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Abstrakt

Tato prace pojednava o modelu prostorového slyseni a srovnava ho s dalsimi
modely. Podle nejnovéjsich vysledku experimentu na savcich hraje inhibice
velkou roli v urceni ¢asového posunu signalu mezi levym a pravym uchem.
Tento ¢asovy posun je pro nizsi frekvence klicem k urceni sméru, odkud
zvuk prichazi. Vysledky experimentu vedou k zavéru, ze prostorové slyseni
savcu pracuje na jiném principu nez u ptaku. Dnes existuje nékolik teo-
retickych praci, které se snazi tento jev vysvétlit, ale naprosta vétsina
z nich je zalozena na mimoradné presném casovani v inhibi¢ni ¢4sti obvodu.
Tento predpoklad je vSak odtrzen od dosavadni znalosti fyziologie. Na druhé
strané, modely popsané v této praci jsou zalozeny na faktu, ze kazdy neu-
ron reaguje na podrazdéni s jistym nahodnym zpozdénim. Pokud je tato
vlastnost uvazena v obvodu, ve kterém se objevuje inhibice, zpozdéni a de-
tektor koincidence, pak lze ukazat, ze vystupni frekvence obvodu odpovida
azimutu binauralniho zvuku na vstupu a soucasné experimentalné ziskanym
datum. Modely jsou podepfeny analytickymi vypocty a numerickymi sim-
ulacemi zahrnujicimi i kochlearni implantat.

Klicova slova

prostorové slySeni, stochasticky neuronovy model, detektor koincidence, ko-
chlearni implantat



Anglicky abstrakt

In this work is presented stochastic model of binaural hearing in context of
another alternative models. According to latest experimental data on mam-
mals, inhibition plays a role in interaural time difference recognition, which
is a key for low frequency sound source localization. The outputs of experi-
ments may lead to the conclusion that the binaural hearing works differently
in mammals compared to birds. Nowadays there are a few theoretical works
addressing this new phenomena, but all of them are relaying on a very pre-
cise inhibition timing, which was never proved as physiologically valid. On
the other hand, models described in this work are based on the fact, that
every neuron has a random delay when reacting to an excitation. If this time
jitter is taken into account and combined with inhibitory signal, delay in
the neuronal circuit and coincidence detection, then the output firing rate
corresponds to the azimuth of the sound source. In this work it is shown,
that such a neuronal circuits are giving the same output results compared
to experimental data. The models are supported by analytical computations
and numerical simulations including simulation of cochlear implant.

Keywords

directional hearing, sound localization, stochastic neural model, interaural
time delay, coincidence detection, cochlear implant
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1 Uvod

Cilem této prace je nabidnout struc¢ny uvod do problematiky prostorového
slySeni savcu a jeho modelovani, na kterém pracuji béhem svého post-
gradualniho studia na Ustavu patologické fyziologie 1. 1ékarské fakulty Uni-
verzity Karlovy.

V praci se nejprve zabyvam genezi a fyzikalnim popisem prostorového
zvukového viemu. Nasleduje popis morfologie a fyziologie sluchového tstroji
vlastniho modelu prostorového slysSeni, ktery otevira novy pohled na mozné
fungovani lokalizace zvuku u savcu.

Pro nizsi frekvence (u ¢élovéka do 1,5 kHz) je uréeni polohy zalozeno na de-
tekci fazového posuvu zvukového signdlu mezi levym a pravym uchem. Aby
tato detekce mohla fungovat s presnosti nékolika malo jednotek ihlovych
stupnu, je tfeba rozlisit ¢asové rozdily mezi akénimi potencialy neuronu
v Tadu desitek mikrosekund. S takovymi naroky na presnost nervového ob-
vodu se nesetkame nikde jinde v nervovém systému savcu. Neprekvapi proto,
ze dosud neni znamo, jak je tento posuv nervovou soustavou dekédovan.

Na rozdil naptiklad od genetiky je nase poznani v oblasti neurobiolo-
gie mnohem hutre uchopitelné a pii popisu nervového systému nalézame
obrovské mnozstvi neprobadanych ”bilych mist”. Jednim z téchto mist je
bezpochyby i oblast prostorového slyseni savcu. Zatimco u ptaku se podarilo
lokalizovat a popsat neuronalni zapojeni slouzici k urceni zdroje zvuku,
u savcu na néco takového stale cekame. Experimenty z konce devadesatych
let minulého stoleti ukazaly, ze u savcu hraje dulezitou roli inhibice. Vysledky
meéreni aktivity z téchto in wvivo experimentu naznacuji, ze u savcu bude
ziejmeé treba hledat Uplné jiny mechanismus nez u ptaku.

Nami vytvorené modely, presentované v této praci, se na problematiku
urceni zdroje zvuku snazi divat z pohledu pravdépodobnosti. Ukazuje se, ze
pokud zohlednime urc¢ité ndhodné zpozdéni vzruchu z vlaskovych bunék a
jednotlivé neurony propojime ve shodé se znamou anatomii, ziskdvame na
vystupu obdobné vystupy jako experimentatori. Ziskané modely jsou pritom
velice robustni vzhledem k variaci vstupnich parametru.
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2 Fyzikalni principy prostorového slySeni

Z tyzikalniho hlediska je zvuk mechanické vinéni sitici se v pruzném médiu.
Lidsky sluch je schopen rozpoznat zvuk ve frekvencénim rozsahu priblizné
od 20 Hz do 20 kHz. K jednoznacnému urceni polohy zdroje zvuku v pros-
toru je tireba tii detektoru schopnych rozlisit fazi a amplitudu vinéni. Pii
pouziti dvou detektoru neni uréeni polohy fyzikalné jednoznacné, jak je
vidét z obrazku 1. Z pohledu zpracovani prostorové informace u clovéka je
vyhodné rozlozit 1lohu na uréeni elevace a urceni azimutu.

U,

Obréazek 1: Schematické znazornéni neurcitosti v trojrozmérném prostoru. Pri
stereofonnim poslechu naptiklad ze sluchatek jsou vSsechny body rotacniho hyperboloidu
(anebo jeho asymptotického kuzele = “cone of confusion”) stejné pravdépodobnym mistem
umisténi zdroje zvuku.

2.1 Kodbédovani azimutu

Lokalizace zdroje zvuku v horizontalni roviné s frekvenci nizsi nez 1,5 kHz
je zalozena na urceni ¢asového posunu mezi signalem levého a pravého ucha
— ITD (Interaural Time Difference). Pro vyssi frekvence jiz casovy posun
nekdéduje azimut jednoznacné, podrobnéji viz [Syka et al., 1981].

Jednomu ¢asovému posunu odpovidaji vSechny polohy zdroju zvuku na
vétvich hyperboly, které jsou osové soumérné. Osou soumeérnosti je osa usi.
Na obrazku 2 jsou pro jeden konkrétni tihel zakresleny dvé dvojice vétvi
hyperboly — ¢ervené a zelené. Pro kazdé dva body A a B, lezici na prislusné
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Obréazek 2: Schematické znazornéni neurcitosti v dvojrozmérném prostoru. Vjem
prostorového slyseni ze stejné barevnych vétvi hyperboly je ekvivalentni. Napiiklad zvuk
z bodu A muze byt vniman jako zvuk z bodu B.

dvojici vétvi, a pro vzdalenosti aj,as a by,by (viz obrazek 2) musi platit:
a1 — ay = b1 — b2. (1)

Pokud lezi zdroj zvuku na ose usi, splyvaji tyto dvé vétve hyperboly
v jedinou polopiimku. Presnost urceni se pohybuje v fadu jednotek stupnii.
Lokalizace zdroje zvuku v horizontalni roviné s frekvenci vyssi nez 1,5 kHz

je zalozena na urceni rozdilu amplitudy mezi signdlem levého a pravého ucha
— ILD (Interaural Level Difference).

2.2 Kodbdovani elevace

Pro urceni polohy zdroje zvuku ve vertikalni roviné je vyuzito smérové
charakteristiky usniho boltce. Tento mechanismus funguje spravné az od
frekvence 500 Hz. Jedna se o mechanismus, ktery pracuje mono-auralné a
presnost urceni se pohybuje v fadu desitek thlovych stupnu. Podrobnosti
1ze nalézt napiiklad v [Middlebrooks and Green, 1991].

2.3 Presnost urceni zdroje

Pti urcovani posunuti dvou signalu uvazujeme vzdy néjaky elementarni ro-
zlisovaci krok. V pripadé digitalniho signalu odpovida tento krok prevracené
hodnoté vzorkovaci frekvence. Pro nahravku v digitalni CD kvalité to jest se
vzorkovaci frekvenci 44,1 kHz dochazime k rozliseni 22,67 us. Na obrazku
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3 jsou cervenymi useckami zobrazeny vsechny mozné zdroje zvuku, které
je mozno pri casovém kroku 22,67 us rozlisit. Zvuky vychazejici z jiného
bodu se budou jevit jako prichazejici z nejblizstho bodu leziciho na ¢ervené
usecce.
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Obréazek 3: Rozlisovaci kroky v horizontalni roviné. Cervené usecky ukazuji vSechna
rozlisitelna umisténi zdroju zvuku v blizkosti hlavy pii vzorkovaci frekvenci 44,1 kHz.
Rozmeéry jsou v centimetrech, interauralni vzdalenost ¢ini 17 cm.
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3 Morfologie a fyziologie sluchového tstroji ¢clovéka

Sluchové tstroji ¢lovéka délime na zevni, stiedni a vnitini ucho. Zevni a
stfedni ucho slouzi ke vstupu a transformaci zvuku ze zevniho vzdusného
prostiedi do tekutiny vnitfniho ucha. Vnitini ucho pak slouzi k zakédovani
vysky a intenzity zvuku do nervovych vzruchu. Podrobny popis fyziologie
1ze nalézt napiiklad v monografii [Syka et al., 1981], popis inhibi¢nich spo-
jeni napiiklad v [Brand et al., 2002]. Rozdily mezi slySenim ptaku a saveu,
véetné kratkého shrnuti evoluce ucha lze nalézt v [Grothe, 2003].

3.1 Zevni ucho

Zvuk prichéazejici z vnéjsiho zdroje je pro frekvence vyssi nez 500 Hz smeé-
rovan pomoci usniho boltce. Maximalni smérovy tuc¢inek ma usni boltec
pro zvuk o frekvenci 5 kHz, ptichazejici ze sméru v uhlu patndcti stupnu
odklonéného od interauralni osy a ve frontalni roviné. Zvuk o této frekvenci a
stejné intenzité prichazejici z jiného sméru do daného boltce je vniman jako
slabsi. Usni boltec také vytvari vyrazny akusticky stin pro zvuky prichézejici
zezadu a umoznuje tak lokalizovat zvuky v predozadni roviné. Na usni boltec
navazuje zevni zvukovod.

Zevni zvukovod je u clovéka dlouhy asi 25 mm a ma prumeér kolem
7 mm, je ukoncen bubinkem. Délka zvukovodu je parametrem urcujicim
rezonancni vlastnosti zevniho zvukovodu. Experimentalné bylo zméreno, ze
k maximalni rezonanci dochazi mezi 3 kHz az 4 kHz, kdy dochézi ke zvyseni
intenzity zvuku asi o 12 dB.

3.2 Stredni ucho

Ulohou stFedniho ucha je prenos zvukové energie z plynného prostredi
vnéjsiho zvukovodu do prostredi kapalného vnitiniho ucha. Prevod zvukové
energie z jednoho prostiedi do druhého je spojen se ztratou energie, ktera
musi byt kompenzovana ¢innosti stredniho ucha. O tom, jaka ¢ast energie
se prenese, rozhoduje pomér impedanci obou prostiedi. Ucinnost prenosu
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akustické energie lze vyjadrit takto:

4r

D

(2)

Koeficient § udava ucinnost prenosu, r je pomér akustické impedance
vzduchu a perilymfy. Akustickd impedance vzduchu je asi 415 kg.m 2.5~ !,
akusticka impedance perilymfy je srovnatelna s impedanci motské vody a
¢inf asi 16,1x10° kg.m 2.s7'. Z vyse uvedeného plyne, Ze 7 je rovno 4000.
Dosazenim do rovnice (2) ziskdvame tedy § = 0.1% to jest —30 dB. Tato
ztrata energie musi byt néjak hrazena. V soucasné dobé jsou znamy tyto

mechanismy hrazeni ztrat:

1. Zvuk z relativné velké plochy bubinku (55 mm?), ktery mé tvar mélké
nalevky (prumér 8 — 10 mm), je prendsen sluchovymi kustkami na
ovalné okénko, které je téméi 20-krat mensi (3,2 mm?). Vzhledem
k tomu, ze neni u¢inna celd plocha bubinku, dochéazi k zesileni asi
o 23 dB.

2. Stredousni kustky (kladivko, kovadlinka, tFfminek) tvoii soustavu
pak, jejiz zesileni je asi 2,5 dB.

3. Bubinek svym nestejnomérnym zakfivenim vytvari specidlni pakovy
systém, ktery rovnéz zesiluje signal.

Vedle vyse popsanych struktur sttedniho ucha je tteba zminit ruzné vazy,
kterymi jsou vazany sluchové kustky a dva drobné svaly musculus ten-
sor tympani a musculus stapedii, které maji shodnou funkci — kon-
trakei snizovat prenos zvuku. Timto je zajisténa ochrana sluchu pred prilis
intenzivnim zvukem. Vyrovnani tlakovych pomeéru mezi vnéjsim okolim a
sttedousni dutinou je uskutecnovano pri polknuti faryngo-tympanickou
tubou (Eustachova trubice).

3.3 Morfologie vnitiniho ucha

Ulohou vnitintho ucha je prevod akustického vInéni perilymfy na nervové
vzruchy, které koduji vysku a intenzitu zvuku. Zakladem vnitiniho ucha je
kostény hlemyzd’, ktery je dlouhy asi 35 mm a je stocen ve dva a pul
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zavitu. Trubice kosténého hlemyzdé je rozdélena na dvé poschodi (scala
vestibuli a scala tympani) kochlearni pifepazkou. Poschodi jsou oddé-
lena obdobné jako jednosmérna schodisté rozhledny. Vchod na schodiste
vzhuru vede z predsiné (vestibulum) s ovalnym okénkem, na které
doseda timinek. Tato scala vestibuli prochézi pod stropem kosténého hle-
myzdé do jeho vrcholu, kde prechézi na dolni schodisté. Tato scala tympani
je zakoncena okrouhlym okénkem.

Scala vestibuli je oddélena Reissnerovou membranou od scala media,
ktera je naplnéna endolymfou. Od scala tympani je scala media oddélena
bazilarni membranou.

7 bazilarni membrany vyrustaji ruzné nosné elementy Cortiho organu,
které vytvareji pravidelnou strukturu nesouci retikularni membranu.
Tato porézni struktura je protkdna ruznymi tunely a mikrotunely. V této
strukture rovnéz vedou nervy vlaskovych bunék, které jsou umistény na
povrchu retikuldrni membrany. Vlaskové bunky se dotykaji membrany tek-
torialni, ktera je zavéSena planparalelné nad retikularni.

Ohnutim stereocilii (vlaski) vldskové bunky na stranu bazalniho téliska
dochézi k depolarizaci, smérem opac¢nym k hyperpolarizaci. RozlisSujeme
vlaskové bunky vnitini, kterych je asi 3500 a jsou usporadany do jedné rady,
a vnéjsi, kterych je 15-18 tisic ve tiech tadéch. Od vnitinich vlaskovych
bunék vede asi 95% vsech aferentnich (dostfedivé vedoucich) nervovych
vlaken, od vnéjsich zbylych 5% téchto vldken. Vnitini vlaskové bunky maji
tedy ulohu ¢iti, zatimco vnéjsi vlaskové bunky ulohu zpétnovazebni, kdy je-
jich napnutim muze byt tlumen posun tektoridlni membrany viic¢i membrané
retikularni.

3.4 Fyziologie vnitiniho ucha

Z bubinku je zvukovy tlak preveden pres sluchové kustky na ovalné okénko.
Akustické vibrace se odtud §iti nestlacitelnou nitrousni kapalinou. Tlak se az
do frekvence 16 Hz vyrovnava plné pres okrouhlé okénko, které kmita v pro-
tifazi. Pti vyssich frekvencich se ale tlak nestac¢i vyrovnat, aniz by pohnul
kochledrni piepazkou. Dochézi tedy k rozkmitédn{ kochledrni prepazky. Cim
je kmitocet vyssi, tim se tlak vyrovnd blize ke timinku (tonotopie, viz
obrazek 4). K tonotopii kochledrni prepazky prispivaji i jeji mechanické
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vlastnosti. Blizko timinku je prepazka uzsi (0,05 mm) a postupné se rozsituje
az na 0,5 mm. V hlemyzdi tak dochazi k zakladni frekvencni analyze.

Obrézek 4: Tonotopické usporadani hlemyzdé. Jednotlivé idaje na obrazku odpovidaji
maximalnimu prohnuti kochlearni prepazky v zavislosti na frekvenci zvuku. Frekvence je
uvedena v Hz.

Rozkmitanim kochlearni prepazky dojde k posunu mezi tektoridlni a
retikularni membranou. Posunuti zhruba odpovida posunuti dvou plan-
paralelnich rovin pritlacenych k povrchu koule. To ma za nésledek to, ze na
jedné strané posunu dochazi k hyperpolarizaci vnitinich vlaskovych bunék,
na strané druhé k depolarizaci. Citlivost tohoto posunuti je nesmirna. Udava
se [Syka et al., 1981], ze pti intenzitach blizkych sluchovému prahu ¢lovéka,
dochézi k registraci vychylky o velikosti 0,1 nm.

3.5 Nervové drahy

Sluchovy nerv vychazejici z vnitiniho ucha ma u clovéka asi 30 tisic vlaken.
Obsahuje vedle vldken aferentnich (dostiedivé vedoucich) asi 500 vldken
eferentnich (odstiedivé vedoucich), ktera sestupuji z olivy superior a za-
koncuji synapsemi na vlaskovych bunkach Cortiho organu. Pocet synapsi
v jednotlivych tusecich hlemyzdé neni konstantni a dosahuje svého max-
ima (1400 vldken/mm) [Spoendlin and Schrott, 1989] zhruba v poloviné
hlemyzdeé.

Aferentni vldkna sluchového nervu vstupuji do komplexu kochlearniho
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jadra, které je soucasti prodlouzené michy. Vlakna sluchového nervu se
uvniti jadra rozdeéluji na ¢ast vzestupnou, kterd zasobuje AVCN (antero-
ventralni kochledrni jadro) a ¢ast sestupnou, kterd sméfuje do PVCN
(postero-ventralni kochlearni jadro) a DCN (dorzalni kochledrni jadro).
Z obou AVCN vedou nervova vlakna piimo do medialni olivy superior MSO
a lateralni olivy superior LSO. Do MSO, respektive do LSO vedou nervové
drahy rovnéz pres MINTB a LNTB (medidlni a laterélni jadro trapézového
teliska, medial and lateral nucleus of trapezoid body), ve kterych je nervovy
vzruch transformovan z excitacniho na inhibi¢ni. VySe popsana nervova
draha je zachycena v obrazku 5.

