is forced from the lungs, through the vocal
cords, and out of the mouth and/or nose. The vocal cords are two thin flaps of tissue stretched
across the air flow, just behind the Adam's apple. In response to varying muscle tension, the vo-
cal cords vibrate at frequencies between 50 and 1000 Hz, resulting in periodic puffs of air being
injected into the throat. Vowels are an example of voiced sounds. In Fig. 22-8, voiced sounds are
represented by the pulse train generator, with the pitch (i.e., the fundamental frequency of the
waveform) being an adjustable parameter.

[TouyTtn Bce METONBI IJIsi PEUEBOTO CHHTE3a M PACIO3HABAHWS OCHOBAHBI Ha MOJICJIM PEYH YeJI0-
BEKa, MOKa3aHHOW Ha puc. 22-8. Haubonee yeroBedeckre peyeBble 3ByKH MOTYT OBITh KJIACCH-
(bunMpoBaHbl Kak WM BOKaJ wid (ppukaTuB. BokagbHbIC 3BYKH MPOMCXOMIAT, KOTJa BO3IYX
BBIXOJIUT OT JIETKUX, Y€pPEe3 TOJIOCOBBIE CBS3KH W30 pTa U-WIM HOca. ['0JI0COBBIE CBSA3KH - JIBE
TOHKHUX OTKHJHBIX CTBOPKH TKaHH, MIPOTSHYTOM MOMEPEK TOKA BO3/yXa, TOJIbKO mo3aau Kaapika.
B oTBeT Ha M3MEHSIONIYIOCS PHUTHUIAHOCTH MBIIII, TOJOCOBBIE CBS3KHM BUOPHUPYIOT B YaCTOTax
Mexay S0 u 1000 T'u, mpuBOag K MEPUOAMYECKHM 3aTsHKKAM BO3/lyXa, BBOJMMOTO B TOPJIO.
I'macuble - mpuMep BbICKa3aHHBIX 3BYKOB. B puc. 22-8, BbiCKa3aHHbIE 3BYKU MPEACTABICHBI T'e-
HEpPaTOPOM HMITYJILCHOM TOCIIEIOBATEILHOCTh, C TOHOM (TO €CTh, OCHOBHAs 4acToTa (HhOPMBI
BOJIHBI) SIBJIAIOIINICS KOPPEKTUPYEMBIM TapaMETPOM.

In comparison, fricative sounds originate as random noise, not from vibration of the vocal cords.
This occurs when the air flow is nearly blocked by the tongue, lips, and/or teeth, resulting in air
(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru




HAYYHO-TEXHUYECKOE PYKOBOJICTBO 110 IM®POBOW OBPABOTKE CUTHAJIOB

turbulence near the constriction. Fricative sounds include: s, f, sh, z, v, and th. In the model of
Fig. 22-8, fricatives are represented by a noise generator.

Jnist cpaBHEHUS, (hpukamusHvie 3BYKH MIPOUCXOMIAT KaK CIyYalHBINA TyM, HE OT BUOpAIIUU TOJIO-
COBBIX CBSI30K. JTO IMPOHMCXOUT, KOTJa TOK BO3/IyXa MOYTH OJIOKUPOBAH SI3BIKOM, TYOAMH, U-WIIH
3y0aMu, MPUBOJIS K BO3AYIIHOW TypOYJIIEHTHOCTH OKOJIO CXKaThsl. ()PUKATUBHBIC 3BYKU BKITIOUHT:
s, f, sh, z, v, u th. B monenu puc. 22-8, GpuKaTuBbI MPEACTABICHBI 2eHEPAMOPOM UYMA.

Moise
Generator
unvoiced
( 3 Digital
: r
I I | | I s synthetic
speech
voiced P
Pulse train vocal tract
Generator response

pitch

FIGURE 22-8

Human speech model. Over a short segment of time, about 2 to 40 milliseconds, speech can be modeled by three
parameters: (1) the selection of either a periodic or a noise excitation, (2) the pitch of the periodic excitation, and (3)
the coefficients of a recursive linear filter mimicking the vocal tract response.

PUCVYHOK 22-8

Monens genoBeueckoi peur. [1o KOpOTKOMY CerMeHTY BpEeMEHH, MPUOIMN3NTENHHO OT 2 10 40 MIIUIHCEKYHI, peUb
MOXeT OBbITh CMOZEIMPOBaHa TpeMs rnapamerpaMu: (1) BEIOpaHHBIM MM NMEPHOANYECKUM WIIM LIYMOBBIM BO30YX-
JgeHueM, (2) maromM(TOHOM) MEpUoaHYecKoro Bo30ykaeHus, U (3) kod(hdHLMeHTaMHU PEKYPCHBHOIO JIMHEWHOTO
(uibTpa XapaKTEpUCTUKN BOKAIBHOTO TPAKTa.

Both these sound sources are modified by the acoustic cavities formed from the tongue, lips,
mouth, throat, and nasal passages. Since sound propagation through these structures is a linear
process, it can be represented as a linear filter with an appropriately chosen impulse response. In
most cases, a recursive filter is used in the model, with the recursion coefficients specifying the
filter's characteristics. Because the acoustic cavities have dimensions of several centimeters, the
frequency response is primarily a series of resonances in the kilohertz range. In the jargon of au-
dio processing, these resonance peaks are called the format frequencies. By changing the rela-
tive position of the tongue and lips, the format frequencies can be changed in both frequency and
amplitude.

Figure 22-9 shows a common way to display speech signals, the voice spectrogram, or voice-
print. The audio signal is broken into short segments, say 2 to 40 milliseconds, and the FFT used
to find the frequency spectrum of each segment. These spectra are placed side-by-side, and con-
verted into a grayscale image (low amplitude becomes light, and high amplitude becomes dark).
This provides a graphical way of observing how the frequency content of speech changes with
time. The segment length is chosen as a tradeoff between frequency resolution (favored by
longer segments) and time resolution (favored by shorter segments).
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Ha pucynke 22-9 nokazan oOBIYHBIN CIIOCOO OTOOpa)KaTh peUYeBbIC CUTHAJIBI, CEKTpOrpaMmMa
roJioca, Wid COHOrpamMma. AyauocurHai pa3OuT Ha KOPOTKHE CETMEHTHI, cKaxeM OT 2 10 40
MWTHCEKYH I, U BII® ucmons30BaHO YTOOBI HAWTH CIEKTP YaCTOT KaXJAOTO0 CErMeHTa. JTH
CIIEKTpHI MOMEILIEHBI OOK 0 OOK, W MpeoOpa3oBaHbl B MOJIYTOHOBOE M300paskeHUE (HU3KAs aM-
IUTUTYJa CTAaHOBUTCSI CBETOBOI, U BBICOKAsl aMILTUTY/1a, CTAHOBUTCSI TEMHOI). DTO obecrnieunBaer
rpaduueckuil myTh HAOJIIOACHUS, KaK YaCTOTHOE COJEP)KAaHHE PEUM M3MEHSETCS CO BPEMEHEM.
JlnuHa cerMeHTa BBIOpAaHA KaK CIEJKAa MEXKIY YacTOTHOHM pasperiaroniell crmocoOHOCThIO (o11e-
HEHHOH OoJiee UIMHHBIMU CETMEHTAaMH) U pa3pelaromieil CrioCOOHOCThIO BpEMEHHU (OLIEHEHHOM
0oJiee KOPOTKUMHU CErMEHTaMHu ).

