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1. Hlas




Hlas

KmitoCet hlasivek je charakterizovan zakladnim tonem lidskeho hlasu (pitch periode) FO,
ktery tvofi zaklad znélych zvuku (tj. samohlasek a znélych souhlasek). KmitocCet
zakladniho ténu je ruzny u déti, dospélych, muzu i Zzen, pohybuje se vétSinou v rozmezi
150 az 4 000 Hz. Sdéleni zprostfedkované feCovym signalem je diskrétni, tzn. maze byt
vyjadreno ve tvaru posloupnosti kone¢ného poctu symbolu. Kazdy jazyk ma vlastni
mnozinu téchto symboll — fonemu, vétSinou 30 az 50.

Hlasky rfeci dale muzeme rozdélit na znélé (n, e, ...), neznélé (§, ¢, ...) a jejich kombinace.
Znéla hlaska predstavuje kvaziperiodicky prubéh signalu, neznéla pak signal podobny
sumu. Navic energie znelych hlasek je vétSi nez neznélych. Kratky Casovy usek znélé
hlasky muzeme charakterizovat jeji jemnou a formantovou strukturou. Formantem
oznacCujeme ton tvorici akusticky zaklad hlasky. Ten vlastné pfedstavuje spektralni obal
feCoveého signalu. Jemna harmonicka struktura pfedstavuje chvéni hlasivek.



Priklad ¢asového a kmito¢tového prub&hu znélého a
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BliZe http://www.itpoint.cz/ip-telefonie/teorie/princip-zpracovani-hlasu-ip-telefonie.asp



Pasmo potiebné pro telefonii

Voice Channel
0-4000 Hz

Voice Bandwidth

300-3000 Mz

Voice Energy

OHz 300Hz 3A4kHz A4kHz 7 kHz



Pévecke vykony jsou mimo
oblast IP telefonie ©

a Deftones - [White Porey #07] Knife Party [foobar2000 +0.9.5.2]
File  Edit “iew  Playback Library Help D
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Mewe Playlist (2]

Playl... | AtisttMboum | TrackMNo| Tie/Track Artist buacca. 16kHz
Ear Drum Kru - Radio_Fha wal.2 Pohioda_LTWE Exclusive [C... 04 Mizowa Reda 419
Tw On The Radio - Return To Cookie Mountain 02 Hours 3:55
Eloc Party - Intimacy 01.04 Biko 5:01
Eloc Party - Intimacy 0109 Better Thah Heawen 422
Eloc Party - Silent Alarm 01 Like Eating Glass 422
Bloc Party - Silent Alarm 12 Plans 4:10
Eloc Party - Silent Alarm 12 Plans 410
Eloc Party - Silent Alarm 12 Plans 410
Deftones - B-5Sides & Rarities 14 Be Quiet &nd Drive [Far Swway] [Acoustic) 432

Blize diskuze na http://forum.avmania.e15.cz/viewtopic.php?style=2&f=1724&t=1062463&p=6027671&sid=
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2. Kodeky
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Architektura VoIP brany

SLIC — Subscriber Line Interface Circuit

PLC — Packet Loss Concealment (odstranéni dusledku ztrat ramcu)
Echo canceliation — odstranéni odezvy



Neékteré vlastnosti kodéru

= Voice Activity Detection (VAD)
V pauze feci je produkovano jen velmi malé mnozstvi bitd, které staci na generovani Sumu.
» Silence Suppression (DTX nebo SS) Casto VAD/SS
Pfi delSim odmicCeni se uplné zastavuje prenos dat.
» Comfort Noise Generation (CNG)
Generovani Sumu pozadi
» Packet Loss Concealment (PLC)
Zahlazeni ztrat paket(
= Dynamic Jitter Buffer (Adaptive)
Vyrovnavaci pamét rozkmitu dob
= Audio Codec Preferences
Reseni preferenci kodeku
» Perceptual enhancement

Zeslabeni Sumu vytvofeného kdédovanim/dekédovanim
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Co je kodek?