L

P4
r NTB ‘
od 1. ucha od p. ucha

Obrézek 5: Cést inervace kochledrniho jadra. Excitaéni vstupy (fialové) z antero-
ventralniho kochledrniho jadra (AVCN) a inhibiéni (glycinergické) vstupy (ruzové)
z MNTB a LNTB vstupuji do medidlni olivy superior (MSO).

Jak je vidéet, MSO a LSO jsou prvni mista, kde se setkavaji vzruchy
z levého a pravého ucha, maji proto velky vyznam pro prostorové slyseni.
V MSO jsou zpracovavany nizsi frekvence (do 1 az 1,5 kHz), v LSO pak
frekvence vyssi. Z hlediska morfologického v nich vsak u savcu nebyla ob-
jevena biologickd struktura piipominajici zpozdovaci linku. Pfesnd neu-
ronalni spojeni jsou zatim zcasti neznama.

7, kochlearniho jadra pokracuji nervové drahy pres nékolik dalsich neu-
ronu do sluchové kury (Heschliuv zavit), kterd je ukryta v hloubi tem-
poralni oblasti mozkové kury. Sluchova kura na mmnoha mistech hranici
s misty nesluchovymi, zvlasté pak s asocia¢nimi oblastmi mozku.
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4 Hypotézy urceni azimutu

Tato prace se zabyva ur¢ovanim azimutu pro nizsi frekvence (do 1,5 kHz),
kdy k vyhodnocovani dochazi na zakladé rozdilu fazového respektive ca-
sového rozdilu signélu (ITD) v mediélni olivé superior. Intenzitnim zpra-
covanim zvuku v lateralni olivé superior (pracujicim od 1,5 kHz) se zabyvaji
napiiklad prace [Tollin, 2003], ¢i [Park et al., 2004].

Od roku 1948 az do nedavné minulosti se predpokladalo, ze urceni az-
imutu na zékladé I'TD je provedeno v takzvané Jeffressové zpozd ovaci lince
[Jeffress, 1948], [Joris et al., 1998].

Nové prace [Batra et al., 1997], [Recanzone, 2000], [McAlpine et al., 2001],
[Brand et al., 2002, [Grothe, 2003], [McAlpine and Grothe, 2003], nebo
[Magnusson et al., 2005], ¢i [Fitzpatrick et al., 2000] vsak ukazuji, ze cho-
vani neuronu v MSO neodpovida Jeffressové teorii. V uvedenych pracich se
ukazuje, ze silnou roli pti urc¢ovani azimutu hraje inhibice. Proti Jeffressove
teorii rovnéz svedél to, ze zpozdovaci linka nebyla u savet dosud morfo-
logicky prokazana. Vedle novych teorii operujicich s inhibici se objevuji i
teorie operujici s tonotopicky posunutym zapojenim binauralnich neuronu
[Joris et al., 2006] ¢i teorie pracujici na zakladé nastupu (on-set) akénich
potencialt [Smith, 2001].

4.1 Jeffressova zpozdovaci linka

Jeffressova zpozd ovaci linka je soustava vhodné zapojenych detektort koin-
cidence (DK). Uvazujme nyn{ pro ndzornost zpozdovaci linku slozenou ze
sedmi DK, tak jak je uvedeno na obrazku 6. Vsechny DK v rdmci zpozd ovaci
linky maji své vstupy A;_; pripojeny na zdroj signalu Z, a své vstupy
Bi_7 na zdroj signdlu Zg. Necht Z, piedstavuje signdl z levé strany, vstup
Zp signal ze strany pravé. Jediné, ¢im se jednotlivé DK od sebe 1isi, jsou
vzdalenosti |Z4A,|, respektive |ZpB,|, pro vedeni akénich potencidli.
Pokud jsou pomeéry drah usporadany tak, ze |Z4A;| je minimalni a | Zp B |
maximalni u prvniho DK a |Z4A,| se linedrné zvétsuje, respektive |ZpB,|
zmensuje smérem k poslednimu DK, kde naopak |Z4A7| je maximalni a
|ZpB;| minimélni, pak ziskdvdme axondlni zpozdovaci linku. Ta je zo-
brazena na obrazku 6. Pokud se objevi akéni potencidl (AP) na Z4 a
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Obrazek 6: Schematické znazornéni zpozd ovaci linky. 7, znaéi signél z levého ucha,
Zp signdl z ucha pravého. A;_; respektive B;_7 jsou vstupy do detektoru koincidence (DK).
Vystupy z DK jsou oznaceny jako C_5

Zp soucasné, dojde ke generovani AP na (), to je prostfedni DK, kde
|ZpBy| = |Z4A4|. Toto odpovidd vybuzeni zvukem, ktery je piimo pred
nami, nebo pfimo za ndmi (vice o této neurcitosti v oddile 2). Naopak,
pokud zachytime zvuk, ktery pochazi piimo z nasi levé strany, bude ak-
tivovan neuron prvni, protoze |Z4 41| << |ZpB].

4.2 Hypotézy reflektujici roli inhibice

Experiment vyfazujici strychninem inhibici v MSO [Brand et al., 2002] u-
kazal jeji dulezitost pro binauralni lokalizaci zdroje zvuku. Publikovana
vysvétleni operuji s ruzneé rizenym posunem vystupu detektoru koincidence,
v praci [Brand et al., 2002] je tohoto posunu dosazeno velice rychlou in-
hibici. Dalsi in vivo experimenty (viz déle) vsak ukazuji, Zze uvazovana
rychlost inhibice je az prilis vysoka.

V pracich [McAlpine and Grothe, 2003], [Magnusson et al., 2005] nebo
také [Grothe, 2003] se operuje s rychlostmi niz$imi, pficemz pozadované
naladéni na konkrétni zpozdéni se ustavuje az v nékolika prvnich dnech po
té, co zacne pracovat sluch. Otazkou vsak zustava jak k takovému naladéni
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dochézi a jak je tizeno, respektive odkud se bere zpétna vazba spravného
urceni lokalizace.

Zajimavou teorii zalozenou na anatomickych zvlastnostech bunék v MSO
a podlozenou detailnim neurondlnim modelem nabizi [Zhou et al., 2005].
Tyto hypotézy a experimentalni méreni vSak ale neodporuji i jinému vy-
svétleni, které je popsano v nasledujicim oddilu.
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5 Binauralni model prostorového slyseni

N&s model prostorového slyseni [Drapal and Marsalek, 2008] respektive
[Drapal and Marsalek, 2011] se snazi nabidnout mozné vysvétleni principu
funkce binauralni lokalizace zdroje zvuku u ¢lovéka pro nizsi frekvence. In-
spiraci a zdkladem se staly publikace [Marsalek and Kofranek, 2004],
[Marsalek and Lansky, 2005], [Marsalek and Kofranek, 2005] a v neposledni
fadé [Marsalek and Drapal, 2007].

Model je koncipovan tak, aby zjednodusené nahradil biologické struktury
sluchové drahy od vystupu z vlaskové bunky po neuron MSO koédujici az-
imut (smér odkud zvuk vychézi) frekvenci akénich potencidlu na vystupu.
Otéazka transformace zvukového signalu na sled akénich potenciali je disku-
tovana v oddile 8. Schéma modelu je zachyceno na obrazku 8.

Pro nizké frekvence (zhruba do 1,5 kHz) je vzruch na vystupu z vlaskovych
bunék piesné synchronizovan s fazi zvuku vstupujiciho do ucha. Predpo-
kladejme nyni, ze Sitici se vzruch z vlaskové bunky je ndhodné zpozdén
napiiklad na dalsi synapsi. Toto ndhodné ¢asové zpozdéni modelujeme po-
moci beta rozdéleni inspirovani experimentalnim meéfrenim populace neu-
ronu [Marsalek and Drapal, 2007]. Neni to vSak podminkou, obdobného
chovani modelu lze dosdhnout i s normalnim ¢i rovnomérnym rozdélenim
zpozdéni. Pro jednoduchost operujeme s pojmy leva a prava strana, model
je vSak symetricky, jak je vidét na obrazku 8 a tak jsou tyto pojmy zaménné.

Nahodné zpozdény signal z levého a pravého ucha se setka na detektoru
koincidence (LDK/ PDK). Akéni potencidl (AP) na vystupu detektoru koin-
cidence se objevi pouze tehdy, setkaji-li se signaly z levého a pravého ucha
v kratkém casovém okné, jak je vidét z obrazku 7.

AP z LDK jsou zpozdény. Toto zpozdéni je z biologického pohledu re-
alizovano jiz pred vstupem do LDK v medialnim a lateralnim jadre trapé-
zovitého télesa, nasledné je signal invertovan, dochazi ke zméné z vedeni
excitacniho na inhibi¢ni. Z pohledu modelu nezalezi na tom, kdy dojde ke
zmeéne z excitace na inhibici nebo kdy dojde ke zpozdéni, proto je tento krok
v modelu realizovan az za detektorem koincidence. AP z LDK jsou vedeny
na inhibiéni synapsi (INH) v MSO. AP z PDK jsou pfes excitacni synapsi
(EXC) secteny (respektive odecteny od) s vystupy z INH a se spontanni
aktivitou (SUM) na neuronu SOUCET.
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Obréazek 7: Koincidenéni detektor vyuzivajici excitaci a inhibici. Slozenim signalu
z levého ucha (zelend kiivka) a pravého ucha (Gervend kiivka) ziskdvame signal zobrazeny
modrou barvou. Tento signal je prahovan jak v excitacni, tak v inhibi¢ni vétvi nervového
obvodu (prahy jsou vyznaceny fialove).

Poloha zdroje zvuku je kodovéana frekvencné, to znamena, ze nizka frekvence
akcnich potencialu ukazuje na vlevo umistény zdroj zvuku, vysoka frekvence
naopak na zvuk vychdzejici zprava. Vysledna aktivita neuronu SOUCET
tedy odpovida azimutu.

5.1 Matematicka analyza modelu

Vystup z levych, respektive z pravych vlaskovych bunék je ndhodné posunut
v ¢ase pomoci beta rozdéleni

Lla+8) . 1
f(z) = Wm (1—=) (3)

s parametry «, = 2 a 3, = 4 respektive ay = 4 a f; = 2, I'() je gamma
funkce. Oznacime-li jednotkovy skok v ¢ase t jako H (t) (Heavisidova funkce),
pak muzeme signal pro levé (I(t)) respektive pravé (r(t)) ucho zapsat

I(t) = H(t) - H(1 —t) - 20t(1 — t)*, (4)

r(t) = H(t)- H(1 —1t)-20(1 — t)t*. (5)

Graficky je beta rozdéleni zachyceno na obrazku 9. Pravdépodobnost ak-
tivity na vystupu z detektoru koincidence pro vSechna mozna zpozdéni
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Obrazek 8: Blokové schéma modelu. Nahodné posunuty vstup z levych a pravych
vlaskovych bunék (ucha) je veden do detektoru koincidence (LDK a PDK). Vystup
z LDK je zpozdén a veden inhibicni vétvi (INH). Celkovy vystup z modelu je SOUCTEM
spontanni aktivity (oznacené jako SUM) s vystupy z INH a EXC (excitacni vétev).

mezi levym a pravym uchem je rovna konvoluci obou signalu. Podrzime-
li se vyjadieni beta rozdéleni pomoci rovnic (4) a (5), muzeme vyuzit
vlastnosti Laplaceovy transformace a ziskat konvoluci zpétnou transformaci
sou¢inu obou rovnic. Pro vyjadfeni této zpétné transformace jsme vyuzili
manipulator symbolickych vyrazu v programu Matlab. Vysledny vyraz zde
nevypisujeme, protoze ma vice nez dvacet ¢lenu.

Ke stejnému vysledku dojdeme nize, v rovnici (8), pfi pouziti integralniho
poctu. Opét uvazujme konvoluci dvou rozdéleni

oo

q(z) = / [(z)r(z — 2)dz. (6)

—0

Dosazenim mezi, které vyplyvaji z ohrani¢eni hodnot polynomu jednotkovymi
skoky, ziskame

q(z) = /mm(z’l) l(x)r(z — x)dx. (7)

max(z—1,0)

Upravou rovnice (7) ziskdvame po zaokrouhleni pro interval od nuly do
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Obrazek 9: Grafy beta rozdéleni. Graf beta rozdéleni s parametry (2,4) a (4,2). Kiivky
odpovidaji analytickému vystupu, histogramy ukazuji vystup ze simulace.

jedné:

q(2) = 02" + q72" — 2" + @32’ — @2 + @, (8)
kde g9 = —0,6349, g7 = 2,8571, q4 = —20, q3 = 33,33, qo = —17,1429,
qo = 1,5873.

Funkce ¢(z) je licha, proto zde neuvadime tvar pro interval od minus jedné
do nuly, pro podrobnosti lze nahlédnout do [Marsalek and Drapal, 2007].
Nicméné vysledek rovnice (8) a vysledek zpétné Laplaceovy transformace
ziskany vyse je shodny. Prostym posunem vystupu z LDK v ¢ase a souc¢tem
s PDK ziskavame zavislost aktivity na vystupu na zpozdéni (ITD) na vs-
tupu. Prubéh tohoto signalu je zachycen na obrazku 10.

5.2 Numericka simulace

Pro ovéreni teoretickych vysledki a porovnani s experimentalnimi daty jsme
provedli numerickou simulaci. Jednotlivé komponenty modelu byly napro-
gramovany v Matlabu. Jako vstup diskrétni simulace byl vzdy pouzit zvuk
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Obrézek 10: Vystupni aktivity z modelu. Cervens kiivka s maximem v ITD=0 je
vystup z PDK. V piipadé vytrazeni INH (to jest inhibi¢niho vedeni) odpovida vystupu ze
SOUCTu tato kiivka. Modrd kiivka s maximalnim sklonem v ITD = 0 je vystup z plné
funkéniho modelu. Aktivita je zanesena v relativnich jednotkéch, ¢asové zpozdéni signalu
(ITD) je v ps. Parametry simulace: je pouzito 100 paralelnich vldken, frekvence zvuku je
1 kHz, trvani zvuku je 20 ms, maximalni ¢asové rozostieni (jitter) na synapsi je 600 us,
délka koincidenéniho okna je 400 us a velikost kroku I'TD je 40 us.

o jedné frekvenci. Pro kazdé zpozdéni bylo provedeno sto realizaci, tomu
odpovida rozptyl na obrazku.

Vysledek simulace (vystup ze SOUCTU) je na obrazku 10 zndzornén
modrou ¢arou. Krivka ma nejvétsi sklon v blizkosti nulového ITD. Tento
vysledek koresponduje s experimentalné namérenymi daty na piskomilech
[Brand et al., 2002], kterd jsou zobrazena na obrazku 11.

Cervend kiivka na obrdzku 10 odpovidd vystupu z detektoru koincidence
PDK respektive vstupu EXC. Prubéh na vstupu INH je obdobny, ale in-
vertovany a posunuty v ¢ase o zpozdéni ZPOZDENT].

Provedeme-li na modelu obdobny experiment jako A. Brand s piskomily,
vyradime-li inhibi¢ni ¢ast, ¢ehoz bylo dosazeno v experimentu pouzitim
glycinového antagonisty strychninu, ziskdme na vystupu vySe popsanou
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Obrazek 11: Experimentalni data. Prumérovand I'TD funkce pro MSO neurony piskomila
pfi normdlni funkci (modra kiivka) a po aplikaci strychninu (¢ervend kiivka). Prevzato
z [Brand et al., 2002].

cervenou krivku, kterd odpovida vystupu z PDK. Opét ziskavame vystup
obdobny experimentalnim datum.
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6 Kochlearni implantat

Kochlearni implantat (KI) je jedna z nejdokonalejsich smyslovych nahrad,
ktera zpristupnuje sluchové vjemy osobam jinak zcela neslysicim. Principem
KI je priméa elektricka stimulace sluchového nervu elektrodou.

Historie kochlearnich implantatu se zacina psat v padesatych letech dva-
catého stoleti. Jednalo se o jednoelektrodové KI, které byly v zacatcich
velice poruchové, jen velice malo uzivatelu bylo schopno rozumeét slovum,
spise tento KI umoznil vnimat rytmus feci. Presto i jen to malo, co KI
zprostiedkoval, zlepsilo schopnost odezirani. Toto hmatatelné zlepSeni vsak
podporilo dalsi vyzkum v této oblasti, ktery nebyl pouze technicky obtizny,
ale narazel dokonce i na etické hranice. Pfiméa stimulace nervu elektrodami
KT a jejich umisténi do hlavy pacienta nebyla v tehdejsi dobé pro radu védcu
a lékaru prijatelna.

Postupem c¢asu doslo ke zvyseni poctu elektrod, heuristickému ptredzpra-
covani signalu, upravé elektrod na zakladé zkusSenosti s vyvojem kardios-
timulatoru, miniaturizaci budici ¢asti a podobné. V nasledujicich podkapi-
tolach vychézim predevsim z téchto zdroju [Loizou, 1998|, [Clark, 2003],
[Swanson, 2001] a [Vondrasek, 2008].

6.1 Hluchota

Bilatelarni hluchota ¢i velice silnd nedoslychavost (vice nez 90 dB) je zéklad-
nim predpokladem pro implantaci KI. Zavedenim elektrod KI do hlemyzde
dojde ke zniceni pripadnych poslednich zbytku sluchu. Strategie unilateralni
implantace KI byva proto nékdy obhajovéna z toho duvodu, ze se ocekava
moznost nové 1écby hluchoty, kterou bude moci provést v budoucnosti.

Hluchota muze mit fadu znacné variabilnich pri¢in. Muze byt geneticky
podminénd (GJB2 mutace, dédiénd otoskleréza), muze vzniknout pii ni-
trodéloznim vyvoji (syfilis matky), predé¢asnym porodem, vlivem infekce
(meningitida, spalnicky, AIDS, HIV, chlamydiéza), extrémné silnym hlukem
¢i uzivanim nékterych ototoxickych 16kt (aminoglykozidy).

7, pohledu schopnosti nauceni se rozumeét feci je dulezité rozlisSovat prel-
ingvalni a postlingvalni hluchotu. Pacienti postlingvalné hlusi jsou c¢asto
schopni slyset okamzité po aktivaci KI, na rozdil od prelingvalné hluchych,
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ktefi se musi nejprve fec¢ naucit a to ve ztizenych podminkach omezenych
spektrem zvuku zprostredkovanych KI.