As demonstrated by the a in rain, voiced sounds have a periodic time domain waveform, shown
in (a), and a frequency spectrum that is a series of regularly spaced harmonics, shown in (b). In
comparison, the s in storm, shows that fricatives have a noisy time domain signal, as in (¢), and a
noisy spectrum, displayed in (d). These spectra also show the shaping by the format frequencies
for both sounds. Also notice that the time-frequency display of the word rain looks similar both
times it is spoken.

Kaxk nemoncTpupyercs a B cioBe rain(CilioBO aHTIIMNCKOe!), BHICKa3aHHbIE 3BYKH UMEIOT MEPUO]T
(hopMBbI BOJIHBI IOMEHA BPEMEHH, TOKa3aHHYIO B (@), U CHEKTpP YacTOT, KOTOPBIN SBIIAETCS PAAOM
peryJisipHO pa3eiabHbIX TapMOHHK((raxxosneToB), moka3zaHHbli B (b). [ns cpaBHeHHs, s B CIIOBE
storm (coBO aHIMiickoe!), Moka3bIBaeT, 4To (PPUKATUBBI UMEIOT HIYMHBIM CHTHAJ JIOMEHa
BpEMEHH, KakK B (C), U ITYMHBII CIEKTP, OTOOpaKeHHBIN B (d). DTH CHIEKTPHI TAKXKE MOKA3BIBAIOT
dhopmupoBanue GhopmaTa 4acTOThI AJi1 000MX 3BYKOB. Takxke oOpaTuTe BHUMAHUE, YTO TUCTIICH
94acTOThI BDEMEHHU CJIOBA 7@in BHITJIAIUT MOTOOHBIM 00a pa3a, KOrjia ero mpou3HOCHAT.

Over a short period, say 25 milliseconds, a speech signal can be approximated by specifying
three parameters: (1) the selection of either a periodic or random noise excitation, (2) the fre-
quency of the periodic wave (if used), and (3) the coefficients of the digital filter used to mimic
the vocal tract response. Continuous speech can then be synthesized by continually updating
these three parameters about 40 times a second. This approach was responsible for one the early
commercial successes of DSP: the Speak & Spell, a widely marketed electronic learning aid for
children. The sound quality of this type of speech synthesis is poor, sounding very mechanical
and not quite human. However, it requires a very low data rate, typically only a few kbits/sec.

B Teuenne kopoTkoro mepuoja, CKakeM 25 MWUIMCEKYH]I, peUYeBOM CUTHAJI MOXKET OBITh arl-
MIPOKCUMHPOBAH, ONpezenss Tpu napamerpa: (1) BIOOp MM NepHOIUYECKOro WIN CIIy4aiHOTO
IIyMOBOTO BO30YXaeHMs, (2) 4acToTa MEepruoANYECKOM BOIHBI (€CIIM MCTOb3yeTcs), u (3) Ko-
3¢ ¢unrenTs nudpoBOro GUILTPa, UCIOIb3YEMbIe YTOOBI MOIPaXKaTh BOKAJILHOMY YaCTOTHOMY
TpakTy. CIuTHas peyb MOKET TOT/Ia CHHTE3UPOBAThCSI, HEMPEPHIBHO MOAUPHUIMPYS 3TU TPH Ma-
pamerpa npubau3uTenasHo 40 pa3 B ceKyHIy. DTOT MOAXO0 ObUT OJHUM U3 BasKHBIX(JIOCTOMHBIX)
panHux kommepueckux ycnexoB L1OC: ['osopum u 3anucvieaem 1o OykBam, IIMPOKO BBICTAB-
JICHHAs Ha MPOJaKy 3JIEKTPOHHAS TOMOIIb U3YUYeHHUs IS AeTel. 3ByKOBOE KaueCTBO ITOTO THIIA
pedyeBoro cuHTe3a OeaHOoe(III0X0E), 3Byda OUYeHb MEXaHHYECKHM W HE COBCEM YEJIOBEUCCKHM.
OpnHako, 3T0 TpeOyeT 0oueHb HU3KOW CKOPOCTH MepeladyH JaHHbBIX, TUITUYHO TOJBKO HECKOJIBKO
kbits/sec.

This is also the basis for the linear predictive coding (LPC) method of speech compression.
Digitally recorded human speech is broken into short segments, and each is characterized ac-
cording to the three parameters of the model. This typically requires about a dozen bytes per
segment, or 2 to 6 kbytes/sec. The segment information is transmitted or stored as needed, and
then reconstructed with the speech synthesizer.

(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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DTO - TaKK€ OCHOBAHHE JJISI METO/1a JIMHEHHOT0 MPOTHO3UPYIONIero KOAMpoBaHust (JTMHEIHO-
ro npeaukTuBHOTO Koauposanus - JIIIK) pedeBoro cxxatus. B mudporoii popme 3apeructpupo-
BaHHasl YelloBeuecKasl peub pa3OuTa Ha KOPOTKHE CErMEHTBI, U Ka)KIbli XapaKTepHU30BaH CO-
[JIACHO TPEM IMapamMeTpaM MOJEIH. JTO TUIUIHO TPeOyeT OKOJIO TI0KUHBI OAMTOB Ha CETMEHT,
nim ot 2 1o 6 kbytes/sec. Undopmanus cermeHTa nepeaana wid coxpaHeHa Kak He0O0X0auMo, 1
TOTJIa BOCCTAHOBJIEHA PEUEBBIM CUHTE3aTOPOM.

Speech recognition algorithms take this a step further by trying to recognize patterns in the ex-
tracted parameters. This typically involves comparing the segment information with templates of
previously stored sounds, in an attempt to identify the spoken words. The problem is, this
method does not work very well. It is useful for some applications, but is far below the capabili-
ties of human listeners. To understand why speech recognition is so difficult for computers,
imagine someone unexpectedly speaking the following sentence:

AnroputMmbl Pacio3HaBaHus peun OEpyT 3TO IIarom jaajiee, MmpoOys pacmo3HaTh 00pasilbl B U3-
BJICUCHHBIX MapaMeTpax. DTO TUIIUYHO BKIIOYAET B ceOs1(1oipa3yMeBaeT) cpaBHEHNE HHPOpMa-
IIUM CErMEHTa ¢ I1a0JIOHaAMU IPEABAPUTEIBHO COXPAHEHHBIX 3BYKOB, B HOIBITKE WACHTUDUIIN-
poBatk ropopsimuecs ciosa. [Ipobinema, 3TOT MeTox paboTaeT HE OYE€HB XOPOILIO. DTO MOJIE3HO
JUIl HEKOTOPBIX NPWJIOKEHWH, HO JAJeKO HHMXKE BO3MOYKHOCTEH YEIOBEUECKUX CllyllaTesneil.
UYroObl MOHUMATh, TOYEMY PACIIO3HABAHUE PEUM HACTOJIBKO TPYAHO JJISl KOMIIBIOTEPOB, BOOOpa-
3UTE KOTo HU OyJlb C HEOX)KUJAHHBIM(HEIPABUIIbHBIM) IPOU3HOLIEHUEM CIIEAYIOLIETO MpeioxkKe-
HUS:

Larger run medical buy dogs fortunate almost when.
Bonvuue vinonnennvie MmeOuyuHcKue cooaxKu NOKynKu, yOauiussle noYmu, Ko2od.