Kodek (slozenina z pocCatecCnich slabik slov ,kodér a dekodér®, respektive komprese a
dekomprese; pfevzato z anglického codec analogického plvodu) je zafizeni nebo
pocCitaCovy program, ktery dokaze transformovat datovy proud (stream) nebo signal.
Kodeky ukladaji data do zakdédované formy (vétSinou za ucelem pfenosu, uchovavani
nebo Sifrovani), ale Castéji se pouzivaji naopak pro obnoveni pfesné nebo pfriblizné
puvodni formy dat vhodné pro zobrazovani, pfipadné jinou manipulaci.

(viz wikipedia)
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Vzorkovani a kvantovani
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Tri kroky zpracovani hlasu:

1. Vzorkovani (sampling) — diskretizace signalu v Case

2. Kvantovani (quantizing) — diskretizace signalu v amplitude

3. Kédovani — diskrétni hodnoty vzorku jsou reprezentovany pomoci

n-bitovych Cisel 13



Pozadavky aplikaci

Application Application Delivery Delay Delay Variation
Availability (One way)

Real-Time ActualiSLA ActualfSLA

Telephany H9.7/M9 99% =40%/99 .0 4(1-80ms (req) 1-20ms
100-2580ms

[ (glohal)

Data 89.7/99.99% 100%/599.0 50-100ms (reg) 1-20ms
180-350ms
[glohal)

Yideo §9.7/49.99% =H5%/99.0 40-80ms (reg) 1-20ms
100-280ms
(glabal)

MNear Real-Time

Audio 89.5/89.97% =07%/99.5 50-100ms (reg) 1-20ms
180-350ms
[glohal)

Data §9.5/99.97% 100%/499 .5 G0-150ms (reg) 1-20ms
150-3580ms
(glabal)

Yideo §9.5/99.97% =45%/99.5 a0-100ms (reg) 1-20ms
180-350ms
(glohal)

Backgroundi/Batch

Audia §9.0/49.95% 100%/599 5 80-200ms (reg) 1-20ms
200-500ms
(glabal)

Data 89.0/99.95% 100%/599 .5 A0-200ms (reg) 1-20ms
200-500ms
[glohal)

Yideo 89.0/89.95% 100%/99 5 80-200ms (reg) 1-20ms

200-500ms
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Kodeky

nazev modulace bitovy tok MOS*
[ kb/s]

G.711 PCM 64 44
G 722 SB-ADPCM 48/56/64 neurceno
G 7231 MPMLQ,  ADPCM 5.3/6.4 3.98/3.5
G.726 ADPCM 16/24/32/40 3.85pro 32 kb/s
G 728 LD-CELP 16 3,61
G.729 CS-ACELP g 3.92/39(G.729A)
GSM-FE GMSK 13 3.7
iLBC PCM 1%3.-'1:’*:2 3,92/3.95
Speex CELP 21544 4 neurceno

Mean Opinion Score — metoda zalozena na statistickych Setrenich vybraného vzorku posuzovatelu

s hodnocenim od 1 (Spatné) po 5 (vyborné). Tim se liSi od modernéjsich objektivhich metod,
napi. PSQM (Perceptual Speech Quality Measurement) na niz je zalozen ITU standard P.861
(Skala je od 0 po 6,5, ale néktera testovaci zarizeni tyto hodnoty pak automaticky prepocitavaji do skaly MOS).

15



Zvlastnosti subjektivniho hodnoceni

» StarSi davaji vy$si MOS nez mladsi, protoze maji vytribenéjsi sluch.
» Muzi davaji vysSi MOS nez Zeny, protoze zeny sleduji vysSSi tony a ty jsou ufiznuty.
» Neznamy hlas vnimame Iépe a davame vyssi MOS.