Schopnost mozku naucit se vyuzivat zvukovou informaci je ¢asové omezena
a trvd maximalné do adolescence. Nejlepsich vysledku dosahuji prelingvalné
hluché deéti, kterym byl KI implantovan ¢asné (maximalné do ctyt let).
Pokud je implantace provedena az kolem devatého roku ¢i pozdéji, lze
ocekavat, ze zpracovani zvukové informace nebude tuplné funkéni.

Implantace prelingvalné hluchych v dospélosti nema diky omezenému
trvani vyvojové plasticity mozku jiz zadny efekt. Sluchova centra jsou ob-
sazena jinymi funkcemi a pacienti se slySet nenaudi.

6.2 Hlas

Hlavni funkci KI je zprosttedkovat lidské hlasové projevy. Maximum infor-
mace v Teci lezi ve frekvenénim pasmu mezi 300 Hz - 3,4 kHz (standard
mezinarodni telekomunika¢ni unie).

Aby prenos informace byl maximalni, musi KI zachovavat charakteristické
znaky mluvené teci. Jde predevsim o zakladni frekvenci generovanou hla-
sivkami spolecné s prislusSnymi rezonancénimi maximy tzv. formanty, které
vznikaji rezonancemi v ustni dutiné. KI musi tedy provadét frekvencni
analyzu zvuku a piislusnd maxima (formanty) zachovévat.

6.3 Vybér pacienta pro zavedeni kochlearniho implantatu

Aby pacient po implantaci KI s velikou pravdépodobnosti slysSel, je tieba,
aby byly splnény nasledujici podminky:

e Sluchovy nerv musi byt neporuseny a spravné pracujici. Elektrody KI
totiz proudoveé stimuluji tento nerv. Nicméné i osoby s porusenym slu-
chovym nervem mohou vyuzivat zarizeni pracujici na obdobném prin-
cipu jako KI, jedn4 se napiiklad o ABI (auditory brainstem implants).

e Pacient musi byt schopen podstoupit operaci, ktera probihd v celkové
anestezii a trva jeden a pul az osm hodin.

e Socialni zazemi pacientu, predevsim prelingvalné hluchych, musi byt
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dostatecné kvalitni, aby mohl probihat nacvik porozumeéni teci a mlu-
veni.

6.4 Konstrukce kochlearniho implantatu

Ve svéteé existuje nékolik komerénich vyrobetu KI, naptiklad Med—El (Rak-
ousko), Cochlear (Australie), Advanced Bionics (USA) nebo Neurelec (Fran-
cie). Nicméné kazdy KI se sklddd z téchto ¢ésti:

e mikrofon — slouzi k prevodu zvuku (tlaku) na elektricky signél

e digitalni signdlovy procesor (DSP) — mikroprocesor, ktery ana-
lyzuje zvuk a konvertuje jej na elektrické signaly

e prenosovy systém, ktery prenasi elektrické signdly z DSP do vlastniho
implantatu; toto se déje vétsinou indukeéni cestou

e sada elektrod implantovanych do kochley, které proudové budi slu-
chovy nerv

Toto usporadani je zobrazeno na obrazku 12.

6.4.1 Mikrofon a signalovy procesor

Mikrofon spoleéné s digitalnim signalovym procesorem a napajeci baterii
byva vétsinou umistén ve spolecném pouzdie. Toto pouzdro byva bud
miniaturniho razu a byva zavéseno za uchem, podobné jako naslouchadla.
Druha varianta pouzdra byva vétsi a je poc¢itano s tim, ze bude noSena
prichycena nékde na téle ¢i v obleceni. Vyhodou vétsi varianty je moznost
umisténi kapacitnéjsich baterii (coz vede k prodlouzeni intervalu idrzby) a
zvyseni robustnosti zatizeni.

Hlavni tlohou signalového procesoru je rozklad zvukového signalu na jed-
notlivé frekvencni slozky, jejich klasifikace, vybér a prevod na proudové
hodnoty jednotlivych elektrod.

6.4.2 Prenosovy systém

Pfenos energie a informace do implantatu muze byt bud transkutdnni nebo
perkutanni. Naprosta vétsina systému pouziva k prenosu transkutanni in-
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dukeéni systém, kdy vysilaci ¢ast vytvari elektromagnetické pole, které in-
dukuje v civece v prijimaci ¢asti elektricky proud, ktery je pouzit na napajeni
vlastniho implantatu. Systém pracuje vétsinou na dvou frekvencich, kdy
jedna slouzi k prenosu energie a druha k prenosu informace.

Vyhodou tohoto usporadani je uplné uzavieni implantatu do téla, kdy
prijimaci civka je prekryta kuzi a je tak zabranéno infekci. V piijimaci
¢asti je umistén permanentni magnet, ktery pridrzuje vysilaci civku. Uréitou
nevyhodou je nasledna nemoznost podstoupit vysetfeni hlavy magnetickou
rezonanci. Nicméné novéjsi KI tento nedostatek odstranuji pouzitim vyji-
matelného magnetu, po jehoz odstranéni je mozné podstoupit magnetickou
rezonanci do sily 1,5 T.

Perkutanni systém je jinou vyjimkou, sestava pouze ze zasuvky a elektrod
a je proto vhodny k vyzkumnym tcelum, kdy je mozné elektrody ovladat
primo, bez jakychkoliv omezeni.

propagacniho materidlu od National Institutes of Health].
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6.4.3 Sada elektrod

Prvni kochledarni implantaty byly pouze jednoelektrodové [Loizou, 1998].
Jedna elektroda nemohla samoziejmé stimulovat sluchovy nerv tak, aby
pacient rozlisSoval ruzné vysoké tény a tak se postupné vyvinuly systémy
viceelektrodové. Modernéjsi systémy vyuzivaji dvanact az dvacet ¢tyti elek-
trod, jejichz vzdélenosti jsou zhruba od 2,5 do pul milimetru. Dalsi zvysSeni
poctu je omezeno poctem zdravych neuronu, které mohou byt excitovany
a predevsim rozptylem elektrické stimulace. Vzhledem k tomu, ze Siteni
proudu od zdroje je témér symetrické dochéazi k podrazdéni vice neuronu
najednou. Oblast excitace je mozné zmensit bipolarni stimulaci. Zatimco
pri unipolarni stimulaci tece proud z jedné elektrody smérem k elektrode
referencni, pfi bipolarni stimulaci tece proud vétSinou mezi sousedicimi
nebo blizce sousedicimi elektrodami. Jednotlivé strategie jsou zobrazeny na
obrazku 13. Presto nelze predem urcit, ktera strategie bude konkrétnimu
pacientovi vyhovovat vice.

a) NN
3

Obréazek 13: Ruzné stimulaéni médy elektrod. a) bipolarni stimulace, b) stimulace
se spolecnou zemi, ¢) monopoldrni stimulace; v horni ¢asti je vzdy zobrazeno pole in-
trakochlearnich elektrod, v dolni c¢asti kulickova referen¢éni elektroda, ktera nékdy byva
nahrazena kovovym pouzdrem stimuldtoru. Upraveno podle [Loizou, 1998].

Elektrody stimuluji sluchovy nerv proudové. Jedna se o proud v fadu
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desitek mikroampéru (pA). Cim je proud silnéjsi, tim je aktivovéno vice
polohy elektrody v hlemyzdi pak pacient vnima rozdilnou vysku tonu —
viz obrazek 4. Nékteré komercni implementace vyuzivaji takzvané virtualni
elektrody, které vznikaji buzenim sousednich elektrod nizsim proudem, ktery
dosahne diky superpozici nejvyssi hodnoty mezi elektrodami a vyvola tak
zvukovy vjem o frekvenci f3

Nt e
2

kde fi; a f5 je frekvence zvukového vjemu z prvni a druhé elektrody.

J3 (9)

Stimulace muze byt bud analogové, kdy dochézi k stimulaci spojitym
signalem, ktery odpovida zvuku vyfiltrovanému frekvenéni propusti (tono-
topicky odpovidajici poloze elektrody v hlemyzdi), nebo pulsni, kdy infor-
mace je prenasena fadou impulsu o vysoké frekvenci, tak aby jejich slozenim
vznikla podobna frekvenc¢ni obalka jako na vstupu. Vyhodou pulsni stim-
ulace je moznost sériového buzeni jednotlivych elektrod a tim padem za-
mezeni interakci mezi kandly. Tato serializace vSak muze mit i negativni
dopady napft. pfi urc¢ovani casového rozdilu pti binauralnim slyseni bi-
lateralné implantovanych pacientu.

Stimula¢ni proud musi mit nulovou stfedni hodnotu, aby nedochéazelo
k elektrolyze tkané a nesmi byt prilis veliky, aby nedoslo i z dlouhodobého
hlediska ke korozi elektrod ¢i poskozeni tkdné. Elektrody jsou umistovany
nejcastéji do scala tympani, protoze jsou tak nejblize zakoncenim sluchového
nervu a jednoduse sleduji tonotopické usporadani. Elektrody jsou zavedeny
asi 22-30 milimetru hluboko (maxima&lni prumérnd hloubka hlemyzdé je
35 mm).

6.5 Zpracovani signalu a kédovaci strategie

Zpracovani signalu pro viceelektrodové KI muzeme rozdélit do dvou zaklad-
nich kategorii: strategie zachovavajici prubéh signalu a strategie zalozené na
extrakci spektrélnich vlastnosti signalu (na piiklad zachovani formantu).

35



Obrazek 14: Kochlearni implantat. Prijimaci civka a sada elektrod kochlearntho im-
plantatu SONATA spolecnosti MED-EL. [Ptevzato z tiskové zpravy spolecnosti MED—
EL.]

6.5.1 Strategie CA a CIS

Mezi strategie zachovavajici prubéh patii CA (Compressed—Analog) strate-
gie, kterd pouze filtruje signal pasmovymi propustmi (stfedni frekvence
odpovidd umisténi elektrody v kochlee) a upravuje zesileni [Loizou, 1998].

Ukézalo se, ze pti pouziti CA strategie dochazi k ovlivnéni mezi jed-
notlivymi kanély (ruseni). Proto byla vyvinuta CIS (Continuous Interleaved
Sampling) strategie, ktera stimuluje impulsem vzdy jen jednu elektrodu a
cyklicky elektrody stiida. U CIS strategie, pii které dosahuji pacienti vyssiho
skére ve vSech testech porozuméni, muzeme ménit tyto parametry:

e frekvenci a sitku impulsti — nejlepsiho porozuméni dosahuji pacienti
s impulsy o frekvenci 800 az 2500 Hz a délce impulsu kolem 30 pus.

e poiadi stimulace elektrod — muze byt tonotopické to jest stimulace
elektrody c¢islo 1, 2, 3, 4, 5,...nebo néjakym zpusobem zamichané: 6,
3,5, 2, 4,...0peét plati, ze u kazdého pacienta vyhovuje jina strategie.

e kompresni funkce obalky vstupniho signalu — prevadi akustickou
amplitudu zvuku na amplitudu jednotlivych impuls.
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Funkce komprese je nezbytna vzhledem k omezené skdle amplitud elek-
trickych impulst oproti vstupnimu akustickému signalu. V praxi se jedna
zhruba o pomér 30 dB ku 5 dB. Ke kompresi byva vétsinou pouzita loga-
ritmicka funkce (obrézek 15), jejiz parametry je mozné ladit individualné
dle potfeb pacienta. Druhou vyuzivanou komprimacni funkei je funkce moc-
ninna, ktera ma vyhodu v tom, ze tvar a strmost je mozné ménit jedinym
parametrem, kterym je exponent p. Je-li vystupni proud roven

I =Alog(z)+ B (10)
kde p >0 a
MCL—-THR
A= 11
C—— "

Tmin T€SP. Tmax je minimalni resp. maximalni vstupni troven, T'HR je pra-
hova troven, MC'L je maximéalni jesté prijemnéa velikost budiciho proudu.

6.5.2 Strategie extrakce formanti

Strategie FO/F2 byla prvni extrakéni strategie vyvinuta pro KI Nucleus na
zacatku osmdesatych let. Jak napovida nazev pracovala na principu extrakce
fundamentalni frekvence formantu (F0) a druhého formantu (F2). Pricemz
frekvence FO byla hleddna v signalu filtrovaném dolni propusti (270 Hz),
F2 obdobné s pouzitim pasmové propusti (1-4 kHz). Tato strategie méla
u nékterych pacientu unikatné dobré vysledky [Loizou, 1998].

V poloviné osmdesatych let byla strategie FO/F2 rozsitena o prvni for-
mant F1, ktery je velice dulezity pro srozumitelnost i pro normalné slysici
osoby (oznaceni FO/F1/F2). Na zdkladé frekvence F1 a F2 jsou buzeny
prislusné elektrody, které odpovidaji dané frekvenci. V KI Nucleus WSP
byly pouzity bifazické impulsy, kdy kazda faze trvala 200 us a jednotlivé
impulsy byly oddéleny 800 ps mezerou, aby nedochézelo k interakcim mezi
kanaly. Jako ve strategii FO/F2 byly elektrody stimulovany frekvenci FO
impulsu za sekundu u znélych hlasek a zhruba 100Hz u neznélych. Neni
prekvapivé, ze porozuméni pii strategii FO/F1/F2 zlepsilo srozumitelnost
ve slovnim testu o vice nez 30% ve srovnani s FO/F2.
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MCL

THR

Xmin Xmax

Vstupni droven [-]

Obrazek 15: Logaritmicka komprese pouzivana v ruznych kédovacich strategiich KI.
Kompresni funkce mapuje vstupni akusticky signal z rozsahu [Xmyin,Xmax] na vystupni elek-
tricky signal do rozsahu [THR,MCL]. Xy r€Sp. Xmax je minimdlni respektive maximalni
vstupni uroven, THR je prahova iroven, MCL je maximalni jesté ptijemna velikost budiciho
proudu.

6.5.3 Spektralni strategie MPEAK

Strategie MPEAK (zkratka pro Multiple PEAK) vznikla evoluci strategie
FO/F1/F2, oproti které doslo k mirnému rozsiteni frekvenéniho okna pro
formant F2 a z tohoto pasma pak bylo vybrano vice spektralnich maxim
ve tfech podpasmech pevné svazanych se tfemi elektrodami. Toto rozsiteni
bylo motivovano jednak snahou o zlepseni reprezentace formantu F2 a na
druhé strané snahou o pienos informace o vyssich frekvencich, které jsou
dulezité pro souhlasky. Ukazalo se, ze rozsiteni prineslo zlepSeni ve slovnim
testu asi o 30% ve srovnani s FO/F1/F2. Ackoliv se strategie MPEAK
ukazala jako efektivni v extrakci dulezité informace z mluveného slova,
mé jedno hlavni omezeni, stejné jako FO/F2 a FO/F1/F2 strategie. Timto
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omezenim je chybovost algoritmu extrakce formantu zejména v zasuméném
signalu.

6.5.4 Spektralni strategie SMSP

Na zacatku devadesatych let byl vyvinut novy procesor SMSP (Spectral
Maxima Sound Processor), ktery opustil cestu extrakce formantu, kvuli
problému popsanému vyse a vydal se cestou detekce spektralnich maxim.
Vstupni signal byl pasmovymi propustmi rozdélen na 16 nezavislych pasem
s centralnimi frekvencemi od 250 Hz do 5,4 kHz a v téchto pasmech byla
nalezena spektralni maxima. 7 téchto 16 maxim je v rdmci 4ms okna vybrano
6 s nejvetsi amplitudou. Po logaritmické kompresi (viz 6.5.1) je signél prive-
den do 6 odpovidajicich elektrod jako bifazické impulsy o frekvenci 250 Hz.
V klinickych testech SMSP strategie byla opét lepsi ve srovnani s MPEAK.

6.5.5 Spektralni strategie SPEAK

Strategie SPEAK (Spectral PEAK), kterd je vyuzita i v dale uvedeném
modelu prostorového slysSeni, je v mnohém podobna SMSP strategii. Oproti
SMSP pouziva 20 pasem od 250 Hz do 10 kHz, ze kterych procesor dynam-
icky vybira 5-10 v zavislosti na vstupnim signdlu. Buzeni elektrod probiha
na frekvenci 180 az 300 Hz v zavislosti na individualnim rozhodnuti pacienta
a mnozstvi buzenych elektrod. Pti vyssim poctu aktivovanych elektrod
je frekvence buzeni nizsi. Dynamicky vybér maxim oproti pevné danému
¢asovému oknu 4 ms u SMSP umoznuje zachovani nejen spektralnich vlast-
nosti zvuku, ale i casovych, coz je mimoradneé dulezité pro binauralni slyseni.

vvvvvv

testu, predevsim pak v téch, které jsou zatizeny Sumem.

6.5.6 Strategie kédovani ACE

Strategie ACE (Advanced Combination Encoder) je podobna strategii
SPEAK, kombinuje vsak vySsi pocet pasem (22) a vyssi stimula¢ni frekvenci.
Podrobny popis algoritmu je uveden v popisu obrazku 16.
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Obréazek 16: Strategie ACE. Vstupni signdl z mikrofonu je vzorkovéan frekvenci 16 kHz a
rozdélen na segmenty o délce 128 vzorku s tim, ze dochdzi k 75% prekryvu sousednich seg-
mentu. 7Z kazdého segmentu je spocitdno spektrum pomoci algoritmu rychlé Fourierovy
transformace (FFT). Signal je nésledné rozdélen pomoci 22 pasmovych propusti. Pro
kazdé pédsmo je vypocitana jeho energie. Na zakladé nastaveni je vybrano nékolik nej-
silnéjsich pasem, maximalné vsak dvacet. Informace obsazena v nevybranych pasmech se
dale nikam neptenasi. Signal ve vybranych pdsmech se zkomprimuje pomoci logaritmické
funkce. Generator prevede zkomprimovany signal na proudové impulsy pii dané stimulacni
frekvenci. V paméti je ulozen: pocet vybiranych energetickych maxim, stimula¢ni frekvence,
parametry komprese, maximaln{ a minimaln{ budici irovné (pro kazdy kandl zv1ast), délka
impulsu, mezery mezi impulsy a druh stimulace. Upraveno podle [Vondréska, 2008].

6.6 Porozumeéni feci u pacienti s kochlearnim implantatem

Schopnosti porozumét mluvené teci se u pacientu s KI dramaticky lisi a
to i v pripadé, ze jsou vybaveni stejnym typem KI. Lze vSak najit nékolik
faktoru, které tyto schopnosti ovlivinuji:

e Celkova doba hluchoty m4 silné negativni efekt na vykonnost po-
rozuméni mluvené teci. Pacienti, ktefi trpéli hluchotou kratsi dobu
vykazuji lepsi vysledky nez ti s delsi periodou hluchoty.

e Doba zacatku hluchoty rovnéz velice ovliviiuje vykonnost porozu-
meéni. Postlingvalné hlusi dosahuji lepsich vysledktu nez prelingvéalneé
hlusi.

e Vék, kdy je KI implantovan je zasadnim faktorem u prelingvalné
hluchych. Zjednodusené lze tici, ¢im pozdéji tim hufe.
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e Délka pouzivani KI pozitivné ovliviuje vykonnost.

e Fyziologické faktory jako pocet funkénich synapsi sluchového nervu,
inteligence a komunikativnost.

e Technické faktory jako budici dynamicky rozsah elektrod, strategie
zpracovani zvuku, umisténi a hloubka zasunuti elektrod.

current [HA]

10
0.5 0.52 0.54 0.56 0.58 0.6 0.62 0.64 0.66 0.68 0.7
time [s]

Obrazek 17: Stimulaéni signal jedné elektrody KI. Nejsilnéjsi signal jedné z dvaceti
elektrod KI pii pouziti strategie SPEAK a komplexniho zvuku — mluveného slova.