Of course, you will not understand the meaning of this sentence, because it has none. More im-
portant, you will probably not even understand all of the individual words that were spoken. This
is basic to the way that humans perceive and understand speech. Words are recognized by their
sounds, but also by the context of the sentence, and the expectations of the listener. For example,
imagine hearing the two sentences:

Koneuno, Bl He noiimeTe 3HaY€HHE 3TOrO MPEJI0KEHUS, IOTOMY YTO 3TO HE UMEET HU OJIHOTO.
boniee BaxHO, BBl BEpOATHO, 1a’ke HE MOMMETE MPABUWIBHO BCE MHAMBUIYAIbHBIE CIOBA, KOTO-
pbl€ CKazaHbl. ITO OCHOBHOE K ITYyTH, KOTOPBIM JIFOJM YyBCTBYIOT M TOHUMAIOT peub. CiioBa pac-
MO3HAIOTCS N0 MX 3BYKaM, HO TaKXXE U KOHMEKCmoM TPEII0KEHUS, U 0KUJAHUEM CITyILLIATEIIs.
Hampumep, BooOpa3uTe CiplaTh ABa MPEITI0KCHUS :

The child wore a spider ring on Halloween.
Pebenox nocun xonvyo naykoobpasnou cemaneuomvl Ha Halloween(na xamnyne Omsa 6cex cési-
Mulx).

He was an American spy during the war.
OH 6b11 AMepukancKul WNUOH 8 medeHue GOUHbL.

Even if exactly the same sounds were produced to convey the underlined words, listeners hear
the correct words for the context. From your accumulated knowledge about the world, you know
that children don't wear secret agents, and people don't become spooky jewelry during wartime.
This usually isn't a conscious act, but an inherent part of human hearing.

(c) ABTOKC, Canxr-IlerepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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Jlaxke eciau TOYHO TE K€ CaMble 3BYKHM OBUIM MPOM3BEACHBI, YTOOBI MepenaTh MOMYEpPKHYThHIC
CJIOBA, CIIyLIATEIH CIBIIAT IIPaBUIIBHBIE CJIOBA IO KOHTEKCTY. OT Ballero HaKOIUICHHOTO 3Ha-
HUSI OTHOCHUTEIBHO MHpa, BBl 3HaeTE, UTO JETH HE HOCAT CEKPETHBIX areHTOB(IUNHUOHOB), U JIIO-
I HE HOCAT JIParolleHHOCTEW B TE€YEHHUE BOEHHOI'O BPEMEHH. DTO OOBIYHO HE CO3HATEIIbHOE
NEICTBHE, HO CBOMCTBEHHAs 4aCTh YEJIOBEUYECKOIO CIIyIaHUA(CIyXOBOI'O BOCIIPUATHSA).

(c) ABTOKC, Cankr-IletepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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PUCYHOK 22-9

Crrextporpamma ['onoca. Criektporpamma passr: "The rainbow was seen after the rain storm." Pucynku (a) u (b)
MTOKa3bIBAIOT B CHTHAJIE JIOMEHA BPEMEHH YacTOTY 3BYKa a TPOW3HECEHHOTO B cioBe rain. Pucynku (c) u (d) B cur-
HaJle JOMEHa BPEMEHH U YacTOTY 3ByKa S B CIIOBE SIOFN..
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Most speech recognition algorithms rely only on the sound of the individual words, and not on
their context. They attempt to recognize words, but not to understand speech. This places them
at a tremendous disadvantage compared to human listeners. Three annoyances are common in
speech recognition systems: (1) The recognized speech must have distinct pauses between the
words. This eliminates the need for the algorithm to deal with phrases that sound alike, but are
composed of different words (i.e., spider ring and spy during). This is slow and awkward for
people accustomed to speaking in an overlapping flow. (2) The vocabulary is often limited to
only a few hundred words. This means that the algorithm only has to search a limited set to find
the best match. As the vocabulary is made larger, the recognition time and error rate both in-
crease. (3) The algorithm must be trained on each speaker. This requires each person using the
system to speak each word to be recognized, often needing to be repeated five to ten times. This
personalized database greatly increases the accuracy of the word recognition, but it is inconven-
ient and time consuming.

BonbIIMHCTBO aNrOpUTMOB paclo3HaBaHUs PEYM OCHOBAHO TOJIBKO HA 3BYKE MHAMBUIYaJIbHBIX
CJIOB, a HE Ha UX KOHTeKcTe. OHM MBITAIOTCS IPU3HABATh CJIOBA, HO HE IOHUMATh peyb. DTO pa3-
MEILAET UX B OFPOMHBIM HEIOCTATOK, CPABHEHHBIN C YEJIOBEYECKUMU CIyLIATENsIMU. Tpu pas-
JpakeHUs1 OOBIYHBI B CUCTEMaxX pacrio3HaBaHus peuu: (1) mpusHaHHAs peyb NOJKHA UMETh OT-
JMYHBIE Tay3bl MEXKTY CIOBAaMH. DTO YCTpaHsIET MOTPEOHOCTh B aIrOPUTME, YTOOBI UMETH JEIO0
¢ ¢pazamMu, KOTOpBIC 3BydYaT MOAOOHBIMH, HO COCTaBJICHBI U3 PA3IMYHBIX CIOB (TO €CTh, spider
ring u spy during). 9T0O MEIJICHHO U HEYKJIIOKE JUIS JIIOJeH, IPUYyUYEHHBIX K Pa3roBOpY B HaKJa-
JIBIBAIOIIIEMCS TTIOTOKE. (2) CIOBaph 4acTO OTPaHUYMBAETCS TOJIBKO HECKOJIBKUMU COTHSIMH CJIOB.
3TO 0O3HAYaeT, YTO AITOPUTM JIOJDKEH MCKATh TOJBKO OTPAaHUYEHHBIH HaOOpP, 4TOOBI HAWTH JIyd-
miee cootBercTBUE. [10CKOIBKY ClloBaph cieniaH OOJbIIMM, BpeMsl paclo3HaBaHUS M YPOBEHb
OMOKKU yBeNUYEeHBL. (3) anropuTM JOJHKEH ObITh 0Oy4eH Ha KaKIOM JAMHAMHKE. DTO 4YacTo
TpeOyeT OT KaXKIOro 4YelOBeKa, UCIOJIb3YIOIIEr0 CUCTEMY, MTOBTOPUThH KaXKI0€ CIOBO, KOTOPOE
JOJDKHO OyJIeT OMO3HAHO, ISTh - JECATh pa3. JTa WHAWBUAYAIU3UPOBaHHAs 0a3a JaHHBIX OYCHb
YBEJIMYUBAET TOYHOCTH PACIIO3HABAHUS CJIOBA, HO 3TO HEYIOOHO U MOTPEOIIsIeT BpeMsI.