» Cizi jazyk vede k niz§imu MOS.

16



Kodek G.711 (1965)

Kodek G.711 nepouziva zadnou metodu komprese hlasu. Provadi pouze pfimou PCM
(Pulse Code Modulation), kde vzorek ma velikost 8bitu a vzorkovaci frekvence je

8 kHz, potfebna Sifka pasma je 64 kb/s, zpoZzdéni zpusobené kdédovanim je pod 1 ms.
Kvalita zvuku je pfi pouziti tohoto kodeku je obdobna kvalité tradicniho telefonniho
hovoru. Pri logaritmické kompresi je 14b Ci 13b signalu prevadéno na 8b signalu.
G.711 je pouzit u v ISDN a na patefi siti IP telefonie.

Pouzivaji se dva typy algoritmu, oba jsou semilogaritmické (companded PCM), ale liSi
se ve vybéru konstant semilogaritmicke krivky:

u-law, ktery se pouziva v Severni Americe a Japonsku; Tam se pouziva vySsSi
komprese, protoze v tamnich telefonnich sitich je pouzivano pouze 7 bitu pro pfenos
hlasu a osmy bit se pouziva na signalizaci.

a-law, ktery se pouziva ve zbytku svéta a byl navrzen s ohledem na jednodussi
zpracovani na pocitaci. V Evropé se pouziva pro pfenos hlasu vSech 8 bitl a
signalizace je prenasena samostatnym kanalem (Napfiklad pomoci SS7, CAS ¢i jinou
signalizaci). V Evropé ma tedy prenos hlasu v digitalni telefonni siti vySSi kvalitu nez
stejny pfenos pomoci telefonni sité v Severni Americe &i v Japonsku. 17




Princip kodovani PCM
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Pfevzato z http://www.phonet.cz/archiv/dok_osta/ipt-2004_Principy_zprac_hlasu.pdf
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Kodovani a-law

kodovany signal T

5 £ isek &.
112 l
96 ;
30 4
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35
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19 §)
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0
1/128 J| l L—1/8 L— 1/4 1/2 —» X |
P | B ,‘,l 16 vstupni hodnota normalizovana
1/64 " k mezni rozhodovaci hodnoté
Pro a-law

1 bit uréuje polaritu signalu
3 bity uréuji pfislusny segment
4 bity koduji velikost kvantiza€ni urovné v daném segmentu

PFi pouziti kbdovani Etyfmi bity je kazdy segment rozdélen do Sestnacti dil€ich hodnot, celkové pro kladné i zaporné
hodnoty signalu tak ziskame rozliseni na 256 stuprid, coz odpovida kddovani osmi bity. 19



Nove verze G.711

G.711.0 byl schvalen v roce 2009. Poskytuje bezestratovou kompresi G.711. Jeho plny
anglicky nazev je Lossless compression of G.711 pulse code modulation. Byva také
oznacovan jako G.7711 LLC.

G.711.1 byl schvalen v roce 2008. Je to standard, ktery vede k rozsireni G.711

0 moznost pouzit vzorkovaci frekvenci 16 kHz a vysSi kvalitu zvuku s pomoci tfi vrstev.
Datovy tok je 64, 80 nebo 96 kb/s. G.711.1 s datovym tokem 64 kb/s je kompatibilni s
G.711. Vyssi datové toky nejsou kompatibilni s G.711.

Frekvencni pasmo je 50 az 7 000 Hz, tfi mody, 64 kb/s, 80 kb/s and 96 kb/s. 2 bity
navic umozni 112 kb/s and 128 kb/s, tvofi modely R2B a R3.

Dolni pasmo — logaritmicky snimana PCM + adaptivni vylepSovani QoS.