6.7 Binauralni slySeni a kochlearni implantaty

Jednim z cilu pri vyvijeni modelu binauralniho slySeni je aplikovat ob-
jasnéné mechanismy pfti konstrukeci respektive programovani kochlearnich
implantatu. V soucasné dobé existuje ve svété rada pacientu se dvéma
kochledrnimi implantaty (KI). Na prvni pohled by se mohlo zdét, ze spravné
funkci prostorového slySeni nic nebrani. V praxi se vsak ukazuje, ze mnoho
pacientu je schopno jen obtizné schopno lokalizovat zdroj zvuku. Jak uvadi
[Majdak et al., 2006], hlavni problémy zpusobuje chybéjici synchronizace
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mezi obéma kochledrnimi implantaty (soucasnd technicka feseni se syn-
chronizaci nepocitaji), nestejna frekvence obou procesort, nizka vzorkovaci
frekvence, sériova stimulace elektrodami a vybér pouze nejsilnéjsich signédlu
ze spektra.

Podle neddavnych vyzkumu téze videnské skupiny [Laback et al., 2007] se
ukazuje, ze umeélé zavedeni zpozdéni do signalu, podobneé jako ve vyse pop-
saném modelu, muze u pacientu s KI zlepsit schopnost prostorové lokalizace.

Odpoved na bipoldrni stimulaci elektrodou kochledrniho implantétu silné
zavisi na modulaci signalu [Litvak et al., 2001]. Za t¢elem modelovani lze
odpoved vldskové buiiky dobie aproximovat modelem popsanym v pub-
likaci [Bruce et al., 1999b] a [Bruce et al., 1999a]. Pokud by se podatfilo
zlepsit schopnost lokalizace zdroje zvuku u pacientu se dvéma KI, vedlo
by to k zlepseni slySeni v situaci nazyvané “cocktail-party problem”, neboli
problém koktejlového vecirku [Nie et al., 2005].

42



7 Klinické aspekty prostorového slySeni

Zéakladni funkci binauralniho prostorového slyseni savcu je rozpoznani az-
imutu zdroje zvuku. Tato lokace pracuje na fyzikalnim principu. Na zakladé
znalosti frekvence zvuku je vyuzit bud ¢asovy ¢ intenzitni kli¢. Pokud se
jedna o znamy zvuk (napiiklad hlasovy projev zvitete) je mozné rozpoznat
i vzdéalenost zdroje zvuku. Urceni vzdéalenosti neni mozné jen na zaklade
fyzikalniho principu poklesu intenzity zvuku se vzdélenosti. Je tteba znat hl-
asitost zdroje zvuku, napriklad typicky hlasovy projev urc¢itého zivocisného
druhu. Bez této znalosti nelze rozpoznat blizky tichy zdroj od vzdalené¢ho
hlasitého.

azimutu a intenzity zvuku otazkou preziti. Na druhé strané tomuto tvrzeni
castecné odporuje narizeni z USA, které uklada vyrobcum elektromobilu,
které jsou jinak prakticky bezhlucné, aby generovaly néjaky zvuk. Stejné
tak lidové oznaceni modernich motorovych zelezni¢nich souprav terminem
"tichd smrt” otvira prostor k polemice.

Prostorové slySeni hraje urcitou roli i v orientaci v prostoru, coz je zejména
dulezité pro nevidomé osoby, kteri si vytvareji na zakladé echa jisty druh
prostorové mapy. S binauralnim slySenim souvisi rovnéz jev predchazeni.
efekt nazyvany binauralni hladina maskovani, znamy rovnéz pod anglickym
nazvem cocktail party problem.

7.1 Problém na koktejlovém vecirku

S efektem binauralni hladiny maskovéani se setkdvame bézné v konverzaci ve

Jedna se o typicky problém pacientu nedoslychavych na jedno ucho, kteii
si stézuji na to, ze ve spole¢nosti nejsou schopni konverzovat. V ruchu ktery
je vsude kolem nich nejsou schopni rozpoznat ten spravny hlas, kterému
chtéji naslouchat. Pravé neschopnost konverzace ve spole¢nosti byva ¢asto
spoustécem, ktery privede slabéji nedoslychavé pacienty k l1ékafi.

Na zakladé experimentalnich méteni bylo urceno, ze uziteény signal (zvuk)
v sumu (ruchy okoli), ktery ma vyraznou smérovou charakteristiku je viiman
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Obréazek 18: Problém na koktejlovém vecirku. Na obrazku je zachyceno pét mluvicich
lidi. Barevna soukruzi schematicky predstavuji vinoplochy tvorené mluvenym projevem.
Zkoumand osoba se zelenymi vinoplochami (zhruba uprostied obrézku) hovoii s osobou
vlevo (fialové vlnoplochy), ale tento hovor je rusen hlasy zbyvajicich osob, jak je patrné
z pruniku usi a vlnoploch.

0 10 az 15 dB silnéjsi nez ve skutecnosti je [Syka et al., 1981]. Tato smérova
selektivita tedy umoznuje rozeznat hlas re¢nika i pii jeho znaéné vzdalenosti
a silném maskovani Sumem. Schématické zobrazeni typického usporadani pti
cocktail-party je na obrazku 18.
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8 Model prostorového slySeni s kochlearnim implantatem

Model popsany v oddile 5 pouziva k preméné zvukového signalu na nervové
vzruchy pouze jednoduchy derivacni obvod. Jednotlivé ¢asti vérohodnéjsi
transformace zvuku na aktivitu vnitinich vlaskovych bunék resi nékteré jiz
existujici modely napt. [Krishna, 2002], [Patterson and Holdsworth, 1991],
[Patterson, 1994, [Irino and Patterson, 1997], [Slaney, 1993]. Vzhledem k to-
mu, ze tyto modely fesi preménu zvuku na ”spike-train” pouze parcialné, a
jak jiz bylo feceno v predchozim oddile, ze nas zajima vliv ¢asového ro-
zostTeni na prostorové slySeni u pacientu s KI [Laback and Majdak, 2008],
implementovali jsme tuto ¢ast s vyuzitim softwaru pouzivaného v kochlear-
nich implantatech a prenosu z elektrod KI na sluchovy nerv
[Bruce et al., 1999b], [Bruce et al., 1999a]. Vysledny model popsany
v [Drapal and Marsalek, 2010] je tak komplexni, Ze neni prakticky mozné
provést matematickou analyzu celého modelu, ale pouze jeho numerickou
simulaci.

8.1 Numericka simulace

Vstupem do modelu, ktery byl naprogramovan v prostredi Matlab, je kom-
plexni zvukovy signal, ktery je nejprve zpracovan pomoci algoritmu SPEAK
pouzivaného v KI. Tento algoritmus je dodnes standardné pouzivan v mnoha
ruznych modifikacich v komerénich KI. Bylo by zajimavé provérit fungovani
modelu i s jinymi algoritmy, které jsou dnes v KI bézné dostupné, ale brani
tomu silny konkurenc¢ni boj mezi vyrobci KI, ktery vede k tomu, ze al-
goritmy nejsou verejné dostupné a jejich vyuziti je vazano mnoha restrik-
tivnimi smlouvami.

Nicméneé, at uz je pouzit jakykoliv algoritmus, vysledkem je tonotopicky
uspoiadand matice o typicky dvaceti tadcich, kde kazdy radek predstavuje
stimulaci do jedné elektrody KI v pA. Na obrazku 17 je pro predstavu

Z matice stimulaci je pro zjednoduseni vypocetni narocnosti modelu vy-
bran radek s nejsilnéjsim signdlem, ktery je zpracovan modelem popsanym
v [Bruce et al., 1999a]. Vzhledem k tomu, ze jednotlivé elektrody jsou v KI
buzeny sériové, neubirda modelu vybér pouze jednoho radku matice na obec-
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Obréazek 19: Vystupni aktivity z KI modelu. Vystup z komplexniho KI modelu
odpovidajici vystupu z LIAF modelu na obrazku 10. Ze srovnani obou obrazku je patrné,
ze model je schopen pracovat i s komplexnimi zvuky, bez Gjmy na funkénosti.

nosti. Model popsany v [Bruce et al., 1999a] resp. [Bruce et al., 1999b] je
experimentalné verifikovany numericky model, ktery na zakladé vstupniho
proudu generuje pravdépodobnost nervového vzruchu vnitini vlaskové bunky.
Ovéreni modelu probihalo na kockach, které mély implantovany elektrody
KI a meérila se pravdépodobnost odpovédi sluchového nervu na zakladé
buzeni elektrickym proudem stejnym mechanismem, jaky je pouzit u KI.
Vlastni vzruchy v nervovém vlakné generované za pomoci pravdépodob-

nostniho IAF neuronu nésledné stimuluji model popsany v oddile 5. Na
obrazku 19 je zobrazen vystup z tohoto komplexniho modelu. Pti srovnani
vystupu KI a LIAF modelu prostorového slySeni je patrné, ze modely jsou
robustni nejen pokud jde o variaci jednotlivych parametru, ale i v pripadé
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komplexnosti vstupu. Nezavislost na mire komplexity vlastniho vstupu je
déna tim, ze spravné pracujici model prostorového slySeni musi byt vzdy
nahraditelny korelaci dvou signali — z levého a pravého ucha. Vzhledem
prekvapujici, ze i KI model s komplexnéjsim vstupem (oproti LIAF modelu)
pracuje spravne.
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9 Diskuse

Binauralni slySeni v zivoc¢isné tiidé savcu véetné ¢lovéka je na rozdil od tiidy
ptakt stale otevienou otdazkou. Neurondalni struktura odpovidajici ptaci
zpozd ovaci lince nebyla u ¢lovéka z anatomického hlediska lokalizovana a
stejné tak ruzna métfeni v ramci sluchového nervu a navazujicich nervovych
center existenci zpozdovaci linky u savell nepotvrzuji, ale spise vyvraceji.
I pres podrobné znalosti fyziologické akustiky nejsme schopni fadu slu-
chovych vjemu vysvétlit pouze na zakladé fyzikalnich zakonu. Do hry casto
vstupuje psychofyzikalni vysvétleni, které zatim nema pevnou oporu ve fyzi-
ologii respektive ve znalosti sluchovych neuronalnich obvodu. I v pripadé
prostorového slySeni tomu neni jinak. V nasledujicich odstavcich se tak po
strucném uvodu dotykame nékolika problému, na které jsme v ramci studia
prostorového slyseni narazili.

Z hlediska fyziologické akustiky, hovorime o zvuku jako o mechanickém
vlnéni ve frekvenénim rozsahu od 16 Hz do 20 kHz. Intenzita zvuku (neboli
hladina hlasitosti) se nejcastéji udava v decibelech, coz je pomérna logarit-
micka jednotka. Hodnota hladiny hlasitosti (SPL, sound pressure level) nula
decibelu pak odpovida prahu slySeni. V praxi se setkame s hodnotou 30 dB
v lese za bezvétii, 90 dB je intenzita hlasitého kiiku a od 130 dB (prah
bolesti a hluk motoru tryskového motoru) dochazi ve vnitinim uchu k rup-
turdm blanitych prepédzek a destrukci Cortiho organu [Syka et al., 1981].

Prostorové slyseni je primarné zalozeno na binauralnim slyseni. Pro frek-
vence do 1,5 kHz je uplatnovan c¢asovy kli¢, pro frekvence vyssi kli¢ intenz-
itni. Nejlepsiho prostorového rozliseni 1ze dosdhnout pomoci ¢asového klice
v okoli stredni sagitalni roviny.

V pripadé sluchovych ztrat kolem 90 dB a vice nelze vyuzit ke zlepseni slu-
chového vjemu principu zesilovace (standardniho naslouchétka), ale v pripa-
dé vitalniho sluchového nervu je mozno vyuzit kochlearni implantat. Jedna
se o sadu elektrod, které jsou zavedeny do hlemyzdé Cortiho organu. Elek-
trody na zakladé buzeni elektrickym proudem vytvareji vjem zvuku o vysce,
ktera odpovida poloze v tonotopicky usporadaném hlemyzdi.

Z hlediska patologické fyziologie sluchu rozlisujeme dvé zakladni skupiny
poruch, podle toho, kde na cesté mezi vzduchovym vedenim a zpracovanim
mozkovou kurou porucha nastava. Pokud je porucha pred vnitinim uchem,
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to jest pred mistem, kde je pfevadéna mechanickd energie na posloup-
nosti akénich potencialt, nazyvame tuto poruchu poruchou prevodni. Pokud
porucha nastava ve sluchové (nervové) draze véetné hlemyzdé, nazyva se
tato porucha poruchou percepéni. Je samozirejmé mozné, ze porucha sluchu
je i smiSend. Navic uplna oboustranna ztrata funkce vnéjsiho a stredniho
ucha, naptiklad po opakovanych zanétech stredniho ucha v détstvi s nésled-
nym oboustrannym chybénim bubinku, vede maximalné k oboustrannému
zvyseni sluchového prahu o 35 dB. Kazdé zvyseni sluchového prahu s hod-
notou vyssi nez tato ma tedy nutné i percepéni slozku.

V ¢lanku [Drapal and Marsalek, 2010] je k modelovani buzeni sluchového
nervu pouzit kochlearni implantat. Cely model prostorového slyseni s vyuzi-
tim KI pracuje velice spolehlivé i pti pouziti komplexnich (redlnych) zvukd.
V ptipadé bilaterdlnich implantaci KI, vSak pacienti prostorové slyseni ne-
maji a pokud jej maji, tak velice Spatné. Problém mé celou fadu pficin, ale
nejvetsi roli hraje absence synchronizace taktu DSP procesort a casovych
oken, ze kterych je pocitano spektrum budiciho signélu, frekvence budicich
impulsu elektrod a ztrata informace v ramci ¢asového okna.

9.1 Opravnénost pouziti rozdéleni beta

V ¢lanku [Marsalek and Drapal, 2007], ale i v [Drapal and Marsalek, 2010]
¢i [Drapal and Marsalek, 2011] je pouzito k modelovéani beta rozdéleni. Jak
jiz bylo uvedeno vyse, predkladané modely jsou robustni pokud jde o variaci
parametru a komplexnost vstupu, nicméné otdzka pouzitého pravdépodob-
nostniho rozdéleni diskutovana nebyla. Je pouzité beta rozdéleni opravdu bi-
ologicky opravnéné, nebylo by vhodnéjsi pouzit napi. rozdéleni Poissonovo?
Odpovéd na tuto otdzku jsme se pokusili najit v zatim nepublikovanych
analytickych vypoctech a numerickych simulacich, ze kterych vyplyva, ze
model je velmi robustni i pokud jde o volbu pravdépodobnostniho rozdéleni.
Jakmile je tvar pravdépodobnostniho rozdéleni alespon vzdalené podobny
beta rozdéleni, model pracuje spolehlivé. Toto nastava naptiklad pro normal-
ni, anebo pro gama rozdéleni. Dokonce i pro trivialni pripady beta rozdéleni,
kterymi jsou trojuhelnikovité a rovnomeérné rozdéleni, dava model funkéni
vystup.

49



Obrazek 20: Manekyn. Hlava a torzo slouzici k méfeni a testovani hypotéz prostorového
slySeni. Manekyn je vyroben z umélého dieva a je opatien otvory pro presné meéiici konden-
zatorové mikrofony.

9.2 Fyzikalni versus psychofyzikalni slySeni

Hlubsi znalosti prostorového slyseni mohou byt aplikovany nejen v 1ékarstvi
ale 1 pfi navrhu ozvuceni mistnosti ¢i pri zpracovani zvuku. Zpracovani
zvukového signdlu mozkem neni v mnoha piipadech linearni, ale zahrnuje
fadu netrividlnich operaci. Vedle fyzikalnich jevu je tedy tieba zohlednit i
specifika psychofyzikalni. Prikladem budiz napiiklad jev predchézeni. Jev
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predchéazeni se bézné uplatnuje v kazdé normalni mistnosti. Stény mistnosti
vétsinou pohlti jen 20% intenzity zvuku a zbytek je odrazen zpét. Presto
vnimame pouze vinu prvni a viny nasledné v urcitém ¢asovém okné neslySime,
ale ovlivnuji vjem viny prvni a to i pokud jde o vnimani prostorového zvuku.
Stejné tak binauralni hladina maskovéni (cocktail party problem) umoziuje
zesilit vjem prostorové lokalizovaného zdroje zvuku az o 15 dB oproti Sumu.
Vyraznou roli hraje zejména pro vyssi frekvence stin hlavy a tvar usnich
boltc.

9.3 Meéreni s pouzitim manekyna (fantomu)

Aby bylo mozné ovérit nékteré teoretické predpoklady a odlisit psychofy-
zikalni vnimani pokusnych osob od vnimani fyzikalniho, vybavili jsme nasi
laboratot tak zvanym fantomem ¢i manekynem. Manekyn je na obrazku 20.
Jedna se o zjednodusenou kopii hlavy vyrobenou z kompozitniho materialu
s definovanymi akustickymi vlastnostmi nazyvaného jednoduse umeélé drevo.
Tento material se vyznacuje izotropnim sitenim zvuku. Rychlost siteni zvuku
v umélém dievu je srovnatelna s rychlosti siteni v lidské hlavé. Fantom
je vybaven presné soustruzenymi otvory pro zasunuti mimoradné citlivych
méricich kondenzatorovych mikrofonu, které byly spolecné s fantomem kali-
brovany v bezdozvukové komofe na fakulté elektrotechnické CVUT. Fan-
tom je zcela unikatné vybaven sadou odnimatelnych usnich boltcu, které
umoznuji zkoumat za pomoci fantoma nejen binauralni ale i monauralni
prostorové slySeni. Vystup z mikrofonu je mozné pripojit primo do zvukové
karty, kterd podporuje takzvané fantomové napajeni mikrofontu v nami pouzité
elektro-akustické soustavé. Vyse uvedeny vycet otevienych problému, na
které pri studiu prostorového slyseni narazime neni zdaleka tuplny, stejné
tak jako vycet modelu a experimentu, které by bylo mozné k poodhaleni
fyziologické reality pouzit.
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10 Zavér

Snaha o nalezeni presného biologického popisu fyziologie prostorového sly-
Seni savcu v poslednich letech zesilila zejména diky objevu zvlastni role in-
hibice [Brand et al., 2002], nicméné zatim se nepodafilo nalézt uspokojivou
odpovéd na otézku, jakym mechanismem se inhibice uplatiiuje.