The prize for developing a successful speech recognition technology is enormous. Speech is the
quickest and most efficient way for humans to communicate. Speech recognition has the poten-
tial of replacing writing, typing, keyboard entry, and the electronic control provided by switches
and knobs. It just needs to work a little better to become accepted by the commercial market-
place. Progress in speech recognition will likely come from the areas of artificial intelligence and
neural networks as much as through DSP itself. Don't think of this as a technical difficulty; think
of it as a technical opportunity.

[Tpu3 3a pa3paboTKy yCIENTHOW TEXHOJIOTHMH PACIiO3HAaBaHUs peun orpomMeH. Pedpb - camblil ObI-
cTpelii U Haubonee 3(peKTUBHBINA MyTh I JIOAEH, 4TOOBI cBA3aThcs. Pacmo3zHaBaHuMe pedn
MMeEeT MOTCHIMANI 3aMEHBI 3aIKCH, TIeYaTaHus, BX0Ja KJIaBHATYPhI, U JIEKTPOHHOTO YIpaBIie-
HUs, 00ECIIEYCHHOTO BBIKIIOYATENSIMA U KHOMKAaMH. TOJIbKO TpeOoBaThCs paboTaTh HEMHOTO
Jydie, 9ToObl CTaTh MPUHATHIM KOMMEpYeCKHM peIHKOM. [Iporpecc pacmozHaBaHus peun Oyaet
BEPOSITHO UCXOAMTH U3 00JacTel HCKYCCTBEHHOTO MHTEIUICKTa M HEBPAJIbHBIX CeTei (1 BOOOIIIe)
yero yroguo depe3 [IOC nenocpencTtsenno. He aymaiite o 3TOM Kak O TEXHHUYECKOW mpyoHO-
cmu; JyMalTe 0 3TOM KaK O TEXHHUECKOU 803MONCHOCHU.

Nonlinear Audio Processing
Heanneiinas 3BykoBass O0padoTka
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Digital filtering can improve audio signals in many ways. For instance, Wiener filtering can be
used to separate frequencies that are mainly signal, from frequencies that are mainly noise (see
Chapter 17). Likewise, deconvolution can compensate for an undesired convolution, such as in
the restoration of old recordings (also discussed in Chapter 17). These types of linear techniques
are the backbone of DSP. Several nonlinear techniques are also useful for audio processing. Two
will be briefly described here.

[ludppoBast unabTpanys MOKET yJydllaTh ayJUOCUTHAJIbI MHOTMMH crocobamu. Hampumep,
Qurempayus Bunepa MOXET HCIIONB30BaThCs, YTOOBI OTICIUTH YaCTOTHI, KOTOPBIE SIBISIOTCS
[JIABHBIM O0pa3oM CHUTHAJIOM, OT 4acTOT, KOTOpbIE SIBISIOTCS INIaBHBIM O0pa3oM IIYMOM (CM.
riaBy 17). AHaJIOTMYHO, 0eKOHEOMOYUs MOKET KOMIIEHCUPOBATh HEXKENNATEIbHYIO CBEPTKY, TH-
1a B BOCCTAHOBJICHWHU CTapbIX 3amucell (Takke o0Cy)aaloch B riaBe 17). DTU TUIBI TUHEHHBIX
mMeTo0B - ocHOoBa LIOC. HeckonbKo HenuHelinbix METOIOB TaKKe MOJIC3HBI JIJIsl 3ByKOBOM 00pa-
060T1ku. J/[Ba M3 HUX OyAeT KpaTKO OMUCAHO 3/IECh.

The first nonlinear technique is used for reducing wideband noise in speech signals. This type of
noise includes: magnetic tape hiss, electronic noise in analog circuits, wind blowing by micro-
phones, cheering crowds, etc. Linear filtering is of little use, because the frequencies in the noise
completely overlap the frequencies in the voice signal, both covering the range from 200 hertz to
3.2 kHz. How can two signals be separated when they overlap in both the time domain and the
frequency domain?

HepBaS{ HeJIPIHefIHaH METOAHKA I/ICHOJ'IB3yCTC}I JJI COKpaIJ_IeHI/IH LHI/IPOKOHOJIOCHOFO LHyMa B pe-
YEBBIX CUTHAJIAX. JTOT THUII IIIyMa BKJIOYAET: MMOCTOPOHHUH IIIyM MAarHUTHOM JIGHTHI, 3JICKTPOH-
HBINA urym B AHAJIOI'OBbIX ILICIIAX, HepeMOTKa, JBbIXAaHUC npocaqHBanmeec;I qepes MI/IKqu)OH,
MPUBETCTBUSI TOJBI(AIUIOANCMEHTBI;, IPUBETCTBEHHBIC BEIKPUKH), U T.1. JIMHEHHas humbTparus
UMECT HGGOHLLHOC HpI/IMeHCHI/IC, HOTOMy YTO 4aCTOTHI B H_IYMG ITIOJTHOCTBIKO HAKJIAABIBAKOTCSA Ha
4acTOTHI B CHTHAJIE ToJioca, 00a mokpeiBatoT auamnazoH ot 200 repu mo 3.2 k['1. Kak moryT ObITh
paSI[CHCHBI JABa CUTIHaJIa KOrga OHM HaKJIaJAbIBAKOTCs, U B JOMCHC BpeMCHI/I 1 B 4aCTOTHOM JIOMEC-
He?

Here's how it is done. In a short segment of speech, the amplitude of the frequency components
are greatly unequal. As an example, Fig. 22-10a illustrates the frequency spectrum of a 16 milli-
second segment of speech (i.e., 128 samples at an 8§ kHz sampling rate). Most of the signal is
contained in a few large amplitude frequencies. In contrast, (b) illustrates the spectrum when
only random noise is present; it is very irregular, but more uniformly distributed at a low ampli-
tude.

Nmeercs, kak 3TO clienano. B KOPOTKOM cerMeHTe peyH, aMILTUTYAbl YACTOTHBIX KOMIIOHEHTOB
o4eHb Hepashbl. Kak mpumep, puc. 22-10 a WIIIOCTpUPYET CHEKTP YacTOT U3 16 MUIIITUCEKYH/I-
HBIX CEIMEHTOB peuH (TO ecTb, 128 BEIOOPOK ¢ yacToTol BbIOOpKHU 8 KI'IT). BonbmmHCTBO curHa-
J1a COACPIKUTCS B HECKOJBKHUX OOJBIIMX aMIUIMTYIHBIX yacToTax. HampoTus, (b) mumoctpupyet
CIEKTp, KOTJa TOJBKO CIIy4alHBIN LIyM NMPHCYTCTBYET; 3TO OUYEHb HEMPABUIIbHO, HO OoJiee paB-
HOMEPHO pacrpe/esIeHO B HU3KOM aMITIUTY/IE.

Now the key concept: if both signal and noise are present, the two can be partially separated by
looking at the amplitude of each frequency. If the amplitude is large, it is probably mostly signal,
and should therefore be retained. If the amplitude is small, it can be attributed to mostly noise,
and should therefore be discarded, i.e., set to zero. Mid-size frequency components are adjusted
in some smooth manner between the two extremes.