Horni pasmo — MDCT (modified discrete cosine transformation), pouziva se i v MP3,
podstata: prekryvani vzorku

Rozsifeni roku 2010 (do 14 000 Hz, planuje se 20 000 Hz) a bezeztratova bitova

komprese. 20



RFC 5391

Hetwork Working Group L. Sollaud
Eeques=st for Comment=s: 5391 France Telecom
Category: Standards Track Novenber 2008

RETP Pavyload Format for ITU-T Recommendation G.711.1

Status of This Memo

This document specifiesz an Internet standards track protocol for the
Internet community, and reguests discussion and suggestions for

improvements. Plea=ze refer to the current edition of the "Internet

Official Protocol Standards" (5TD 1) for the standardization state

and =statu=s of this protocol. Distribution of this memo is unlimited.
Copyright Notice L\\s

Copyright (c) 2008 IETF Tru=st and the persons identified as the
document authors. A1l rights reserved.

Thi= document i= subject to BCP 78 and the IETF Trust's Legal
Provisions Relating to IETF Documents (http://trustee.ietf.org/
license-info) in effect on the date of publication of this document.
Flease rewview these documents carefully, as they describe your rights
and restrictions with respect to this document.

Abstract

This document specifies a Real-time Transport Protocol (RTP) pavload
format to be used for the ITU Telecommunication Standardization
Sector (ITU-T) G.711.1 audioc codec. Two media type registrations are
also included.
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G.722 (1988)

G.722 je nazyvan Sirokopasmovym kodekem, protoze pouziva dvojnasobny
vzorkovaci kmitoCet (16 kHz), pasmo je rozSifeno na 7 kHz.

Wider Audio Range - Same Bandwidth (64 kbps)

G711 G.722

BkHz samples 16kHz samples

‘150AH/ 30'5&-4.' S.ZARH.' 7$:H.,'
Timto bylo dosazeno mnohem vysSi kvality hovoru, nez u ostatnich tehdejSich kodekd.
,Kvalita“ se projevujepredevsim v tom, Ze lze jasné rozeznat, kdo hovori, coz je zvlast
dulezité u audiokonferenci a pfinasi rovnéz vyhodu z hlediska bezpecnosti (ochrana

pred faleSnym volajicim). Jde o 'embedded' kodeér, coz znamena, ze se rychlost,muze
volné prepinat mezi 48, 56 a 64 kb/s bez pfedchoziho oznameni dekodéru.



Hodnoceni G.722 (1988)
a kodek G.722.1

Kodek G-.722 je velmi vhodny pro vSechny profesionalni konverzacni hlasové aplikace
(algoritmické zpozdeéni je pouhych 1,5 ms) i pro HD. G.722 je podporovan nékterymi
zarizenimi pro videokonference a nékterymi IP telefony.

Pro kodovani je pouzit algoritmus SB-ADPCM (sub-band adaptive differential pulse
code modulation — 2 kanaly). Vyzaduje 30 % vykonu Pentia 100 resp. 10 MIPS DSP.

Ve & 'dl

Byl navrzen spoleCnosti PictureTel, pozdeji koupenou spolecnosti Polycom, ktera
prodava 16 kb/s (verze kodeku Siréna). Kédovany jsou ramce 20 ms
s predikci na 20 ms. Verze 16 kb/s je podporovana systémem Windows Messenger.

23



Rozdil DPCM a ADPCM

Diferencialni pulsné kodova modulace DPCM (Differential Pulse Code Modulation) je modifikaci
PCM kodovani a jeji princip byl publikovan v roce 1952. Systém s DPCM kéduje rozdily mezi
okamzitou hodnotou vzorku signalu v daném vzorkovacim okamziku a hodnotou predikovanou
z pfedchozich vzorkl. K zakédovani rozdilu je zapotiebi niz§iho poctu bitd. To vede k redukci
prenosove rychlosti a tedy i mnozstvi pfenasenych dat se snizuje. DPCM se vyuziva

predevsim pfi kddovani obrazu.