Predlozend prace ukazuje jedno z moznych tfeseni urceni polohy zdroje
zvuku, které se opira o stochastické vlastnosti neuronu sluchového nervu a
je velice robustni vzhledem k variabilité parametri. Vedle tohoto hlavniho
tématu, prace také otvirda souvislost mezi ¢asovym rozostienim signdlu a
presnosti lokalizace u pacientu s kochledrnimi implantaty:.

Ackoliv ztrata prostorového slySeni nema pro c¢lovéka primarné fatalni
dusledky, presto muze byt neschopnost rozpoznat, odkud zvuk ptichdzi (ze-
jména ve meéstech plnych automobili) dulezita. Neméné dulezitou roli hraje
prostorové slySeni v rozeznavani uzitetného smérového signalu v Sumu.
Vyzkum na tomto poli ma rovnéz velky vyznam pfi konstrukci paroveé
pracujicich kochledrnich implantatu.
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Mechanisms of Coincidence Detection in the Auditory
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Summary. The auditory brainstem in mammals contains a neural circuit for sound localization.
The exact functioning of this circuit is still under controversy. Two spike generation mechanisms
studied previously, excitatory coincidence detection and inhibitory coincidence detection, are
studied here regarding the input-output relationship of the spike time densities. We propose that
synchronous binary multiplication operation on spikes is the underlying process of these two
variants of coincidence detection. A derivation of time to the spike is shown, which enables us
to estimate the contribution of the neural circuit in the auditory brainstem to the overall reaction
time of sound localization. The brainstem contribution is minute compared to the conduction
delays in the mammalian neocortex. Finally, the skewness of the resulting output spike time
densities is discussed in both the excitatory and inhibitory cases and the inhibitory case is shown
to be close to the normal density with a standard goodness-of-fit test for the normal probability
density function.

Key words: Coincidence detection, directional hearing, interaural time delay, stochastic neu-
ronal model.

22.1 Introduction

The auditory brainstem in mammals contains a neural circuit for sound localization.
When the direction of incoming sound changes, so do the differences of some of'its pa-
rameters between the two ears (interaural parameters). Sound localization is based on
these sound parameters: interaural spectral difference, interaural intensity difference
and interaural time difference (ITD). In this chapter we deal only with the ITD. The
I'TD changes when there is a change of the angle of the line from the sound source to
the center of the head with the left-right symmetry plane. The discrimination threshold
of this angle change in humans corresponds to a time difference in the range of 10,
microseconds. Alternatively, such a short time difference can be described as a sound
phase difference. Of cowrse, such short time differences are not perceived subjectively.
They are only employed in the sound localization circuit in the brainstem.
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In the brainstem of birds the ITD is processed by a delay line [16], as 1t was sug-
gested more than half a century ago in a visionary work of Jeffress [5]. However, such
a delay line has not been found in mammals and recent experiments [1,4, 2] and [15]
indicate that the mechanism of the ITD processing in mammals does not work as the
delay line. Yet in both birds and mammals the microsecond ITD has to be somehow
detected by a unit (by a neuron, or by a neural circuit) acting as a coincidence detec-
tor. Without the coincidence detection none of the circuits in both birds and mammals
would work.

This chapter presents a stochastic model of the coincidence detection (CD) in the
auditory brainstem neural circuits. We have studied the feed-forward processing in the
brainstem previously [8, 10,11]. Here we present a not yet published example of CD
using the beta density as a probability density of input spike occurrences in time, We
stated previously that in the brainstem circuitry two types of CD take place, based on
the polarity of the synaptic transmission. We call these two types of CD the excitatory
CD and the inhibitory CD [10].

In [14] the CD was proposed as a mechanism for multiplication of firing rates
within a limited spiking frequency range of asynchronous spike trains in a compound
eye of a crab. Since in our synchronous cases the frequency is a sub-harmonic of sound,
in our versions of spike operations only binary and not continuous multiplication with
spikes is implemented.

22.2 Results

22.2.1 Conditions of Coincidence Detection

Following [14], we denote input from one side A, and from the other side B. The CD is
realized when input spikes from both sides are closer in time than the fixed value of A,
which is a constant of the neural circuit. During neuronal relaying, spikes are subject to
a delay with a random component. We assume that the random delays on sides A and
B are mutually independent and identically distributed non-negative random variables
D with a maximum value of §:

0<D<3s. (22.1)

For relevant sound frequencies and delays the length of the window for CD A is not

longer than the maximum delay § and the delay § is not longer than the sound period
T:

0<A=68=<T. (22.2)

In the excitatory CD the spike is generated only when the two spikes from sides A

and B meet in a time interval shorter than A, in other words when the two spike delays
Dy and Dy are closer in time than A:

|DA — Dgj < A. (22.3)
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Fig. 22.1. Generation of the output spike trains of the CD mechanisms. Trace A: Sound with
the frequency 500 Hz. Trace B: Series of spike time densities f(x) phase locked to the sound
rising phase. Traces C and D: The windows of length A (thin rectangles) are triggered by the
leading edges (thick horizontal bars) of the spikes. These spikes (thin smooth functions with cut
off tails) are postsynaptic potentials of the two inputs. The D trace is flipped vertically to show
the overlaps of the coincidence detection windows. Trace E: The spike train of the excitatory
CD is generated by placing the output spike aligned with the later of the two spikes of C and D,
if the two windows of length A overlap in time. Trace F: For the output spike in the spike train
of the inhibitory CD, all the conditions for the excitatory CD are necessary and furthermore the
(inhibitory) spike from the contra-lateral side (trace D) must arrive sooner in time than the spike
from the ipsi-lateral side (trace C). The F trace is also flipped vertically.

In the inhibitory CD the condition expressed in equation (22.3) is modified. Spikes
must arrive in the right succession. The excitatory spike from side A must come after
the inhibitory spike from side B. This is formulated as

O0<Dp—Dg=A. (22.4)

Mechanisms showing how these excitatory CD and inhibitory CD are generated are
shown in Fig. 22.1. The example sound frequency is 500 Hz in the figure. The post-
synaptic potentials of the two inputs from cochlear nuclei are the series of alpha func-
tions, x exp(—x/t), with 7 = | ms, The window duration is A = 0.66 ms, mean de-
lays are E(Da) = E(Dg) =0.33 ms and their standard deviation is 0.18 ms. Note the
longer duration of these alpha functions, compared to the CD windows, even though
their time constant 7 is shorter than typical biological time constants of postsynaptic
potentials, Durations of all the events depicted in Fig. 22.1 are only loosely to scale.
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Further, we denote the probability of events described by inequalities (22.3) and
(224) as P(A). For A = 0 it holds that P(A) = 0. In the case of A = 8, P(A) =
1. and since P(A) monotonically increases with A, P(A) as a function of A is a
cumnulative distribution function. Random variables D are distributed in accordance
with a given probability density function f(x). Then for the excitatory CD, P(A) =
Prob(|Da — Dg| < A) can be calculated. Analogously for the inhibitory CD, P(A) =
Prob(0 < Da — Dg < A). The output spike is emitted at the moment of the latter
input spike, The output time density for specific examples of D and f(x) and t‘he
rationale behind these examples are given in Section 22.2.3. In Fig. 22.1, beta density
Ba4 discussed in Section 22.2.3 is shown as the example of the density f(x).

22.2.2 Further Sources of Probabilistic Spiking

Under conditions (22.3) or (22.4), respectively, when A < §, the spike generation
probability is lower than 1. In [11] we showed that lowered spiking probability 1s also
due to the process of sub-harmonic spike generation, which progressively lowers the
spiking probability towards higher frequencies. We also gave a formula for dependence
of this probability on the main sound frequency in that paper. Let us denote the net
spiking probability set by the processes mentioned above as p. Further, one could ask:
How many sound cycles and how much time does it take before the output spike is
generated with desired reliability? Let us study the 50% and the 95% reliability. The
processing time will determine the processing speed and therefore the reaction time
for the sound localization circuit as a whole.

The procedure to calculate the processing time is shown in Fig, 22.2 for the two
example values of p =04 and 0.8. N is the number of sound cycles from 1 up to the
cycle in which spikes at both neurons A and B are generated together at some time.,
Let P(n) denote the probability that N < n. P(n) is a discrete cumulative distribution
function of n. Using the spike delivery probability p we calculate a probability of how
many cycles it will take for the mechanisms of the excitatory CD and of the inhibitory
CD to generate their output. From this we will characterize the processing time by the
two example values of N: by the number of cycles at which there is a 50% reliability
of generating the output spike and by the number of cycles needed to reach a 95%
reliability that the output spike is generated. The processing times to the first spike of
the 50% and 95% reliabilities are N'T, for the sound period T and for the two example
values of N. The larger of the last two delays D in the last sound cycle is not included
in these formulas, see {11] for details. In calculating these processing times we also
set the coincidence detection probability in (22.3) to P(A) = 1. Other cases, with
P(A) < 1, would be calculated analogously.

The N is the minimal n such that the probability P of spike generation in cycle n
is P(n) > R (where reliability R is 0.5 or 0.95). This N is found as the occurrence of
a success in a partial trial of a set of Bernoulli trials. This scheme does not exclude the
occurrence of a success in some other partial trial. Consequently, the probability of the
event that a success occurs in at least one partial trial of n trials does not equal np?, as
one might naively expect, but the probability equals to 1 ~ (1 — p2)". Therefore we
seek the minimal natural number N satisfying inequality
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Fig. 22.2. Determining processing time counted in sound cycles from P(n). P(n) is discrete
and is discretized by the sound period steps. The values of P (n) are the following: during the
first cycle P(1) = pz, during the second cycle P(2) = p2 + {1 — pz) pz, in the nth cycle
P(n) = 28_1 (1 — p?) p* and this sum gives the left side in inequality (22.5). P(n) = 1 for
n - 00, Intersection of these staircases with horizontals at R =0.5 and R = 0.95, respectively,
gives the values of natural number N . Examples with p = 0.4, light line, and p = 0.8, bold
line, are shown, the latter in order to demonstrate that N can even be equal to 1 for the value of
p > ~/2/2 and the reliability value of R = 0.5,

- -pHY >R (22.5)

for unknown N and for the values of R equal to 0.5 and to 0.95. Solving this inequality

for N we obtain N as
log(l — R
N = |l =R (22.6)
log(1 — p?)
where [.] denotes rounding towards the nearest larger natural number. The base of the

logarithm in both the numerator and the denominator can be arbitrary. Some numerical

examples are shown in Fig. 22.2 and some others are used as parameters in a table
in [11].

22.2.3 Examples of Input and Output Density Functions
For the input spike time probability density function we will use the beta density. We

will write the beta density in a standard form, as

, (22.7)
0 otherwise,

TIB Hannover licenced customer copy supplied and printed for National Technical Library Technicka 6/2710 160 80 Praha 6, 4/23/10

{x“‘1(1 —x)?1Ba, b)"!, forx €0, 1]
Bab =
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where the parameters a, b > 0 and B(a, b) is the beta function. The beta density with
a.b = 1,a < b, which means nonzero skewness, fits well to experimental data. This is
also because its nonzero value is confined to the range of [0, 1] and this guarantees the
assumption (22.2), namely that the spike fits into one sound cycle, after the cycle length
[0, T'] is normalized to [0, 1]. We substitute the beta density B, with parameters a, b
for the probability density function f(x) of D and Dy in equation (22.3). Fora =1,
b = 1, the probability density function becomes the uniform density. The uniform
density was used as a choice for f(x) in [10]. Next we will use parameters a = 2 and
b = 4 as the example:

20x(1 —x)®, forx € [0, 1]

. (22.8)
0 otherwise.

Ba(x) = {

To calculate the probability of the CD the condition (22.3) has to be fulfilled. Therefore
for the excitatory CD we seek a density u of the random variable W = |Dp — Dy|,
where D and Dp are distributed in accordance with equation (22.8). As the interme-
diary step giving out the density for the inhibitory CD we set

Z = Da — Dg, (22.9)

with its density denoted g(z).

We substitute f(x) = Ba(x) and g(x) = By4(x) into the standard convolution
formula for the sum of two random variables, g(z) = ffooo fx)glx — 2)dx.The
piecewise evaluated integral g(z) is

min(z, 1)
q(z) =/ fx)g(z — x)dx

max(z—1,0)

:/ fx)g(z ~ x)dx+f flx)gz — x)dx
ze[—1,0] z€[0,1)

2 1
=/6 fx)gz — x)dx—i-] 1f(x)g(zf ~ x)dx.
) Fianl

Obviously, g(z) is an even function. We substitute into these integrals for f and g
from (22.8) and we obtain the sum of two ninth-degree polynomials in two variables x
and z when starting with a fourth-degree polynomial Byq. This would require tedious
calculation without the use of a symbolic manipulator software package (we used the
Symbolic Math Toolbox of the Matlab package).

In summary, using (22.3) and assuming that D and Dpg are distributed with den-
sity (22.8), then Z = D4 — Dg for the inhibitory CD has the following density:

(—0.63492% + 2.857177 — 2074 + 33.337%

—17.1429z% + 1.5873, forx € [0, 1],
924(z) = { 0.6349z° - 2.857177 — 207% — 33.33;3 (22.10)
—17.1429z2 41,5873, forx € [~1, 0]

\ 0 otherwise.
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Fig. 22.3. Densities of input and output time in one sound cycle. Bo4, broken line, is the input
beta density with parameters of ¢ = 2, b = 4, The intermediate result of calculations, g4, 1s
the solid line, in fact consisting of the two separate but aligned polynomials for x in [—1, 0]
and in [0, 1], respectively, of (22.10). Dots, superimposed on the left branch, denoted N (0, o24),
belong to the normal density with the respective mean and standard deviation and are close to
the solid lines of g4. Solid line marked with squares is the output density o4, which is zero
outside the range of [0, 1].

The variable calculated as the absolute value of W = |Dp — Dg| for the excitatory
CD then has the resulting density ua4(w), uza(w) = 2g4(w) for w € [0, 1] and
tra(w) = 0 otherwise,

Starting from Byq4, for enough sample data points, the numerically calculated den-
sity of g24(z) is close to the normal density. Testing 500 data points of the density
q24(z) for the samples of normal density gives the positive answer with a significance
level of 10™13, This was in the Jarque—Bera test [2] for goodness of fit to, or departure
from, the normal density, based on the sample kurtosis and skewness.

Therefore the normal density N (i, o) with zero mean and adjusted standard de-
viation of 094 = 0.2518 can replace the density g4. For maximal delay § the range
of x is x € [0, 8], in other words we should substitute x/§ for x. This renormal-
ization will match to the By4 with nonzero values from [0, 1] and the standard de-
viation of N (u, op4) will be equal to o094 = 0.2518/8. The nonzero but close to
zero values of N (u, o34) outside the range of [—1, 1] are negligible, as shown by the
above-mentioned significance level. Densities Ba4, ¢24, 1424 and N (., op4) are shown
in Fig. 22.3. In the next section we comment on the prospective use of the normal
density in the description of output density. Even though the input beta density is used
specifically because the input spike trains are generated by a sound stimulus, the output
density g24 for the inhibitory CD is close to the normal density. The signs in the gener-



252 P. Marsalek and M. Drapal

ation of the excitatory CD do not cancel, the algorithm is not symmetric in this sense.
Therefore its output density w24 is also not symmetric and has a nonzero skewness.

22.3 Discussion

The wiring of the brainstem circuits for the CD is described in detail in previous works
[11] and reviews [5]. We will discuss only the differences between the excitatory and
inhibitory CD below. Of all the experimental literature which calls for an alternative to
a delay line theory in mammals we list just the representative papers [1,4, 12].

Concerning the difference in the summation sign between the excitatory and in-
hibitory CDs, we should note that the polarity change is possible in a neural circuit
only by chaining the excitatory and inhibitory synapse in series. In addition, negative
and positive amplitudes which are summed at a postsynaptic neuron have exactly two
origins: (1) the excitatory and inhibitory synapses at the same postsynaptic neuron and
(2) depolarization and hyperpolarization currents at the same neuron [3,4] and [15].

All spike generation is discussed with respect to one sound cycle. Spikes are gen-
erated synchronously with a sub-harmonic oscillation and a limit frequency is imposed
to the output frequency. This frequency limit, also mentioned at the beginning of Sec-
tion 22.2.2, was used in [6] before. The processing time discussed in this section as
a contribution to the reaction time would be just a minute contribution to the cortical
processing in humans. However, the smaller the experimental animal is, the faster is its
cortical processing and then the processing time may be more important. These reac-
tion and processing times may also be of interest for an experimenter, who could devise
further experiments elucidating the functioning of the brainstem neural circuitry.

The prediction of the output density type is useful in the description of propagation
of the spike timing jitter into higher-order neurons within the auditory pathway. Most
authors choose normal density, sometimes because there is no prior knowledge about
the density. In the examples of output excitatory and inhibitory densities we show how

such knowledge can be derived. Other examples of densities can be found in {7, 9]
and [13].
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Summary
Interaural time differences (ITDs), the differences of arrival time of the
sound at the two ears, provide a major cue for low-frequency sound
localization in the horizontal plane. The first nucleus involved in the
computation of ITDs is the medial superior olive (MSO). We model the
neural circuit of the MSO using a stochastic description of spike timing.
The inputs to the circuit are stochastic spike trains with a spike timing
distribution described by a given probability density function (beta
density). The outputs of the circuit reproduce the empirical firing rates
found in experiment in response to the varying ITD. The outputs of the
computational model are calculated numerically and these numerical
simulations are also supported by analytical calculations. We formulate a
simple hypothesis concerning how sound localization works in mammals.
According to this hypothesis, there is no array of delay lines as in the
Jeffress’ model, but instead the inhibitory input is shifted in time as a

whole. This is consistent with experimental observations in mammals.

1 Introduction

The auditory system of humans and many other animals is able to localize sound sources
with amazing precision. This ability is partially possible with only one ear (monoaural
hearing), yet for localization in the horizontal plane two ears are necessary (binaural
hearing). Sound source localization can be enhanced when the source and the receiver
move relative to each other (Phillips and Brugge 1985). In this paper, however, we limit
the task of sound localization to static sources using binaural cues at low frequencies.
Binaural cues determine the azimuth defined as follows. The vector from a listener to a
sound source is projected perpendicularly onto the horizontal plane. The angle between
the projected vector and a reference vector, forming the intersection of the horizontal
plane with the plane of head symmetry, oriented to the front, is called the azimuth. One of

the parameters influencing binaural sound source localization is the fundamental sound



frequency. In mammals, for low fundamental frequencies (below 1,500 Hz) or for
broadband sounds, the interaural time difference (ITD) is the dominant sound localization
cue. For high fundamental frequencies, the interaural intensity difference (IID) is used.
While this paper deals with lower frequency bands, it is possible that higher frequencies
are processed with the use of similar neuronal algorithms, as we proposed in earlier

studies by Marsalek and Kofranek (2004 and 2005).