(c) ABTOKC, Canxr-IlerepOypr, http://www.autex.spb.ru, e-mail: info@autex.spb.ru
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Tenepb KIIOYEBON KOHIENT: €CJIM M CUTHANI U IIYM HNPUCYTCTBYIOT, OHH MOTYT OBITh YaCTUYHO
OTJIEJICHbI CMOTPSIINIA Ha aMIUTUTYAy KaXJ10i yacTtotel. Ecnu amniumyoa 6onbias, 3TO - BEpo-
ATHO TJIaBHBIM 00pa30M CHUTHAJ, M IOTOMY JIOJDKEH ObITh coxpaHeH. Ecin aMrumuTtyia ManeHb-
Kasi, 3T0 MOXET ObITh IPUIIUCAHO TJIABHBIM 00pa30M LIyMy, U IO3TOMY JOJIKHO OBITH OTBEPTHY-
TO, TO €CTh, YCTAaHABIMBATh HA HyJb. YaCTOTHBIE KOMIIOHEHTBI CPEHErO Pa3Mepa OTKOPPEKTH-
POBaHbl HEKOTOPHIM TJIAAKUM CIIOCOOOM MEXY STUMH JIByMsl KpatHOCTSAMHU.

Another way to view this technique is as a time varying Wiener filter. As you recall, the fre-
quency response of the Wiener filter passes frequencies that are mostly signal, and rejects fre-
quencies that are mostly noise. This requires a knowledge of the signal and noise spectra before-
hand, so that the filter's frequency response can be determined. This nonlinear technique uses the
same idea, except that the Wiener filter's frequency response is recalculated for each segment,
based on the spectrum of that segment. In other words, the filter's frequency response changes
from segment-to-segment, as determined by the characteristics of the signal itself.

Jlpyroii crmoco® paccMaTpuBaTh 3Ty METOIHKY KaK u3MeHeHue epemenu Buneposckum guibm-
pom. Kak Bel moMHUTE, 4acTOTHAsI XapakTepucTuka punbTpa BuHepa mepenaeT 4acToThl, KOTO-
pBIe SIBISIOTCS TJIaBHBIM 00pa3oM CHTHAJIOM, M OTKJIOHSET YacTOTHI, KOTOPHIC SIBIISFOTCS TJIAB-
HBIM 00pa3oM IIyMOM. DTO TpeOyeT 3HaHMsI CUTHAJIA U IITYMOBBIX CIIEKTPOB 3apaHee, TakK, YTO0bI
YacTOTHAsl XapaKTepUCTUKa (HUIbTpa MOTJIa OBITH OmpesesieHa. JTa HeTMHEeWHAass METOIMKA UC-
MOJIB3YET TY KE CaMyI0 HJICI0, 32 UCKITIOYEHUEM TOTO, YTO YaCTOTHAs XapaKTepUCTHKa BuHepos-
CKOTO (pUIIbTpa MOBTOPHO pacCYMTaHA JIJISl KQXKIOTO CETMEHTa, OCHOBAHO Ha CIIEKTPE 21020 cee-
MeHma. JIpyrUMH CIIOBaMH, 9acTOTHAs XapaKTepUCTHKAa (PUIbTpa M3MEHSETCs OT "CerMeHTa K
CerMeHTy", KaK OIpPEIeNICHO B COOTBETCTBHHM XapPaKTEPUCTHKAMU M3 CHTHAJla HEMOCPEICTBECH-
HO(aBTOMaTH4ECKHU?).
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FIGURE 22-10

Spectra of speech and noise. While the frequency spectra of speech and noise generally overlap, there is some sepa-
ration if the signal segment is made short enough. Figure (a) illustrates the spectrum of a 16 millisecond speech
segment, showing that many frequencies carry little speech information, in this particular segment. Figure (b) illus-
trates the spectrum of a random noise source; all the components have a small amplitude. (These graphs are not of
real signals, but illustrations to show the noise reduction technique).

PUCYHOK 22-10

CnexTpsl peur u nryma. B To Bpems Kak 4acTOTHBIE CIIEKTPHI PEUH U IIyMa BOOOIIE HaKJIaJAbIBAIOTCS, HMEETCs He-
KOTOpOE pa3JieIeHue, €CIIM CErMEHT CUTHAJIa C/IeNaH JI0CTaTOYHO KOPOTKMM. PHCYHOK (a) MILTIOCTpUPYET CIIEKTp U3
16 MIIIHCEKYHIHBIX CETMEHT PEyH, TOKa3bIBasi, YTO MHOTO YAaCTOT HECYT HeOOJBLIYI0 peueByl0 MH(POPMAIHIO, B
9TOM cnenuduieckoM cermenTe. PrucyHoK (b) MIUTIOCTPHPYET CIEKTpP CIy4alHOro MCTOYHHKA ITOMEX; BCE KOMIIO-
HEHTBI UMEIOT MAJICHBbKYIO aMIUTydy. (OTH rpaduky He MMEIOT peabHBIX CHTHAJIOB, HO WILTIOCTpPANMs, YTOOBI
MI0Ka3aTh METOIUKY IIIyMOIIOIaBJICHNUS).
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One of the difficulties in implementing this (and other) nonlinear techniques is that the overlap-
add method for filtering long signals is not valid. Since the frequency response changes, the time
domain waveform of each segment will no longer align with the neighboring segments. This can
be overcome by remembering that audio information is encoded in frequency patterns that
change over time, and not in the shape of the time domain waveform. A typical approach is to
divide the original time domain signal into overlapping segments. After processing, a smooth
window is applied to each of the over-lapping segments before they are recombined. This pro-
vides a smooth transition of the frequency spectrum from one segment to the next.

OpHa U3 TpyIHOCTEW B OCYLIECTBICHUHU 3TOrO (M APYTHX) HEJIMHEHHOTO METOJa - TO, UTO Mepe-
KPBITHE-T00aBICHHBIN METO TSl GUIBTPAIIMU JUIMHHBIX CUTHAJIOB, HE HMEET CHiibl. HaunHas ¢
M3MEHEHUN YacCTOTHOW XapaKTepUCTHKH, (hopMa BOJHBI IOMEHA BPEMEHU Ka)KJIOTO CErMEHTa
Oonpiie He OyAeT BBIPAaBHUBATHCA C COCETHHUMH CETMEHTAMH. JTO MOXET OBITh MPEOIOJICHO,
MIOMHSI, UTO 3BYKOBasi HH(GOpMaIUs 3aKOAUPOBaHA B YACTOTHBIX 00pasliax, KOTOPhIe U3MEHSIOT-
Csl 4epe3 Kakoe-To Bpems, a He B ¢opMe (popMbl BOIHBI JOMEHA BpeMeHH. TUIMUYHBIA MOAX0.T
COCTOMT B TOM, UTOOBI I€JUTh NEPBOHAYATBHBIN CUTHAJ IOMEHA BPEMEHU Ha nepexpuléaroujuecs
cermeHThl. [locine 00paboTKH, TiIagKoe(CTIaKUBAIOIIEe) OKHO MPUMEHSETCS K KaXIOMY M3 Ha-
KJIAIBIBAIOIIUXCSI CETMEHTOB MPEXJIe, YeM OHU PEKOMOMHHUPYIOTCA. DTO oOecredyuBaeT riaj-
Koe(IJIaBHOE) MEepEMEIEHUE CIIEKTPa YaCTOT OT OJJHOTO CErMEHTA /10 CJIEIYIOLIETO.