Adaptivni diferencialni pulsné kodova modulace ADPCM (Adaptive Differential Pulse

Code Modulation) vylepSuje DPCM tak, Ze srovnavaci pribéh je vytvaren adaptivné

a pfizpusobuje se konkrétnim statistickym parametram feci. Vysledkem je jeSté mensi

dynamicky rozsah nez v pfipadé DPCM a tedy opét potfebujeme méné bitd k zakdédovani vzorku.

24



Kodek G.723.1 (1995)

V pocCatecCnich dobach VolP VolP Forum zvolilo tento kodek jako zakladni pro pouziti v
protokolu H.323. Je rovnéz pouzivan mobilnimi videotelefony UMTS 99 (standard
H.324M), kde Universal Mobile Telecommunication System je 3G systém standardud pro
mobilni telefony. Spolu s G.729 jde o nejoblibenéjsi hlasovy kodér pro VolIP.

Pouziva ramce délky 30 ms a odhaduje dalSi pribéh na 7,5 ms.

Ma dva provozni rezimy — 6,4 kb/s (r63 — 24bytové ramce) a 5,3 kb/s (r53 — 20bytoveé
ramce). Mezi nimi je schopen prepinat pfi kazdém snimku. Norma dva rezimy stanovuje
jako povinné, bohuzel fada implementaci, pracuje pouze v jednom ze dvou rezimdu.

Podporuje detekci hlasové aktivity (VAD — Voice activity detection), diskontinualni
prenos (DTX — Discontinuous Transmission) a generovani vypliového Sumu (CNG —
comfort noise generator). Ticho je kddovano ve velmi malych Ctyfoktetovych snimcich
pfenasenych rychlosti 1,1 kb/s. Pokud informace o tichu nemusi byt aktualizovana,
pfenos se zastavi uplné.

Mimo systémy VoIP je G.723.1 pouzit v H.324 doporucenich a bude rovnéz vyuzit v
novych standardech pro 3G-324 (organizace 3GPP, 3GPP2) pro 3G bezdratové

multimedialni zarizeni. )
Je zalozen na 18 patentech, coz muze vést k lapaliim pfi licencovani.




Zpusob realizace kodeku G.723.1

Pouziva se ke kompresi zvuku, pracuje se zvukovymi useky délky 30 ms.
G.723.1 se vyznacCuje velmi nizkym bitovym tokem. Pro tento kodek jsou
definovany dva algoritmy:

» MPC-MLQ (Multi-Pulse Maximum Likelihood Quantization) s bitovym
tokem 6,3 kb/s;

= ACELP (Algebraic-Code Excited Linear Prediction) s bitovym tokem 5,3 kb/s.
Napfiklad pfi ACELP a velikosti vzorku 160 bitl jsou naroky na pasmo jen
5,3 kb/s, za coz se plati zpozdénim zpusobenym kdédovanim 37,5 ms a nizsi
kvalitou zvuku. PBX musi byt nakonfigurovany na podporu ACELP.

Pocet bitl velikosti vzorku (2, 3, 4, 5) ma za nasledek 4 pfenosové rychlosti.
Neni urCen pro hudbu a nevysila DTMF tony spolehlivé (musi byt pfedany out-
of-band). Neni urCen ani pro modemy a faxové signaly.
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Vyhoda ACELP

(Algebraic-Code Excited Linear Prediction)

Hlavni vyhodou ACELRP je, Zze pouzita algebraicka kodova kniha muze byt velmi
velka (> 50 bitu) a to bez nepfiméfenych naroktu na pamét (RAM / ROM)

Ci zpracovani (CPU). Kodeér algoritmu ACELP je zalozen na kddovacim
schématu CELP, pouziva vSak specifickou algebraickou strukturu.

VSechny kdédovaci kniny maji problém s cizimi jazyky a ty przni.