This paper presents a theory of how binaural sound localization for low frequencies
might be realized in mammals and particularly in humans. The theory of Jeffress (1948) is
one of the first well-known attempts to explain how neuronal circuitry achieves this. His
prescient work is still frequently cited (Joris et al. 1998). Jeffress’ visionary hypothesis
asserted that the ITD is converted to a binary signal in a higher order neuron through an
array of delay lines of fibers in lower order neurons from both sides. Pioneering
experiments by Carr and Konishi (1988) showed that Jeffress was correct in case of birds.
As far as we know, the existence of an analogous delay line in mammals remains an open
question (Grothe 2003, Joris and Yin 2007, McAlpine and Grothe 2003). What other
neural circuit mechanism might be responsible for calculating the azimuth from the ITD?
In this paper we propose an alternative to the delay line array model based on recent
physiological evidence. This alternative is a stochastic delay of a very small number of
broadly tuned channels (McAlpine and Grothe 2003).

The amazing time precision (Joris et al. 1998) in the range of tens of microsecond
points towards another statement of Jeffress that the neurons of the circuit should be
located among the lower order neurons of the auditory pathway. The lowest order suitable
neuron is the first binaural neuron.

The information about the sound source location contained in the ITD is implicitly
encoded by spike trains of lower order neurons. The first binaural neurons function as
encoders of the ITD. The circuit has to make the information accessible, in other words
make it explicit within another spike train in higher level neurons of the auditory pathway.
The function of the circuit is to convert the information implicit in the ITD into the

explicit neural code for the ITD. The definition of implicit and explicit neural coding can



be found in Koch (2004). The binaural neurons of the circuit can function either as a
delay line (Jeffress 1948), or as broadly tuned channels (McAlpine and Grothe 2003).

Our model is based on one time delay in the neuronal circuit. The access to a
continuum of responses to various azimuth locations is accomplished through stochastic
variations of action potential times as processed by the model circuit. Our novel finding
demonstrates that stochastic spike timing can be used by neurons as an instrument for
computing the sound azimuth. Model circuit connections and properties after
mathematical simplification of their connectivity are still consistent with the
neuro-anatomical description of the wiring of the medial superior olive (MSO) circuit in
mammals (Beckius ez al. 1999, Young 1998, McAlpine et al. 2001).

We have designed and improved a model description of how the neural circuit in the
auditory brain stem calculates the direction of incoming sound. This model is an
alternative to the classical theory of delay lines. We present a stochastic description of the
output spike train and spike timing within the model. Both the analytical calculations and
numerical simulations give qualitatively similar results to those of experimental
recordings from the rodent auditory brain stem. Our results are also comparable with
recordings from brainstems in gerbils by Brand et al. (2002). Other authors (McAlpine et
al. 2001) have found similar tuning curves in response to the changing ITD in different
(higher) neurons of the auditory pathway (colliculus inferior) of another animal (guinea
pig). We find the results to be robust with respect to variations of the time window size

and spike timing jitter.

2 Model

2.1 Anatomical connections and their simplification

The notation of the mathematical formulation of the model follows conventions used
in Marsalek and Lansky (2005) and Marsalek and Drapal (2008), where the
excitatory-excitatory (EE) interaction is called excitatory coincidence detection (ECD)

and the excitatory-inhibitory (EI) interaction is called inhibitory coincidence detection



(ICD). The medial superior olive (MSO) works mostly with low frequencies and the
lateral superior olive (LSO) deals mostly with high frequencies.

Our model assumes different connections to the MSO neurons than those assumed in
the Jeffress model. The division of neuronal fibers based on their excitatory and
inhibitory effect is important. We show in the Results section that inhibitory fibers phase
shift the tuning curve of ITD, as compared to that obtained without inhibition. The
inhibitory connection to the MSO results from the inversion of synaptic polarity in the
medial nucleus of the trapezoid body. The MNTB receives excitatory inputs from the
contra-lateral cochlear nuclei and sends inhibitory inputs to the ipsi-lateral MSO. The
same MSO also receives an inhibitory connection from the ipsi-lateral side. This
inhibitory activity originates from the lateral nucleus of trapezoid body (LNTB), which
receives its excitation from the ipsi-lateral cochlear nucleus. To complete the picture, the
MNTB sends further inhibitory connections to the LSO. This intricate anatomy is nicely
summarized by Young (1998).

Though the design of our model is based on knowledge of these anatomical
connections, we have to simplify the model wiring to extract the functional core of the
neural circuit. The delays in the real system are present in both ipsi- and contra-lateral
pathways (Joris 1996, Beckius et al. 1999). For the purpose of simplification, however,
relative delay on one side suffices. This relative delay represents the net delay difference.
Furthermore, one inhibitory branch from one side is enough to model the net inhibition

from both sides. This leads us to the schematics shown in Figure 1.
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LCD RCD

DELAY NOISE

Figure 1: Flow chart of the neuronal circuitry. (LPDF) and (RPDF) represent input
spikes on left and right sides. Left (Right) Probability Density Function in time governs
spike times in the last monaural neuron. (LCD) and (RCD) are Left and Right
Coincidence Detectors, realized by the first binaural neurons on the ipsi- and
contra-lateral sides, respectively. Next is the (DELAY), which is shown here at the
excitatory branch of the circuit only, because only the relative delay matters. Spontaneous
spiking acts as an additional (NOISE) source. (ISTN) and (ESTN) represent Inhibitory
and Excitatory Synaptic Transmissions, respectively. (SUM) adds excitatory inputs,
inhibitory inputs and noise together. From the point of view of functionality, the exact
sequence of operations (delay, sign change due to the inhibitory synapse, coincidence
detection) in the feed forward pathway does not matter. The dashed line box encompasses
processing, which can be performed in one binaural neuron. Note that individual boxes in
this chart neither necessarily correspond to individual neurons nor represent the

description of the mammalian brain stem circuit in the text.



2.2 Operating conditions and constraints

Before proceeding with a formal description of the variables in the model, we should
briefly mention the coincidence detector (CD). Without detection of the leading edges of
incoming post-synaptic potentials, extraction of a signal from delays in the microsecond
range would not be possible. Regardless of which of the two theories we propose, they all
must use this microsecond precision. The element detecting the leading edge is called the
coincidence detector. The anatomical substrate of the CD is believed to be within the
MSO neurons. The location of right and left CDs in our model circuit in Figure 1 does not
reflect all the detailed connections found in anatomy, however. The algorithm realized by
a single delay in the model circuit is computationally equivalent to the original circuit,
regardless of the actual succession of coincidence detectors, delays and the polarity

change from excitatory to inhibitory signals. For details see the Discussion section.

We can shuffle the order of delays among selected points in our model without
loss of generality. This is based on observation that selected neural operations are
commutative. An example of commutative additions of delays is shown in Equation (1)
below. The first processing elements of our model are random delays, which have a
specific probability density function (PDF) of synaptic input to neuron in time. Since
there is chain of delays in both synaptic chains from the left and from the right ear, we
can suppose that we have n ipsilateral delays in the ipsilateral (A) branch of the pathway

Api A,y A,, and m contralateral delays in the contralateral (B) branch of the pathway
Agi i Agysy Ay, . For the EE interaction m =3 and n =3, for the EI interaction of the

MNTB m =4 and n = 3 and for the EI interaction of the LNTB m = 3 and n = 4. Numbers
m and n include the first synapses (ribbon synapses from hair cells). The total delay

difference between branches (A) and (B), denoted A,, —A,; is given by:

Ap—Ag :Z Ay _Z ABj' (H
i-1 j=1

We assume that all these random delays with (timing) jitter (subscript J) on sides A and B

(left and right) are mutually independent and identically distributed non-negative random



variables. A;, and A,; have a maximum of A__ . The constraints imposed on them
are given in Equation (2). The coincidence detection (time) window Ay must be shorter

than or equal to the maximum delay and the sound period, 7, must be greater than or
equal to the maximum delay:

OSAJASAmax’
0<Ay <A,
0<A, <A

A ST.

max

2

max?

In excitatory coincidence detection, the spike is generated only when the two spikes from
sides (A) and (B) meet in a time interval shorter than A, . In other words, the two spike
delays A,;, and A, must satisfy:

| A=Ay <A, 3)

To model inhibitory coincidence detection, a modification of the condition expressed

above in Equation (3) is used. Spikes must arrive in proper succession. The excitation
from side A must come after the inhibition from side B. This is formulated as:

0<A,—Ag <A, 4)

Using the model with one delay, one obtains the continuum of detected ITDs through

stochastic variation of the random interaural time delay A,, —A,; . The output, the spike

rate, clearly depends on the choice of input PDF of the synaptic delays. After

summarizing the properties of the model, connections between neurons, and constraints

imposed on the parameters and random variables, we can turn to the outputs of the model

in the following two subsections.

2.3 Input distribution of the coincidence detector

The output of the model is dependent on the proper choice of a PDF of random variables.
Firstly, the range of the PDF is defined such that its support is over one sound

period. This is on the time interval [0, 7], which we normalize to the interval [0, 1].

Therefore probability densities spanning one or both tails from minus infinity to plus

infinity, such as gamma density, where its support is on [0, o), or normal density, where



its support is on (-0 ,00), are not particularly useful. This justifies the choice of beta
density, which is nonzero only within the range [0, 1] and is close to gamma density in
this range as well. This circumvents the need to normalize the corresponding cumulative
distribution function to unity and makes the calculation more transparent without loss of
generality. Another useful property of beta density is its simple polynomial definition.
The formula for beta density appears in the Abbreviations and symbols section at the end
of this paper. We used beta density for the description of spike timing distribution also in

(Marsalek et al. 1997).

Secondly, the PDF shape, specifically the skewness and the kurtosis, influences
the shape of the output tuning curve. We have experimented with both uniform and
triangular densities, (Marsalek and Lansky 2005), which are special trivial cases of the
beta density with parameters a=1, b=1, and a=1, b =2, respectively, and make
calculation simpler. However, the corresponding output functions analogous to
Equation (7) are not as satisfactory as the output resulting from a non-trivial beta density.
These output functions are not shown here and the resulting function itself is discussed in

detail at the beginning of the Results section.

Thirdly, the mean (output) activity of the model obtained with inhibition must not
drop below the zero line. This is corrected by adding half the height of the span of the
output range to the function. This way all output values are positive. They correspond to
the neural spike rates which cannot be negative. After eventual normalization, so that the
density integral over the whole function range equals unity, the output spike rates express

output probability.



Figure 2: Resulting probability density function ¢,,. We use semi-logarithmic scale in
the y-axis. On a linear scale (not shown) the resulting function g,, cannot be separated
from the probability density of the normal distribution N(0,0,,), where its standard
deviation 6,4, was chosen to match standard deviation of the function ¢,,. The

semi-logarithmic scale used here clearly shows the divergence of the two tails of the

normal and of the resulting density, when the tail of the normal density N (0, o,,) , marked

with squares, is nonzero outside of interval [-1, 1]. The other function g,, possesses two
discontinuities at points g,4(-1) =0 and g,4(1) =0. On the semi-logarithmic scale in
y-axis these cannot be shown. At these points, the tails of the ¢,, function are cut off by

the impulse (Heaviside) function. Semi-logarithmic plotting on the y-axis of the PDF

shows normal density as parabolic in these coordinates.

10



Finally, the input beta density has parameters ¢ =2 and b = 4 and we denote it B, ,.

To obtain a smooth function on the interval (0, 1) we must have a > 1 and > 1, and to
obtain nonzero skewness we must have a # b. The whole numbers a =2 and b = 4 are the
second smallest non-trivial values of parameters (after a =2 and b = 3). Figure 2 shows

the result of the analytical calculation of the output, which is the function denoted ¢,,.

2.4 Output distribution from the coincidence detector

The output function ¢, is obtained as follows. Let us denote the difference of the two
delays in Equation (1) as:

Z=A,—Ay. (5)

The probability density function of this new, compound random variable Z is obtained

with a convolution integral formula for the difference of the two random variables. The

PDFs of the A,, and the A, are denoted f{x) and g(y), respectively, and the output

PDF of the variable Z is denoted g(z). We substitute f =B,,and g=B,, into the

o0

convolution formula q(z)=j f(x)g(x—2z)dx . Now, since B, (x) and B,(y) are

—00

nonzero only for x between 0 and 1, we must evaluate the integral piecewise within the

respective ranges, such that g(z) becomes:
A(2) = [ moet o F (092 =)dx=[ 1 F 92— +[ 00y T(IGE=X).  (6)

Obviously, g(z) is an even function, satisfying g(z) = g(-z). Therefore, we can change the
sign of the argument z—x without loss of validity. We substitute the polynomial densities

B, (x) and B,(y) into the integrals. For two 4th degree polynomials, B, and B,

we obtain the sum of two 9th degree polynomials in two variables x and z. We use the

Symbolic Math Toolbox in the Matlab software to avoid tedious manual computation.

11



The source code for the symbolic calculation in the Matlab script language is available
upon request.

In summary, using Equation (3) and assuming that A;, and A, are distributed with

beta densities B,,(x) and B, (y) we find that Z=A,, —A,; has density:
i=9 .
q24(Z)=ZSiCiZ', (7
i=0

where S=[S;; S;; S, Ssi S;i S Sev S, S Se] takes the following values:

S= [ 0 -1, -1 -1, O
S= [ 0 -1 L -1 O
S=[0; 00 0O O O; O

;=1L 0, 1] for xe[-1L0],
;1L 0, -1 for xe[0;1], and (8)
0, 0, 0] otherwise.

o O O

By this prescription, ¢,,(z) is a smooth, piecewise polynomial function. It has four parts

defined consecutively on intervals (—o, -1], [-1, 0], [0, 1] and [1, ®). In defining the
coefficients S.C; of these four parts, we use signum function S valued -1, 0 and 1 listed

above in Equation (8). The numerical absolute values of the polynomial coefficients are

c,=15873, c¢,=17.1429, ¢,=3333, ¢,=20, ¢,=28571, ¢,=0.6349 and
C,=C,=C,=C;=0. Signs of the coefficients confirm that this piecewise polynomial

function is an even function g(z) = g(—z). We also recently found an alternative way to
obtain the analytical results. A more straightforward way to calculate the indefinite
integral g(z) makes use of the Laplace transform. In using the transform, we obtain the
convolution by using the inverse transform of the product of the two function images
(Drapal and Marsalek 2010). We prefer to show here our original piecewise evaluation,
because this integral evaluation method gives more insight into how the output density
behaves and how it is obtained. The output function is similar to the normal density,
although close inspection reveals subtle differences. Comparison of the output and normal
probability density functions is shown in Figure 2. Note the difference between the two

tails.
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Figure 3: Model response to pure tone stimulation. ITD is on the x-axis in microseconds.

Neuronal output activity is on the y-axis. The solid curve is the output of the full model

with both excitation and inhibition. The dotted curve is the model without inhibition. Only

one period of the output is shown here for clarity, but the output is periodic, so the x-axis

maps to interaural phase difference. The error bars are sample standard deviations obtained

numerically in simulations. In both curves they are the result of 100 trials. In other words,

these error bars do not represent the level of the noise in the system. Instead, the noise is

introduced into the system via the randomness of random variables and the magnitude of

timing jitter.
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3 Results

Figure 3 shows the neural response curves of the MSO neuron with varying ITD. The
curve in Figure 3 with the maximum at ITD = 0 forms the output of the circuit with only
the excitatory branch plugged in. This corresponds to the output of the MSO in
experiments, when the inhibitory branch is blocked by the application of strychnine, as in
Brand et al. (2002). The other curve in Figure 3 with the maximal slope at ITD = 0 shows
the output of the full model. This corresponds to the normal, control recordings from the
MSO. Brand et al. (2002) also modeled some properties of the recorded cells using a
detailed biophysical model with explicit representations of the voltage sensitive ion
channels of the neuron, obtaining results very similar to those presented here.

Figures 3, 4, and 5 show results of numerical simulations of the model, which are in
agreement with the analytical calculation. Both analytical and numerical computations
were performed using Matlab software. Sound is represented as discrete samples of pure
tones digitized using standard sound digitization (44 kHz sampling rate, 128 intensity
levels). Spikes in response to pure tones were triggered by the leading edges of sound
waves. In Drapal and Marsalek (2010) we used clicks and complex sounds, such as
speech, processed by an cochlear implant emulator, with no qualitative difference from
pure tone stimulus (not shown). Here we use pure tones only. The sound period, 7, used
in the model is that of the fundamental sound frequency. Spike trains were represented as
trains of unitary events without any details of action potential shape. Synaptic integration
was implemented with the use of time windows. Spontaneous activity is not a free
parameter, but is added to the system to obtain positive values of responses. The activity
in this and subsequent figures is a dimensionless quantity, which can be interpreted as the

spike rate multiplied by a constant.
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Figure 4: Effect of the size of the time window. The width of the time windows for CDs
sets the range of ITDs detectable by the circuit. Four widths are compared here:
Aw=200 ps (--), 80 ps (-), 50 us (-.) and 20 ps (...). Plotted output activity is dependent
on ITD, as in Figure 3. Only the excitatory part is active in this plot. From an engineering
point of view, an optimal curve uses the full dynamic range of available output activities,

A= 50 ps.
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The size of the time window A is the key parameter of coincidence detection.
Figure 4 shows the model output function for A =200, 80, 50 and 20 ps. In Figure 4

only the excitatory curves are shown, since the inhibitory curves in the full model are
analogous to those in Figures 3 and 5. The size of this window in the real neuronal circuit
is set by the ionic currents giving rise to the generation of postsynaptic potentials
(Svirskis et al. 2003, Szalisznyo 2006). Oertel et al. (2000) give the upper estimate of the
window size for neurons in the auditory pathway specialized in coincidence detection.
They give values in the range lesser than 300-1000 ps, with the smaller values for in vitro

and larger values for in vivo preparations.
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Figure 5: Effect of the timing jitter magnitude. Two magnitudes of timing jitter 4,4 and
Ajp are shown here, 100 us as a solid line (-) and 400 ps as a broken line (--). They also
set the slope of the model output curve and thus the range of ITDs detected. Together
with the previous Figure 4, this shows the robustness of the model with respect to

variation of parameters. Figures 4 and 5 illustrate the range of parameter values accessible

to the model.
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In general, the magnitude of timing jitter (denoted A,, and A, ) in a neuronal

nucleus is dependent on the degree of neuronal convergence in the previous stages of
processing. In spike trains propagating to a higher order nucleus, one of three jitter
changes may occur: the wave of spikes can sharpen (the jitter decreases), the jitter may
not change, or the spike volley can become blurred (the jitter increases). All three variants
can be obtained with the perfect integrator neuronal model in the regime of coincidence
detection, for different sets of parameters (Reed et al. 2002). All three variants were
shown to exist in experimental recordings (Gerstner et al. 1996, Joris 1996, Marsalek et
al. 1996). We do not discuss these differences further here. The output activity shown in
Figure 5 is dependent on ITD for two different magnitudes of timing jitter. Figure 5
shows two functions of the full model only (with both excitation and inhibition) for two
values of timing jitter, 100 us and 400 ps. Oertel et al. (2000) give jitter values of 200 us
for in vivo and values of 20-40 us for in vitro preparations.