The second nonlinear technique is called homomorphic signal processing. This term literally
means: the same structure. Addition is not the only way that noise and interference can be com-
bined with a signal of interest; multiplication and convolution are also common means of mixing
signals together. If signals are combined in a nonlinear way (i.e., anything other than addition),
they cannot be separated by linear filtering. Homomorphic techniques attempt to separate signals
combined in a nonlinear way by making the problem become linear. That is, the problem is con-
verted to the same structure as a linear system.

Bropas HenmHeliHas MeTOAMKa Ha3bIBAETCS TOMOMOP(HON 00pabOTKON CHrHAIOB. DTOT Tep-
MUH OYKBaJIbHO O3HAYaCT: ma e camas cmpykmypa. JlobaBieHue - He €AMHCTBEHHBIN MyTb,
KOTOPBIM IIIYM U HHTEPPEPEHIINS MOTYT ObITh OOBEIUHEHBI C CUTHAJIOM, MPEACTABIISIONUM HH-
Tepec; YMHOXKEHHE U CBEPTKa - TaK)Ke OOBIYHBIE CPE/ICTBA CMELIMBAHUS CUTHANIOB BMecTe. Ecnu
CUTHAJBI 00BbEIMHEHBI HETUHEHHBIM CIIOCOOOM (TO €CTh, YeM - HHOYIb IPYTUM YeM Jo0aBiie-
HUE), OHU HE MOTYT OBITh OTACJICHBI TUHEHHON (rutbTparueid. ['oMmoMopdHbIE METOABI MBITAIOT-
Csl OTHENATh, CUTHANIbl, OOBbEINHEHHbIE HEMTMHEWHBIM CIIOCOOOM, co3laBas mpolieMmy cmamb
nuHerHHbIMU. To ecTh mpobiema npeoOpa3oBaHUs K TOH K€ camol cmpykmype KaK JTUHEHHas
CUCTEMA.

For example, consider an audio signal transmitted via an AM radio wave. As atmospheric condi-
tions change, the received amplitude of the signal increases and decreases, resulting in the loud-
ness of the received audio signal slowly changing over time. This can be modeled as the audio
signal, represented by «[ ], being multiplied by a slowly varying signal, g[ ], that represents the
changing gain. This problem is usually handled in an electronic circuit called an automatic gain
control (AGC), but it can also be corrected with nonlinear DSP.

Hanpumep, paccMoTpuTe ayauocurHai, nepefanublii uepe3 paauoBoiany AM. Ilpu usmenennn
aTMOC(EpHBIX YCIOBUH, MONy4YEeHHAs] aMITUTY/1a CUTHAJIA YBEJINYUBACTCS U YMEHBILACTCS, MTPH-
BOJSI K TPOMKOCTH TOJYYEHHOrO ayAMOCUTHajla, MEUICHHO HM3MEHSIOUIeics uepe3 Kakoe-TO
BpeMs. DTO MOXET OBITh CMOJAETMPOBAHO KaK ayAHOCHTHAJI, TPEACTABICHBIbIA a| |, ymHodcCeH-
Hbll MEIJICHHO W3MEHSIOIIMMCS CUTHAJIOM, g[ |, KOTOpBIA NpPEeACTaBIsA€T U3MEHEHUE YyCuJle-
HUs(yBesndeHus ). Jta npobiiema oO0bIdHO 00pabaThIBaeTCs B 3JIEKTPOHHOIN cxeMe Ha3blBaeMon
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asmomamuyeckou pecynuposkou ycunenusi (APY), HO 3T0 MOXKET TakKe OBITh UCIIPABIICHO C He-
nuaerHpIM [OC.

As shown in Fig. 22-11, the input signal, a[ ] x g[ ], is passed through the logarithm function.
From the identity, log (x + ) = log x + log y, this results in two signals that are combined by ad-
dition, i.e., log a[ ] + log g[ ]. In other words, the logarithm is the homomorphic transform that
turns the nonlinear problem of multiplication into the linear problem of addition.

Kak nokazano B puc. 22-11, BxogHoii curHan, af | x g[ ], mpoxoauT depe3 (GyHKIHIO Jorapudma.
N3 Toxnectna, log (x + y) = log x + log y, 3TO NIPUBOAUT K IBYM CUTHAJIaM, KOTOPbIe 0ObEINHE-
HBI CIIO)KEHHEM, TO ecTh, log a[ | + log g[ |. JApyrumu cinoBamu, jorapudm - romomMopQHas
TpaHcopmaHTa, KOTOpasi MOBOPAUMBAET HEJTUHEIHYI0 MpoOIeMy YMHOXKEHUS B JUMHEHHYIO 3a-
Javy CI0KEHUSI.

Next, the added signals are separated by a conventional linear filter, that is, some frequencies are
passed, while others are rejected. For the AGC, the gain signal, g[ ], will be composed of very
low frequencies, far below the 200 hertz to 3.2 kHz band of the voice signal. The logarithm of
these signals will have more complicated spectra, but the idea is the same: a high-pass filter is
used to eliminate the varying gain component from the signal.

3areM, CII0)KEHHBIE CUTHAIIBI OTAENICHbI OOBIYHBIM JMHEHHBIM (DUIBTPOM, TO €CTh HEKOTOPHIS
YacTOThI MPOMYCKAIOT, B TO BpeMsl Kak Apyrue oTkioHeHsl. [na APY, curnan ycunenus, g |,
OyJIeT COCTaBJICH M3 OYEHb HU3KUX YACTOT, JAJIEKO HUXKE MOJOCH ToocoBoro curHana 200 repit
- 3.2 xI'1. JlorapudpMupoBaHre 3TUX CUTHAIOB OOJIBINE YCIOXKHUT CIEKTPBI, HO UJIES - Ta XK€ ca-
Masi: QUIBTP BEPXHHX YACTOT HCIONB3YETCS, YTOOBI YCTPAaHUTh HU3MEHSIIOMIMICS KOMIOHEHT
YCHJIEHUS OT CUTHAJA.
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FIGURE 22-11

Homomorphic separation of multiplied signals. Taking the logarithm of the input signal transforms components that
are multiplied into components that are added. These components can then be separated by linear filtering, and the
effect of the logarithm undone.

PUCYHOK 22-11

I'omomopHOe pazneneHue MyJIbTUIUIMIMPOBAaHHBIX(YMHOKEHHBIX) CUTHAJIOB. B3sitne nmorapudma BXOIHOTO cur-
Hajla IPeo0pa30BhIBACT KOMIIOHEHTBI, KOTOPBIE YMHOMCEHbI B KOMIIOHEHTBI, KOTOPBIC CI0M#CEHbl. DTH KOMIOHEHTHI
MOTYT TOT/1a OBITH OTeNIeHBI INHEWHOW (hrinbTpanueii, u 3pdexrom yHHUTOKEHNUS JTorapudMa.