27



Odolnost kodeku G.723.1

G.723.1 dosahuje MOS skore 3,7 s rezimu 5,3 kb/s a MOS 3,9 v rezimu 6,4 kb/s.
V prvnim rezimu je pouzivan algoritmus MPC-MLQ (Multipulse LPC with
Maximum Likelihood Quantization), v druhém. ACELP (adaptivni s dynamickou
rychlosti pfi kompresi).

Tabulka porovnava vykon G.723.1 (6,3 kb /s) a ADPCM v Bell Labs v roce 1994,
Cilem vymazu ramcu bylo odsynchronizovat kodér a dekodér (aby bylo

tfreba vice snimkud na synchronizaci). V praxi byva chybovost pod 3 % (v idealnim
pripadé az pod 1%).

Reakce tandemu kodeku na ztrdtu ramce

podminky MOS

G.721.1 6,3 kb/s 32 kb/s ADPCM
Cisty kanal 3.901 3.781
3% vypadka ramce 3.432 —
Tandem dvou kodeku 3.4009 3.491

28



Kodeky G.726

Pouziva techniku ADPCM k zakddovani G.711 bitovych fetézcu slova o délce

2, 3 resp. 4 bity, coz vede k datové tokim 16, 24, 32 (dnes nejpouzivané;si)

Ci 40 kb/s. Vzorkovaci frekvence je 8 kHz (typically 80 vzorkd u ramce 10 ms).
Dosahuje MOS 4,3 a je Casto brana jako méfitko kvality.

Jde o kodek s malym zpozdénim. Velikost snimku je 125 ms, neni pouzZita predikce.
Zabere 30 % vykonu Pentia 100 resp. 10 MIPS DSP.

K dispozici je rovnéz verze znama jako G.727.

Je primarné pouzivan na mezinarodni trunky v telefonni siti. Rovnéz je

pouzivan v bezdratovych telefonnich systémech a je pouzivan na nékterych
fotoaparatech Canon.
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Kodek G.728 (1992-1994)

G.728 pouziva algoritmus LD-CELP (low-delay code excited linear prediction).

Pfi pouhych 16 kb/s ma MOS skore srovnatelné s G.726 na 32 kb/s.

V porovnani s PCM nebo ADPCM, které ignoruji charakter signalu, je CELP kodér
optimalizovany pro hlas (vocoder). Modeluje konkrétni hlas za pouziti knihy
linearnich prediktivnich kédua). Pfedavano je pak to, co nejlépe odpovida
charakteru daného hlasu. Pro hudbu je tento kodek nevhodny.

V ramci protokolu H.320 je pouzivan pro videokonference a nékteré H.323
videokonferencni systémy, vyuziva se zde jeho nizkého zpozdéni (625 ps az 2,5 ms).
Spotrebuje zato plny vykon Pentia 100 s 2 kB RAM.

Variantou tohoto standardu s pouzitim 15,2 kb/s (nizSi rychlost) je RealAudio 28 8
Vyvinuté RealNetworks v roce 1995.

30



Rozdil CELP a LD-CELP

CELP (Code - Excited Linear Prediction) jsou linearné predikéni kodeky s vektorovym kvantovanim budiciho
signalu. Jejich pfenosova rychlost se pohybuje od 4 do 8 kb/s. V pamétech kodéru a dekodéru jsou uloZzeny
soubory moznych posloupnosti vstupniho signalu. Je-li v kddové knize nalezena posloupnost odpovidajici
budicimu signalu, je pfislusna adresa budici posloupnosti (ij. vektoru ulozeného v koédové knize) binarné
pfenesena do pfijimace. Prijimac¢ pak podle pfijaté adresy generuje na zakladé shodné kddové knihy
prislusnou budici posloupnost pro LP (linear prediction) hlasovy syntezator. Optimalni vektor je urCen uzitim
kritéria minima stfedni kvadratické chyby.

Jedna z nevyhod puvodniho CELP algoritmu je velka vypoc&etni naro€nost prohledavani kédovych knih.