A related question was raised in review: How many ipsi- and how many contra-lateral
synaptic connections (and of what proportion of excitatory and inhibitory connections)
would a real MSO neuron need in order to achieve the accuracy observed physiologically
in these neurons? Probabilistic spiking transmits information only with a given
probability (reliability). In a previous investigation we calculated the time to spike
required by the coincidence detection circuit for two given probabilities of achieving the
decisive spike (reliabilities), p; =50 % and p, =95 % (Marsalek and Lansky, 2005).
These probabilities were calculated based on the number, K, of unitary events. The
calculation procedure, known as a Bernoulli process, is described in the 2005 paper,
however, the values of K are not tabulated in the paper, since they are only intermediate
results of the calculation. For the whole range of sound frequencies relevant for the
human MSO, the number of events, K, attained values from 1 up to 50, higher values for
higher frequencies. However, this number of unitary events can be achieved either by
waiting for N sound periods, or by parallel processing by several neurons. In the latter
case, the MSO nucleus must consist of at least M copies of the circuit, but may even have

N tonotopic channels, such that MN > K. The numbers K, M, N represent the minimal

18



values required for a functioning circuit. Numbers of neurons and connections in the
MSO are probably higher, since most nuclei show a redundancy in the number of their

neurons and connections.

4 Discussion

Binaural sound localization is achieved with remarkable precision throughout the animal
kingdom. The timing precision of individual spikes in most neurons in the auditory
pathways of various species is lower than animals’ behavioral assessment of the ITD.
Given that this precision is important for survival and easily demonstrated, the means by
which it is achieved by the neural circuits forms a fascinating and as yet unresolved
question. In this paper we have presented a stochastic model employing both excitatory
and inhibitory synaptic inputs to address this question in the neural circuit of the
mammalian medial superior olive.

In recent years it has been demonstrated in experiments on gerbils (Brand et al. 2002)
and also on other mammals (Grothe 2003) that synaptic inhibition plays a critical role in
the sound localization circuit. The original theory of delay lines array by Jeffress applies
in birds (Carr and Konishi 1988). It is not clear whether it also applies in mammals.
Recordings in cats do not show the same ITD tuning curve slopes as those in rodent
recordings (Joris and Yin 2007, Yin and Chan 1990). Harper and McAlpine (2004)
present a theoretical explanation of these differences, including the discussion of human
data. Psychophysical experiments studying the circuit in humans using subjective
response might resolve this question in the future. These experiments range from normal
hearing (Middlebrooks and Green 1991), to electrical hearing sense in cochlear
implantees (Laback and Majdak 2008). Of course it is possible that the mammalian circuit
uses some entirely different mechanism to those presented here and in previous
investigations.

Another observation in the abovementioned experiments shows that the maximal
response does not occur at the best ITD, but that the best ITD occurs where the slope of

the response curve is maximal. As early as the 1970s and 1980s, some authors discussed

19



the possibility that the maximal slope of the response of a coincidence detector measuring
the ITD between spike trains may relay the information (Goldberg and Brown 1969,
Phillips and Brugge 1985). The possibilities to test this proposal numerically were limited
at that time. Here we exploit the advancement of computational tools in a numerical study
of the problem.

Most neurons do not achieve high spike timing precision, but in neurons in the
periphery, the information about timing must be somehow encoded and preserved before
reaching the first binaural neurons. Such timing precision is enabled by cellular and
sub-cellular mechanisms and is best studied using deterministic equations, specifically
differential equations. One can compare the work of Svirskis et al. (2003), which studies
the state space of the nonlinear dynamics of ion currents in the MSO neurons, with that of
(Szalisznyo 2006), in which the state space of the nonlinear ion currents in the LSO is
studied. The authors of these two papers also performed experimental recordings. In both
the circuits of the MSO and the LSO, the nonlinearities are necessary for the proper
function of coincidence detectors. Other models (including this work) are based on
stochastic spiking, or cast the neural circuit in terms of a logical circuit. See for example a
review of Colburn (1996), or (Marsalek 2000). Experimental investigations can also be
supported by conceptual models (Brand et al. 2002). It is argued frequently that the ITD
tuning curve slope offset is due to the optimized wiring of the circuit (Grothe 2003,
Harper and McAlpine 2004).

Most theories which include inhibitory mechanisms claim that inhibition is precisely
timed and brief. The models assume high precision of spike times in all neurons in the
circuit. Not all spikes are so precise, as is shown in experiments of Batra et al. (1997) and
Joris (1996). The spatial organization of the neurons themselves is important.
Agmon-Snir et al. (1998) and Zhou et al. (2005) suggest models based on a spatial
organization of neurons in the MSO.

The parameter space of the binaural model is limited at higher frequencies, where
ambiguities arise due to the relatively short sound wavelength in comparison with the

ITD. In the mammalian brainstem, the circuit of the MSO processes the low frequencies
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and another twin circuit, the LSO, processes the high frequencies. The two circuits are
developed in parallel in human, cat, dog and other experimental species although in some
mammals only one of them is present (Grothe 2003). The relative importance of the ITD
and the IID within these respective sound frequency ranges in human was elucidated by
means of confusing these two cues in psychophysical experiments (Wightman and Kistler
1992). Breebaart et al. (2001a and 2001b) brought a wider perspective towards the
possible mechanisms used in binaural processing by using the excitatory-inhibitory
mechanism where previous models dealt only with the excitatory-excitatory interaction.
Their model uses the canonical structure of a grid of parallel tonotopic pathways together
with delay lines and covers both the low frequency (ITD) and high frequency (IID) ranges
with similar mechanisms. The model of Breebaart et al. (2001) comprises of building
blocks of the signal processing circuits. Colburn (1996) and his numerous collaborators
developed a series of binaural circuit models of varying complexity. They stress the
importance of the coincidence detector within the circuit. Stern and Trahiotis (1996)
review existing models and their own circuit implementations are close to delay line
concepts.

Our model differs from those mentioned above in that it employs randomness in the
spike arrival time between synapses. Random delay and spike timing jitter might seem
like an impediment, especially in models with precisely timed inhibition. The statistical
properties of spike trains average out errors in individual spikes and enable the neural
computation of azimuth at the same time.

When two spikes from opposite sides arrive at the first binaural neuron, their
coincidence must be detected with higher precision. Jeffress (1948) was first to notice this.
All subsequent sound localization models have to assume that these particular neurons are
coincidence detectors. Neurons as coincidence detectors have been used frequently in
sound localization models (Gerstner et al. 1996, Marsalek 2000, Zhou et al. 2005). Let us
also mention the classical model describing neural coincidence detectors in visual circuits
in invertebrates, starting with the Reichardt model (Srinivasan and Bernard 1976, Zanker

et al. 1999).
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The first binaural neuron must use coincidence detection to extract information from
interaural sound timing disparity. This neuron must indeed be precise as a coincidence
detector. Such neuron outputs spike only if left and right inputs coincide within a short
time window, in the time range of microseconds. In our model, stochastic properties make
use of timing jitter, which at first glance is merely signal deteriorating noise.

From the point of view of implementation of the model, it does not matter exactly
where the net ITD is placed in the two (left and right side) converging branches of the
neural pathway. If an additional delay is added in both sides, it cancels out. The net delay
between the two sides only matters when compared with the ITD, as written in
Equation (1).

In a follow-up to this paper (Drapal and Marsalek 2010), we show that our numerical
model can be connected to cochlear implant software emulator to give similar results to
those observed by psychophysical methods in implanted volunteers (Laback and Majdak,
2008). As the possibilities to experiment with binaurally implanted and bimodal hearing
subjects expand, it is possible that some psychophysical experiment will determine,
whether delay line, stochastic delay, or both mechanisms are used in human hearing, even
before definitive electrophysiological experiments on mammals are performed (Joris and
Yin 2007).

In this paper we present a model for a neural algorithm performed by a circuit in the
MSO. This is part of a general quest to capture the multitude of neural algorithms serving
specific purposes. Let us give two closing examples of these algorithms. One is the case
of spatial maps in the auditory brainstem of birds (Pefia 2003). Pena (2003) shows how
the brainstem circuit implements spike rate multiplication in order to calculate the
location of a sound source. An analogous case from the 1980s concerns the neocortical
visual circuit in the higher order visual areas which calculates the location of the illusory
contour (von der Heydt et al. 1984). These authors demonstrate that a higher neocortical
visual projection area can respond to a virtual object, an illusory contour, which is a result
of a neural algorithm, as if it were a real solid object in a visual scene. Both these models

were first proposed as hypotheses of a specific neural computation. The existence of
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neural circuits implementing the respective neural computations was subsequently

confirmed by a targeted experimental recording.

Abbreviations and symbols

CD - coincidence detection, ECD — excitatory coincidence detection, ICD — inhibitory
coincidence detection, EE — excitatory—excitatory interaction, EI — excitatory—inhibitory
interaction, IID — interaural intensity difference, IPD — interaural phase difference,
ISD — interaural spectral difference, ITD — interaural time difference, LSO — lateral
superior olive, MSO —medial superior olive, PDF — probability density function,
A, — time jitter (delay random variable), A, — coincidence detection window, T'— sound
period and A, —maximum delay.

The beta density is a probability density function written in a standard form as:

B (x) =x"(1-x)""B(a,b)”, forxe[0,1] , and B (x) =0 otherwise, where the

parameters a, b > 0 and B(a,b) is the (Euler) beta function.
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ABSTRACT

We present a model of sound localization in mammals. This model is consistent with new
experimental findings of how the ITD (interaural time delay) is processed in mammals. In
the paper we describe in more detail several key components of our model: neurons acting as
coincidence detectors, spike timing jitter, random delays and other parameters, which can be
identified with the biophysical properties of auditory neurons. We model the low frequency
part of the sound localization circuit. Under the low frequency part we understand that part
of animal’s hearing range, in which the I'TD cue is used. The disparity of the inputs between
the two ears is called interaural and the neurons, which have access to the spikes originating
from both ears are called binaural. Our model describes the first binaural neurons found when
progressing from periphery. There are analogous binaural neurons in birds (neurons of nucleus
laminaris) and in mammals (neurons of superior olive), yet they are embedded in different neural
circuits [2]. The level of description used in our paper is therefore the level of the neural circuit
for the ITD processing.

Once the function of the two circuits is understood sufficiently in experiment, the theoretical
description of two differing neural circuits will give us an explanation how the extremely short
time differences in the range of tens of microseconds are used to indicate the azimuth of the
incoming sound. Enough experimental literature is now available for both these circuits. We
can take the experimental description of these neural circuits and use them as test bed for
the theories how sound is encoded into spike trains in lower processing stages of the auditory
pathway.

Together with and even before the blossom of experimental literature on this topic, theories
of how these circuits possibly function were presented and compared to the experimental data.
The first theory suggested that the ITD’s are processed by a delay line. This was proposed by
Jeffress in 1948 [4]. Only several decades later it was demonstrated by experiments on barn owl
that a variant of delay line exist in a neural circuit of barn owl and also of other birds [1]. The
neural circuit of birds converges on the binaural nucleus laminaris.

Even though several experimentalists attempted to find a structure similar to avian delay line
in mammals, the results were not conclusive [5]. We joined the theoretical effort and described
necessary and sufficient properties of binaural neurons to make them able to use the information
contained in the ITD [7]. New experimental findings started to indicate that a mammalian sound
localization circuit can be wired differently than the avian [10]. McAlpine with colleagues also
presented several purely theoretical works, amongst them [3], to explain some properties of the
ITD coding by neural population. Some of the coding properties are shared by both avian
(Figure 1) and mammalian (Figure 2) circuits. Together with Lansky we were able to describe



All Figures: General legend to all the three figures

The three figures show activities in percentage of maximal activity (on the y-axis) of three
types of binaural neurons of three respective neural circuits (avian in Figure 1, mammalian in
Figure 2 and model of mammalian in Figure 3) in response to different values of the ITD in
microseconds (on the x-axis). There are three bands for the ITD tuning shown on the figures
by three parts of the curves with decreasing heaviness. The thick solid part shows the interval
of the I'TDs corresponding to the azimuth and based on the head size. The medium dotted part
shows the interval which is out of the ”straight” ITDs, yet it can still be used for the azimuth
calculation. The thin interrupted parts correspond to the continuation of the I'TD for the next
phase differences due to the continuity of the phase information.
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Figure 1: Schematic responses of binaural neurons in the delay line (laminar nucleus)
For axes and common details see the general legend above. This figure shows set of twelve
representative curves corresponding to set of twelve neurons of the delay line [4] tuned by their
maximal response to a particular I'TDs, 20 us apart. This tuning corresponds to the position of
the neuron within the delay line.

neural operations of the coincidence detection circuits in terms of random spike arrivals and
their probability densities [8]. We followed up with more estimates, in particular studying the
standard deviation of spike timing, sometimes called spike timing jitter [9]. We also study
alternative ways to measure spike timing variability [6].

The implementation details of the model in (Figure 3) will be presented in the paper. Briefly, the
latencies are simulated together with the stochastic arrival of spike at the first binaural neuron.
We used several modifications of the model. We are now in a process of rigorously showing
that some of the model variants are computationally equivalent. We use both inhibitory and
excitatory inputs to the binaural neuron. This is consistent with the mammalian literature.
Our model makes possible to describe neural coding in lower stages of auditory processing and
therefore the model can be used for studying both natural and electronic sensation, the latter
evoked by cochlear implant stimulation.

We are capable of recalculating the input to the auditory nerve by a cochlear implant emulator
(we use a published and patent free realistic software emulation of cochlear implant). In last
decade, many deaf patients in Europe have been implanted in both cochleas by a cochlear
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Figure 2: Schematic responses of binaural neurons in the mammalian circuit (MSO)
For axes and common details see the general legend above. The information about the azimuth
is extracted from at least two (maybe there are more than two) tuning curves of broadly tuned
delay channels [2]. Only one of the two channels is shown here. Error bars illustrate the
stochastic dimension of the tuning: the actual response varies from trial to trial and the exact
azimuth is extracted from pooling of the signal from a small set of neurons.
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Figure 3: Responses of model neurons with two sets of parameters (stochastic model)
For axes and common details see the general legend above. This figure shows the effect of varying
the stochastic delay and timing jitter in a model of MSO neurons. The higher activity versus
ITD slope has timing jitter 100 us and delay 100 ps and the lower slope has the values of jitter
600 us and of the delay 400 us [6, 9]. This illustrates the robustness of the model with respect
to variation of parameters. Maximal responses of the model were normalized to be compared to
previous figurers. Note that the ITD range is doubled compared to the previous two figures to
show the different spans of the two activity versus ITD slopes.



implant of identical manufacturer. Existing technology enables synchronized stimulation of
both cochleas in these patients. Cochlear implants can switch between several coding strategies,
some useful for speech understanding and some other useful for open space hearing. It has been
shown previously in experiments that there exist a trade- off between sound localization and
speech comprehension in these patients. Another finding demonstrates that specific types of
spike timing jitter are beneficial in these patients. In our work we demonstrate theoretically,
why different types of jitter are useful. Our improvements of our sound localization model may
lead to the formulation of novel neural coding strategies for cochlear implants.

Keywords: Coincidence detection, directional hearing, interaural time delay, stochastic neu-
ronal model.
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Abstract

Interaural time difference (ITD) isa major cue for sound azimuth localization at lower sound
frequencies. We review two theories of how the sound localization neural circuit works. One of them
proposes labeling of sound direction in the array of delay lines by maximal response of the tuning curve
(Jeffress model). The other proposes detection of the direction by calculating the maximum slope of
tuning curves. We formulate a simple hypothesis from this that stochastic neural response infers sound
direction from this maximum slope, which supports the second theory. We calculate the output spike
time density used in the readout of sound direction analytically. We show that the numerical imple-
mentation of the model yieldsresults similar to those observed in experimentsin mammals. We then go
one step further and show that our model also gives similar results when a detailed implementation of
the cochlear implant processor and simulation of implant to auditory nerve transduction are used,
instead of the simpli-fied model of auditory nerveinput. Our resultsare useful in explaining somerecent
puzzling observations on the binaural cochlear implantees.

Key Words: coincidence detection, directional hearing, interaural time delay, stochastic neuronal
model
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Introduction

In previous studies we developed a stochastic
model of the sound localization circuit (21-23). The
work presented here aims to demonstrate that both
simplified simulation of natural sound input and
detailed simulation of cochlear implants (CI) yield a
similar output in our binaural model. The goal of
future work is an explanation of the tradeoff between
complex sound recognition and localization observed
in bilaterally implanted patients, as well as possible

improvement of the CI stimulation protocols.

We present a model of sound localization in
mammals. This model is consistent with new ex-
perimental findings of how the ITD (interaural time
delay) is processed in mammals. In this paper we
describe in more detail several key components of our
model: neurons acting as coincidence detectors, spike
timing jitter, random delays and other parameters,
which can beidentified with the biophysical properties
of auditory neurons. We model the low frequency
part of the sound localization circuit. Under the low
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Fig. 1. Schematic responsesof binaural neuronsinthedelay line
(laminar nucleus). This and the following Figure show
activities in the percentage of maximal activity (on the
y-axis) of two respective types of binaural neurons of
two respective neural circuits (avian in this Figure and
mammalian in the next) in response to different values
of the ITD in microseconds (on the x-axis). There are
three bands for the ITD tuning corresponding to dif-
ferent line weights. The thick solid lines show the
interval of the ITDs corresponding to the azimuth and
based on the head size. The dotted lines show theinterval
outside the I TDs, which can be also used for the azimuth
calculation. The dashed lines correspond to the con-
tinuation of the ITD for the next phase differences due
to the continuity of the phase information. This Figure
shows a set of twelve representative curves correspond-
ing to the set of twelve neurons of the delay line (13)
tuned by their maximal response to particular ITDs, 20
usapart. Thistuning corresponds to the position of the
neuron within the delay line.

frequency part we understand that part of the animal’s
hearing range, in which the ITD cueisused. Thedis-
parity of the inputs between the two earsis called in-
teraural and the neurons, which have access to the
spikes originating from both ears are called binaural.
Our model describes the first binaural neurons found
when progressing from periphery. There are analogous
binaural neurons in birds (neurons of nucleus lami-
naris) and in mammals (neurons of superior olive),
yet they are embedded in different neural circuits (7,
15). The level of description used in our paper is
therefore the level of the neural circuit for the ITD
processing.