In effect log a[ ] + log g[ ], is converted into log «[ ]. In the last step, the logarithm is undone by
using the exponential function (the anti-logarithm, or ¢' ]), producing the desired output signal,

log af ]

B nefictButensHocTH log af | + log g[ ], mpeoOpazoan B log a[ |. B mocneanem mare, iorapudm
YHUUTOKEH, MCIOJB3Ys MOKa3aTeIbHy0 QyHKIHO (aHTumorapudm, wid €'[ ), mpousBoas xe-
JaTeNbHBIA CUTHAT BhIXoa log af ].

Figure 22-12 shows a homomorphic system for separating signals that have been convolved. An
application where this has proven useful is in removing echoes from audio signals. That is, the
audio signal is convolved with an impulse response consisting of a delta function plus a shifted
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and scaled delta function. The homomorphic transform for convolution is composed of two
stages, the Fourier transform, changing the convolution into a multi-plication, followed by the
logarithm, turning the multiplication into an addition. As before, the signals are then separated
by linear filtering, and the homomorphic transform undone.

Pucynok 22-12 moka3siBaeT TOMOMOP(HYIO CUCTEMY ISl OTNICJICHUSI CUTHAJIOB, KOTOPHIE OBLIN
ceeprymul. 1Ipunoxenue, re 3T0 UMEET MOJIE3HOCTh, HAXOAUTCS B YCTPAHEHUH, 3X0 U3 ayJHo-
curHayioB. To €CTh ayIMOCUTHAJI CBEPHYT C UMIYJbCHON MepeNaTOYHON (PyHKIIMEH, COCTOSIIEH
U3 Jenbra (PyHKUMH IUTIOC CABMHYTas M Maciutabupyemas aenbTra ¢yHkuus. ['omomopduas
TpanchopmaHTa(TpeoOpa3oBaHue) AJII CBEPTKH COCTABICHO W3 JIBYX CTaawi, [lpeobpaszosanus
@Dypve, N3MEHSISI CBEPTKY B YMHOXKEHHE, COIIPOBOXKAAEMOE J102apu@mMuposanuem, IoBOpadyuBas
YMHOXEHHE B ciokeHne. Kak mpexae, curHajiabl TOrJaa OTIACICHBI JIMHEHHOW (UiIbTparuei, u
yJaJeHueM roMOMOP(HOT0 NMpeodpazoBaHMUS.

An interesting twist in Fig. 22-12 is that the linear filtering is dealing with frequency domain
signals in the same way that time domain signals are usually processed. In other words, the time
and frequency domains have been swapped from their normal use. For example, if FFT convolu-
tion were used to carry out the linear filtering stage, the "spectra" being multiplied would be in
the time domain. This role reversal has given birth to a strange jargon. For instance, cepstrum (a
rearrangment of spectrum) is the Fourier transform of the logarithm of the Fourier transform.
Likewise, there are long-pass and short-pass filters, rather than low-pass and high-pass filters.
Some authors even use Quefrency Alanysis and liftering.

WNHTepecHBI TPIOK (TTOBOPOT; XapaKTepHas YepTa; OTIWYUTEIbHAsT OCOOCHHOCTD) B pHC. 22-12 -
TO, YTO JINHEHHAsT QUIBTPAIMs UMEET JEN0 C CUTHAJaMH YaCTOTHOTO JIOMEHA, TaKuM ke oOpa-
30M O0BIYHO 00pabaThIBAIOTCS 3TH CHUTHAIBI JOMEHa BpeMeHH. [lpyruMu cioBaMH, ITOMEHBI
BPEMEHH, U YaCTOTHBIC JOMEHBI MIOMEHSUIUCH M0 OTHONICHUIO K X HOPMAILHOMY HCIOJIb30Ba-
Huto. Hanmpumep, eciiu 061 cBepTka BII® ncnonb3oBanack, 4TOOB! BHIIOJHUTH CTAIUIO JTMHEHHON
(GuIbTpaui, YMHOXEHHBIC "CHIEKTpHI" ObUIH OBl B TOMEHE BPEMEHHU. JTa MHBEPCHSI POJIU POAH-
Ja CTpaHHBIM xkaproH. Hampumep, cepstrum - xocumnyc-npeobpazosanue hypwve nocapugpma
9Hepeemuuecko2o cnekmpa (MepecTpoiika (MeperpynmnupoBKa; MEPEeKOMIIOHOBKA; Mepepacipe-
neneHue) crektpa)) - [Ipeodbpazosanue Pypobe gorapudma u3 npeodpazopanust Pypve. AHajo-
THYHO, UMEIOTCA U QUIIBTPBI C KOPOMKUM NPOXOOOM U QUIBTPBI C ONUHHBIM NPOXOOOM, CKOpEe
yeM QUIBTPBI HU3KUX yacmom M GUIBTPHI 8epxHux yuacmom. HekoTopble aBTOPHI Jake HCIONb-
3ytot Quefrency Alanysis and liftering.

Homomaorphic Transform Inverse Homomaorphic Transform
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FIGURE 22-12
Homomorphic separation of convolved signals. Components that have been convolved are converted into compo-
nents that are added by taking the Fourier transform followed by the logarithm. After linear filtering to separate the
added components, the original steps are undone.

PUCYHOK 22-12

FOMOMOp(l)HOC Pa3aCiICHUC CBEPHYTHIX CUTHAJIOB. KOMHOHCHTLI, KOTOpbIC ObLIN CBCPHYTHI, Hpeo6pa3OBaH},1 B
KOMIIOHCHTBI, KOTOPBIC CJIIOKCHBI, Gepﬂ HpeO6paSOBaHI/IG (Dpre, COIIPOBOKAAECMOC J'IOFapI/I(I)MI/IpOBaHI/ICM. Ilocne
JIMHCHHON q)HHLTpaL[I/II/I, YTOOBI OTACINUTDH ,Z[O6aBJ'IeHHBIe KOMITOHCHTHI, IIEPBOHAYAIIBHBIC IIard YHUYTOXKCHBI.
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Keep in mind that these are simplified descriptions of sophisticated DSP algorithms; homomor-
phic processing is filled with subtle details. For example, the logarithm must be able to handle
both negative and positive values in the input signal, since this is a characteristic of audio sig-
nals. This requires the use of the complex logarithm, a more advanced concept than the logarithm
used in everyday science and engineering. When the linear filtering is restricted to be a zero
phase filter, the complex log is found by taking the simple logarithm of the absolute value of the
signal. After passing through the zero phase filter, the sign of the original signal is reapplied to
the filtered signal.