Mnoho CELP algoritmU vyZaduje procesory schopné zpracovat vice nez 20 MIPS a prostor pro kédovou knihu
kolem 40 kbytl. Kédovaci zpozdéni je az 35 ms a omezuje pouziti CELP kodeku pro pfenosy na delSi vzdalenosti
a jejich vicenasobné uziti. Z toho vSeho vyplyva snaha o vyvoj vhodnych prohledavacich algoritma.

Zpusob koédovani s kratkou dobou zpozdéni LD-CELP (LD — Low Delay) je zalozen na zpétnovazebnim fizeni
adaptace s kddovacim zpozdénim do 2ms a pfenosovou rychlosti 16 kb/s. Koncepce LD-CELP se od kodeku
CELP lisi v feSeni vlastniho hlasového syntezatoru a zplasobu jeho fizeni. U kodekt CELP se prenaseji

v Casovém multiplexu linearné predikcni koeficienty vycCislené v kodéru kratkodobou (STP) a dlouhodobou
analyzou (LTP), které slouZi v pfijimaci k periodickému nastavovani LPC filtri hlasového syntezatoru.

Naproti tomu mezi kodérem a dekodérem LD-CELP se tato data nepfenaseji a jak kodér, tak dekodér jsou
fizeny zpétnovazebné.

Blize http://www.itpoint.cz/ip-telefonie/teorie/princip-zpracovani-hlasu-ip-telefonie.asp 31




Kodek G.729 (1995-1996)

Jde o velmi popularni kodek pro prenos hlasu pres Frame Relay a pro V.70 hlasové a
datové modemy. Spolu s G.723 jde o nejoblibené&jSi hlasovy kodér pro VolP, ale stale
jesté neni nativné podporovan na platformé Windows.

Jedna se o velmi pouzivany zvukovy kodek pracujici se zvukovymi vzorky délky 10 ms,
ktery pouziva kompresi zvuku CS-ACELP (Conjugate-Structured Algebraic-Code
Excited Linear Prediction). Predikce je na 5 ms. Dosahovany bitovy tok 80bitovych
ramcu ma hodnotu 8 kb/s, existuje vSak i rozSifeni pro 6,4 kb/s a 11,8 kb/s, které
zajistuje vetsi kvalitu prenaseného zvuku. Tento kodek neni urCen pro prfenos hudby,
neprenasi ani spolehlivé DTMF tony. Neumoznuje pfenos faxovych a modemovych
signald.

Prilohy A a B G.729 definuji VAD, CNG, a DTX schémata pro G.729.
Ramce poslané k aktualizaci pozadi hluku jsou15 bitd dlouhé a zasilany pouze
v pfipadé zmeény pozadi.

Je zde 20 patentl, coz opét pro projektanty pfinasi problémy.
VétSinu patentt maji v rukou SiproLabs (www.sipro.com), plati to i pro G.723.1. 32




Jak pracuje kodek G.729

CS-ACELP kodér pracuje s ramci fe€i o délce 10 ms, coz pfi vzorkovaci frekvenci
8000 Hz odpovida 80 vzorkim za sekundu. Kazdy 10 ms je ramec feCoveého signalu
analyzovan pro ziskani parametri CELP modelu. Tyto parametry jsou koédovany a
pfenaseny komunikacnim kanalem.

V dekodéru jsou tyto parametry pouzity k obnoveni excitacniho signalu a koeficientu
syntetického filtru. ReCovy signal je pak rekonstruovan filtraci excitacniho vektoru
pres synteticky filtr. Kvalita feCového signalu je pak jesté zvySena postfiltrem.

Celkové zpozdéni nutné pro vypocet algoritmu je 15 ms, dalSi pfidavna zpozdéni
mohou vzniknout béhem prenosu v komunika¢nim kanalu nebo pfi multiplexovani dat.