Both the avian and mammalian circuits are sub-
ject to continuous experimentation (10). The experi-
ments are demanding because stimuli have to have
high time precision in the microsecond range and
because the neural circuits are in intimate proximity
of centers of animal’s vital functions. Experimental
literature is now available with detailed discussion
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Fig. 2. Schematic responses of binaural neuronsin the mamma-
lian circuit (MSO). For axes and details see the caption
for the previous Figure. The information about the
azimuth is extracted from at |east two (or possibly more)
tuning curves of broadly tuned delay channels (10). Only
one of the two channelsis shown here. Error barsillus-
trate the stochastic dimension of the tuning: the actual
response varies from trial to trial and the exact azimuth
is extracted by pooling the signal from a small set of
Neurons.

of both these circuits (3, 7). We can take the experi-
mental description of these neural circuits and use
them as a testing ground for the theories conveying
how sound is encoded into spike trains in lower pro-
cessing stages of the auditory pathway.

Theories of how these circuits might function
have long been presented and compared to experi-
mental data. Thefirst theory suggested that the ITD’s
are processed by a delay line. This was proposed by
Jeffress in 1948 (13). Only several decades later it
was demonstrated by experiments on barn owls that
avariant of delay line existsin aneural circuit of the
barn owl and also that line was found in other birds
(7, 10). The neural circuit of birds converges on the
binaural nucleus laminaris.

Even though several experimentalists have
attempted to find a structure similar to avian delay
line in mammals, the results are not conclusive (15).
We described necessary and suffcient properties of
binaural neurons to make them able to use the infor-
mation contained in the ITD (21). New experimental
findingsindicate that a mammalian sound localization
circuit may be wired differently than the avian (10).
McAlpine and colleagues (24) also presented several
purely theoretical works, amongst them reference
No. 11, in which they explain some properties of the
ITD coding by a neural population. Some of the
coding properties are shared by both avian (Fig. 1)
and mammalian (Fig. 2) circuits. We described neural
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operations of the coincidence detection circuits in
terms of random spike arrivals and their probability
densities (23). We followed up with more estimates,
in particular studying the standard deviation of spike
timing, sometimes called spike timing jitter (17, 22).

M odel

The integrate and fire neuronal model, also
called the perfect integrator, is one of the simplest
neural models. This model captures the integration
property of aneuron, especially for time scales shorter
than the neuronal time constant. The time constant
can be measured electro-physiologically and es-
pecially in auditory neurons it can be assumed to be
large compared to the rate of synaptic inputs. With a
given integration time window and complex input,
such aneuronal model possesses rich output behavior,
which can be attributed to hypothetical neural com-
putations (9, 31). In agreement with our notation in
reference No. 17 the neural computations of the perfect
integrator can be summarized as:

1-st input : fi, (1)
: — first (k) spikes — fou(0), [1]
n-th input : f;,(f)

where f;, are input spike timing densities, fo is the
output density, k is the number of spikes needed to
fire the action potential and n is the total number of
inputs. Here we consider only small amounts of input
spikes, k, n = 2, 3, 4 and a short time integration
window Ay. Due to the short time window, such a
neuron acts as a coincidence detector. We will see
that the neural computation performed by this model
is quite complex.

The mammalian brainstem neural circuitry is
shown in Fig. 3. Sincethereischain of delays on both
sides at each synapse, we can generally suppose that
we have n ipsilateral delays in the ipsilateral (A)
branch of the pathway, Aa1, Ao, ..., Aan @nd m con-
tralateral delaysin the contralateral (B) branch of the
pathway, Ag1, Ago, --.., Agm. Thetotal delay difference
between those two pathways, Aag, is equal to

n m
Apg = Apg— Apy :_ZlAAi —_ZlABj- [2]
i= j=

We assume that these random delays with
(timing) jitter (subscript J) on sides A and B (left and
right) are mutually independent and identically
distributed non-negative random variables. We denote
them as Apj, Agywith amaximum value of Ay, The
following constraints have to be imposed on them,
with the third reflecting the property that the coinci-
dence detection (time) window Ay, should be shorter

Fig. 3. Mammalian brainstem wiring. This scheme shows syn-
aptic connections in the mammalian brainstem converg-
ing onto the nucleus of the medial superior olive (MSO)
and passing the spiketrainsfurther to the midbrain (MB).
Vertical line denotes the dividing mid line between the
left and right brainstem sides. Only one half of the circuit
converging to theleft MSO isshown. The neurons of the
processing stages from bottom to top are: neurons of the
ganglion spirale, also known as auditory nerve (AN)
neurons, neurons of the cochlear nuclei, namely globular
bushy cells (GBC) and spherical bushy cells (SBC).
Input of theformer isinverted through themedial (MNTB)
and lateral nuclei of trapezoid body, while input of the
latter connects directly to the MSO. The polarity of
synapsesisdenoted by the plus (+) signfor excitatory and
minus (-) sign for inhibitory.

than or equal to the maximum delay, and that the
sound period T should be greater than or equal to the
maximum delay:

0< A< Amax, 0<Ag < Amaxs

0<Aw<Am < T [3]

These are the theoretical conditions which have to
be met to solve the analytical calculation. Using nu-
merical simulations we verify that the model is robust
in parameter variations within these conditions. Some
of the extrapolated values mimic the phase ambiguity
observed in the auditory experiments.

Let us substitute to Equation [1] n= 2 and for the
spike timing probability density f;, the beta distri-
bution. Such aspiketimingisobserved in the auditory
pathway (18). The beta distribution has a probability
density function written as:

o0 = g gy HOHA - -0 [4]
with parameters a, b > 1, normalized by B(a, b) to
give unity integral. B(x, y) and I'(x) are respectively
(Euler) beta and gamma functions and can be cal-
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culated as B(x, y) = T(X)T'(y)/T(x + y) and T'(x) =

j t*~lexp(=t)dt (1). H(x) is the (Heaviside) step
0 0, forx<oO,
1, forx=0.
deviation and variation coeffcient, of the beta dis-
tribution expressed in parameters a and b are:

function: H(x) = The mean, standard

a o= ab
(a+b)’(a+b+1) "’

=\ a@rb+) (5]

respectively. For a = b = 1 the beta distribution in
Equation [4] is the uniform distribution and fora=1
and b = 2 it is the triangular distribution.

Results
Analytical Calculations

For two independent random variables A, ; and
AgjWe can obtain a new random variable defined as a
difference in Equation [2]. The convolution formula
for the sum of the two random variables Apjand — Ag;
with distributions f;,o and f;,g prescribes that
distribution f,; of this new variable Apg iSswritten as
convolution integral

fout = fina * fing. (6]

For the evaluation of this convolution formula
we can use the property of the Laplace integral trans-
form (30) that it replaces the convolution operation
() with multiplication (.).

L{fina * fing} = L{fina} - L{fing}. [7]

We obtain the sought distribution f,; by means
of the inverse Laplace transform:

fout = L_l{L{finA} - L{fing}}- (8]

Let us substitute f;,o and fjg in this Equation
with the beta distribution [4], fina = fin(t) and fig =
—fin(1 —1t). We can use the properties of the Laplace
transform that it is a linear operator and can have as
an argument the unit step (Heaviside) function. Even
though the two unit steps define the function in three
pieces, the symbolic manipulation software we used,
the MATLAB(TM) symbolic toolbox, calculates the
output function seamlessly. One of the simplest non-
trivial examplesistoseta=2and b =4 informula[4].
In this example, f;i, is the 4th degree polynomial,

ocit!, such that the output of the convolution will be
the 9th degree polynomial:

—Cot? —cgt® + ot —ct® + ct® —ct? + et —ct? +cytt + ¢y, 0<t<1,
fou) = \ +Ct? —cgt® —ct’ —cgt® —ct® —ctt —cpt] —ct? —ptt + ¢y, —1<t<0, [9]
0!

otherwise,

where the absolute values of the polynomial coef-
fcients are cg = 0.6349, c; = 2.8571, ¢4 = 20, c3 =
33.33, ¢, =17.1429, ¢y = 1.5873,cg=cg=Cc5=¢c, =0
and signs are as denoted. The signs of the coeffcients
confirm that this polynomial is an even function.

In thisway we arrived at the formulafor the ex-
citatory coincidence detection (23). When we add
inhibition, from Equation [9] we obtain the inhibitory
coincidence detection function as a new density fq;
obtained by the difference of the excitatory fg,. and
the inhibitory fi., inputs,

fout(t) = fexc(t) — finn(t — Tq)) +C. [10]

T, corresponds to a phase shift, and C is a baseline
firing rate to get nonnegative firing. The two ITD
tuning curves with and without inhibition in Fig. 7
can be compared to experiment in Ref. No. 3. To

highlight the differences between the distributions
discussed here, Fig. 5 shows f;,, of Equation [4] and
fout Of Equation [9], compared to normal density
N(0, o) with the standard deviation o set equal to
the standard deviation of f,,. In order to see the
differencesin their tails, these functions are shown in
both semi-logarithmic and linear scales.

Numerical Calculations

In this section we briefly present implementa-
tion details of the model in Fig. 4. The latencies are
simulated together with the stochastic arrival of spike
at the first binaural neuron. We used several modifica-
tions of the model. We are now in a process of rig-
orously showing that some of the model variants are
computationally equivalent. We use both inhibitory
and excitatory inputs to the binaural neuron. Thisis
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Fig. 4. Model circuitry. L and R CI are left and right cochlear
natural or cochlear implant inputs. L and R PDF are
analogously left and right probability density functions
of spike generation times. L and R CD are coincidence
detector neurons. Thisisan analogue to the processing
at the first binaural neuron. DELAY is the axonal
conduction delay and is shown only for the inhibitory
branch. | and ESTN areinhibitory and excitatory synap-
tic transmissions, which are summed as the SUM of
synaptic inputs together with NOISE. It can be shown
that this circuitry is equivalent to the simplified wiring
of the mammalian sound localization circuit, as de-
scribed for example in reference No. 10.

consistent with the mammalian literature (10, 11, 24).
Our model makesit possible to describe neural coding
in lower stages of auditory processing and therefore
the model can be used for studying both natural and
electronic sensation, the latter evoked by cochlear
implant stimulation (20).

We can recalculate the input to the auditory
nerve by a cochlear implant emulator. We use a pub-
lished and publicly available realistic software emula-
tion of cochlear implant adapted from an open source
in the MATLAB(TM) script language by Bruce and
several other authors (4-6, 34). We then convert the
Cl signal into auditory nerve activity using a method
implemented by these authors (6).

In the last decade, many deaf patientsin Europe
have received implants in both cochleas from the
same manufacturer. Existing technology enables syn-
chronized stimulation of both cochleas in these pa-
tients. Cochlear implants can switch between several
coding strategies, some useful for speech understanding
and some other useful for open space hearing. In the
Nucleus (R) 24 cochlear implant system common coding
strategies are Spectral Peak (SPEAK), Continuous
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Fig. 5. Input and output probability density functions. The
semi-logarithmic plot used in the left panel shows the
divergence of the two tails of the normal and beta
densities, asthetail of the normal density (N(O, o), dots)
exceeds the range below the argument of -1 and above
that of 1. Semi-logarithmic plotting on the y-axis of the
densitieswas used in the past, because the normal density
is parabolic in these coordinates. In theright panel, the
densities are shown on alinear scale for amore conven-
tional comparison. Note that dots of the normal density
virtually fall on the solid curve of the betadensity in the
linear panel. Standard deviation of the normal density o
was chosen to be equal to standard deviation of the out-
put density fy;. The dashed line showstheinput density
fi, and the solid line shows the output density fg on the
whole interval, see Equation [9].

Interleaved Sampling (CIS) and Advanced Combination
Encoder (ACE) (8). In our example we choose the
SPEAK strategy (8, 25). Figure 6 shows successive
steps of sound processing in the emulator. Only the
channel with the highest energy out of more than twenty
frequency channels of the CI model is shown.

It has been shown previously in experiments
that there exists atrade-off between sound localization
and speech comprehension in these patients (8).
Another finding demonstrates that specific types of
spike timing jitter are beneficial in these patients
(19). In our work we demonstrate theoretically, why
different types of jitter are useful. The improvements
of our sound localization model may lead to the
formulation of novel neural coding strategies for
cochlear implants. Figure 7 shows data obtained in
the Cl emulator together with our model. On the
x-axis is the interaural time delay between left and
right inputs.

Discussion

Our results do not exclude the possibility that
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Fig. 6. Output example. Spikesintheauditory nerveareelicited
by the current from the cochlear implant. The x-axis
shows a time span of 200 ms. The upper trace shows
complex speech sound in auditory space. ThisisaCzech
syllable pronounced by a Czech native speaker. The
units on the y-axis (uA) are related to the middle trace,
which shows the stimulation current evoked by the
sound. The bottom trace is a spike train elicited in a
channel of cochlear implant with the highest energy
content.

arrays of delay lines in the auditory brainstem neural
circuit exist in mammals. We are only offering an
alternative solution to the well known problem of
time precision in sound localization. Our alternative
solution is based on the concept of only one delay
line. It ispossible that the real neural circuit lies be-
tween these two extreme alternatives. More specifi-
cally, the circuit of the MSO might use afew channels
tuned to specific ITDs. The continuum of the ITDs
would be then represented in anal ogy to the continuum
of colors, which is represented in the activity of three
channels corresponding to just three cone pigments.
ITD can be detected for both low frequency sounds
and also for the envelopes of the amplitude modulated
sounds (14).

All neural circuits extracting precise timing
information must employ coincidence detectors.
Output of these coincidence detectors can be passed
with even higher timing precision to the next order
neurons in auditory pathway (28). Precise spike tim-
ing is preserved even in higher relays of the auditory
pathway, up to the thalamus and cortex, (27, 32), yet
the function of such precisely timed spikes in the
cortex is not known.

An important point for the interpretation of
experimental dataisthe following. When looking at
the experimental data, one cannot distinguish which
of the two similar densities (with and without the
tails, see Fig. 5) govern the data. We exemplified this

activity [-]
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Fig. 7. Output of binaural model neuron. The model neuron is
connected to thewhole Cl simulation package. ITD ison
the x-axis in microseconds. Neuronal output activity is
plotted on the y-axis. The dashed biphasic curveisthe
output of the full model with both excitation and inhibi-
tion. The dotted monophasic curveisthe model without
inhibition. Only one period of the output is shown on
this picture for clarity, but the output is periodic, hence
the x-axes could be easily converted to the interaural
phase difference. The error bars are sample standard
deviations obtained numericaly in ssmulations. In both
curves they are the result of 100 trials. In other words,
these error bars do not show the level of the noisein the
system. Instead, the noise isintroduced into the system
via the randomness of the random variables and the
magnitude of the timing jitter.

in (22), where we demonstrated that the sample data
of output density without the tails pass the Jarque-
Bera (2) normality test with the confidence level p
lower than any practically used value. Since pub-
lishing this finding (22), we have a more precise
explanation as to the implications of the result of the
Jarque-Bera test. Mathematically, the two densities
differ because of their tails. Practically, when ana-
lyzing data or numerically simulated data samples,
one data density cannot be distinguished from the
other. Itisimportant to realize that the output density
is the density of timing jitter of the MSO neuron, and
that the spike encoding this randomness is entering
another neuron. The interpretation of data of spike
timing density using the normal density isa common
practice and it is not necessarily wrong. The differ-
ence we report here is subtle, but may matter for the
proper description of the neural algorithm.

Whilethe size of the CD window can beregulated
in the neural circuit, the time jitter can also change
based on the other parameters of the circuit, (28). Our
results show that the proposed mechanism is robust to
variation of these two parameters (time window and
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time jitter).

Figures 1 and 2 hint at how various ranges of
ITDs might be processed in mammals with various
head sizes. To demonstrate this theoretical result in
experiment might be diffcult, but it is not impossible.
Implanting two cochlear implants in both cochleas of
a monkey and also in a guinea pig for comparison
based on varied timing jitter is one suggestion for a
demanding, yet realizable experiment.

It is also interesting to know that another type
of the ITD jitter was already used in a variant of a
human psychophysical experiment. A controlled
neural jitter influences the sound localization per-
formance, as reported in reference No. 19. This
experiment is measurement of the sound localization
performance of hearing impaired human volunteers.
These implantees, who have cochlear implants on
both sides, are capable of the ITD processing. In
short, it is interesting to consider the working hy-
pothesis of this paper, stating that the jittered binaural
stimulation abolishes the adaptation at the binaural
processing stage as opposed to the stimulation without
time jitter. We can compare this hypothesis to what
we know about the circuit. We would like to comment
that the observation in reference No. 19 might also
be explained by the active use of timing jitter by
neurons, as proposed here. In the psychoacoustics
of normal hearing subjects, this might be indirectly
illustrated by careful manipulation of echoes and
distractors, (16), but the interpretation of these
experiments from the point of view of our theory is
less straightforward.

Our model circuit does not reflect the detailed
anatomical wiring of the real circuit because the real
wiring isfar too complex. In designing our model we
started with the detailed circuit description. Any
physiological description uses elementary neural
operations: delay, summing of the postsynaptic po-
tentials, coincidence detection, which can be un-
derstood as an operation of the “and” binary logical
gate and inhibition, which can be understood as the
“not” unary operation. Starting from the (complex)
neural circuit, we can simplify it, when simplification
of the series of operations is possible. Our model is
the result of such asimplification. We can prove that
the original and simplified circuits are equivalent
from the computational perspective (22). It should be
also noted that whenever (slow) software implemen-
tation would not make the real -time implementation
possible immediately, most computations can be
implemented using (much faster) digital signal
processing hardware. We refer here to the hardware
model of the interaural level difference processing in
bats (12) as one out of many examples.

The neural circuits which use coincidences of
two inputs and calculate the correlation between the

two neural signals have along tradition following the
Reichardt detector, a neural circuit for motion detec-
tion in fly vision (29, 33). In line with this tradition,
early applications of neural correlations in sound
localization circuits involved the possibility that not
the peak, but the maximal slope of a response of the
coincidence detector may relay the information, (26).

Figure 4 shows the neural operations as in-
dividual functional building blocks of a neural algo-
rithm, which should not be mapped directly to neurons
of the binaural pathway in Fig. 3. The spike timing
jitter propagates through all the neurons of the ascend-
ing auditory pathway. In this paper we demonstrated,
why a specific type of spike timing jitter is essential
for azimuth processing in both normal hearing and
hearing with cochlear implants.
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B Seznam priloh

Soucasti této prace je datovy nosi¢ (CD) se zdrojovymi kédy modelt, elek-
tronickou verzi disertace, autoreferatu, publikovanych clanku a obrazku.
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