Nwmeiite B BUIYy, 4YTO OHU - YIPOIICHHBIC OMUCAHUS CIOXKHBIX anroputMoB [1OC; romoMopdHas
00paboTKa 3amoyiHeHa TOHKUMH ToapoOHocTsiMU. Hampumep, norapudm 1omKeH OBITh CIOCO-
6eH o0paboTaTh, M OTPULIATENIbHBIE U MOJOXKUTENbHbIE 3HAYEHUS BO BXOJHOM CHTHAJE, TaK Kak
3TO - XapaKTEPUCTHUKA 3BYKOBBIX CUTHAJIOB. JTO TpeOyeT MCIONB30BAHUSA KOMHIEKCHO20 J102a-
pugma, 6onee npexIeBpEeMEHHAs KOHLEHUS, YeM JIorapudM, UCIOIb3YEMBbI B KaXKI0JHEBHOM
Hayke u paszpabotke. Korna nunelinas GpuiabTpamust orpaHudeHa, 4To0bl ObITh (GUIBTPOM Hyile-
601l (hazvl, KOMIUIEKCHBIN JjorapudM HaiieH, Oeps mpocToil JorapudmM abCOTOTHOTO 3HAYCHUS
curHana. Ilocie npoxoxaeHus: yepe3 GUIBTP HyJIE€BOH (a3bl, 3HaK MEPBOHAYATIHHOIO CUTHANA
MMOBTOPHO oOpariaeTcst K GrUIbTpOBAHHOMY CHTHATY.

Another problem is aliasing that occurs when the logarithm is taken. For example, imagine digi-
tizing a continuous sine wave. In accordance with the sampling theorem, two or more samples
per cycle is sufficient. Now consider digitizing the logarithm of this continuous sine wave. The
sharp corners require many more samples per cycle to capture the waveform, i.e., to prevent
aliasing. The required sampling rate can easily be 100 times as great after the log, as before. Fur-
ther, it doesn't matter if the logarithm is applied to the continuous signal, or to its digital repre-
sentation; the result is the same. Aliasing will result unless the sampling rate is high enough to
capture the sharp corners produced by the nonlinearity. The result is that audio signals may need
to be sampled at 100 kHz or more, instead of only the standard 8 kHz.

Hpyras npobnema - Hanoxcenue cnekmpos(TIICeB109aCTOThI; 3aMEILIEHUE YacTOT?), KOTOPOE Mpo-
UCXOJUT, Koraa jorapudm npunsat. Hanpumep, BooOpasure oTHH(POBHIBATh HENPEPHIBHYIO Cl-
HYCcouodavbHyo 60Hy. B COOTBETCTBHUHU C BHIOOPOYHOW TEOPEMOM, JIBE WJIM OOJIbIIIE BHIOOPKH B
nuKiI(repruon) aocratoyHsl. Tenepb paccMoTpuTe OTHM(POBBIBAHUE JIOTapu(ma 3TOM Herpe-
PBIBHOM CHHyCOMJAlIbHOM BOJHBL. KpyTbhle yriasl TpeOyloT HaMHOro OoJblle BHIOOPOK B
IUKI(Iepruon), 9Todsl huKcupoBaTh (HOpPMY BOJIHBL, TO €CTh, IPEAOTBPALIATh HAJIOKEHHUE CIIEK-
TpoB. TpeOyemas yactoTa BHIOOPKH MOXKET JieTKO ObITh 100 pa3 cToib ke OobImasi mociie Jiora-
pudmupoBanus, Kak npexnae. Jlanee, 3To He UMeeT 3Ha4YeHHUsI, €CIU JIorapu(M MpUMEHsSIeTCS K
HENpPEephIBHOMY CUTHAJY, WM K €ro HU(PPOBOMY NMPEACTABICHUIO; PE3yNbTaT - TOT K€ CaMBbIii.
Hanoxxenue CHeKTpOB HMpPEKpPaTHUTCS, €CJIM 4YacTOTa BBIOOPKH HE JOCTATOYHO BBICOKA, YTOOBI
(buKkcupoBaTh KpyThI€ YIUIbI, IPOU3BEIECHHbIE HETUHEHHOCTRIO. Pe3ynbpTar - TO, 4TO ayauocur-
HaJIbl MOTYT HYXJaThCsl B IPOM3BOJCTBE BBIOOPOK ¢ yacToroil B 100 k'l miu Gosbinie, BMECTO
crannapthix 8 kI 1.

Even if these details are handled, there is no guarantee that the linearized signals can be sepa-
rated by the linear filter. This is because the spectra of the linearized signals can overlap, even if
the spectra of the original signals do not. For instance, imagine adding two sine waves, one at 1
kHz, and one at 2 kHz. Since these signals do not overlap in the frequency domain, they can be
completely separated by linear filtering. Now imagine that these two sine waves are multiplied.
Using homomorphic processing, the log is taken of the combined signal, resulting in the log of
one sine wave plus the log of the other sine wave. The problem is, the logarithm of a sine wave
contains many harmonics. Since the harmonics from the two signals overlap, their complete
separation is not possible.
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Jaxe ecnu 3TH MOAPOOHOCTH 00pabOTaHbI, HE UMEETCSI HUKAKOM TapaHTHH, YTO JIMHEAPHU30BaH-
HBIC CUTHAJIBI MO2ym OBITh OTJENEHBI JIMHEHHBIM QUIBTPOM. DTO - TO, TOTOMY YTO CHEKTPHI JIH-
HEapU30BAHHBIX CUTHAJIOB MOTYT HaKJIaJbIBaThCS, AXKE €CIIU CIIEKTPhI MepBOHAYATIbHBIX CUTHA-
JIOB 3TOTO He JAenaroT. Hampumep, BooOpasuTe CIOKEHHE IBYX CHHYCOUJAIBHBIX BOJH, OfHA B 1
k[, u ogHa B 2 KI'1. Tak kak 3TH CUTHAJIBI HE HAKJIAJIBIBAIOTCA B YACTOTHOM JOMEHE, OHU MOTYT
OBITH TOJIHOCTHIO OTHEJEHBI JUHEWHOW (unbTpanmeid. Teneps BooOpa3uTe, 4TO 3TH JBE CHUHY-
COMTAJIBHBIX BOJIHBI MYJIbTUILTAIIUPOBAHBI(YMHOXEHBI). Vcronb3yst ToMoMOpHYI0 00paboTKy,
norapupMHpOBaHHEM TPUHUMAEMBI OOBbECTUHEHHBI CUTHANA, MPUBOAUT K JIOTapupMy OIHOU
CHHYCOHJIAJIbHON BOJIHBI TUTIOC JiorapudM APYyrod CHHycOWaalbHON BOMHBL [IpoGnema, nora-
pubM CHUHYCOMIAIBHOW BOJIHBI COAEPKUT MHOTO rapMoHUK((hnaxonero). HaunmHas ¢ rapmo-
HUK((h1a5K0JIETOB) OT MEPEKPHITHS JBYX CUTHAJIOB, UX MOJIHOE pa3JieJIeHHe HEBO3MOXKHO.

In spite of these obstacles, homomorphic processing teaches an important lesson: signals should
be processed in a manner consistent with how they are formed. Put another way, the first step in
any DSP task is to understand how information is represented in the signals being processed.

HecMmoTps Ha 3TH mpenarcTBus, ToMoMop¢hHast 00padoTKa MPEToAaeT BaXXHBIH yPOK: CHTHAIBI
JIOJKHBI OBITH 00paboTaHbl CIOCOOOM coémecmumbimM C TeM, KaKk OHH c(OpMHpOBaHEI. M3naras
JIPYTO#l MyTh, MEepBbIH mar B M00yro 3amauy [{OC cocTouT B TOM, YTOOBI IOHSTH, KaK MPEICTaB-
JeHa uHpopmanus B 00pabaThiBa€MbIX CUTHAJIAX.
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