Velkou nevyhodou je zde (stejné jako u G.728 LD-CELP) velky vypocCetni vykon
potfebny k prohledani celé kddové knihy a nalezeni nejlepSiho excitacniho vektoru.
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G.729A

G.729 (1996) vyZzaduje cca 20 MIPS pro kédovani a 3 MIPS pro dekdédovani
(asi 0 30% méne nez G.723.1).
G.729A (1995): Je zpétné kompatibilni s G.729 a ma vyhodu v mensSi naro¢nosti vypoctu.

G.729 je Casto pouzivan v VoFR, je podporovan vyrobci mnoha zarizeni Frame Relay.
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Kodek GSM

(Global System for Mobile communications)

Testovani kédovacich algoritmu se provadélo pro téchto sedm jazyku: angli¢tina, némcina,
francouzstina, finstina, japonstina, Spanélstina a hindstina. Vybér probihal z téchto typd kddovani:

Typ kédovani | MOS Prenosova MIP Vyrobce
rvchlost(kb/s) S

RPE - LPC 3.54 14.77 1.5 | Philips (Némecko)

MPE - LTP 3.27 13.20 49 | IBM (Francie)

SBC - APCM 3.14 13.00 4.9 | Ellemtel (Svédsko)

SBC - ADPCM | 2.92 15,00 49 | Telecom Res. (Anglie)

Vysledkem byla nakonec kombinace feSeni od firmy Philips a IBM. Vznikl tak kodek s oznaCenim
RPE - LTP (Regular Pulse Excitation — Long Term Prediction). Obvody kodeku jsou realizovany
signalovymi procesory a lze je podle funkce rozdélit na tyto hlavni bloky:

* pfedzpracovani signalu,

» analyza LPC,

* kratkodoba analyza a filtrace,

» kddovani RPE a analyza LTP.

Celkova bitova rychlost signalu bitovy 13 x 8 kHz = 104 kb/s se po analyze RPE-LTP zméni z
puvodni rychlosti 104 kb/s na 13 kb/s. 35



Kodeky GSM-FR, GSM-HR, GSM-EFR

GSM full-rate Pouziva techniku RPE-LTP, koduje ramce 20 ms rychlosti 13 kb/s.

Nepouziva predikci. Neni extrémné naro¢ny, pozaduje 4,5 MIPS a méné nez 1kB RAM.
Je patentovan Philipsem.

Primarni urceni tohoto prvniho GSM digitalniho kodeku bylo zatizeni DCME

(Digital Circuit Multiplex Equipment), pro satelitni telefonii a pro bezdratové standardy
jako je DECT (Digital Enhanced Cordless Telecommunications).

Dnes uz kvalita zvuku nevyhovuje a tak byl kodek GSM-FR nahrazen modern¢j$imi
variantami FR kodeku, které poskytuji vyssi kvalitu zvuku pii nizsi pfenosové rychlosti.

GSM half-rate (1994) ma mensi naroky na pasmo (5,6 kb/s) Ramce jsou dlouhé 20 ms
a predikce je 4,4 ms. Vyzaduje cca 30 MIPS a 4 Kb RAM. Kodek byl citlivy na hluk pozadi,
a proto nebyl uspésny.

GSM enhanced full rate (1995) pouziva techniku CD-ACELP. Ramce jsou dlouhé 20 ms
a rychlost 12,2 kb/s. Standardizovan TIA a je zakladnim pro US sluzby celularni telefonie.
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MOS GSM kodeku v ruznych prostiedich

kodek

GSM FR

GSM HR

GSM EFR

Reference bez kddovani

klid

L1
.85
.43
.61

o W W

auto

3.83
3.45
4.25
4.42

ulice

3.92
3.56

37



iLBC (2004)

ILBC (Internet Low Bit Rate Codec) je dalsi kodek zaloZzeny na linearni predikci. Jde

o otevieny uzkopasmovy zvukovy kodek specifikovany v RFC 3951. Zasadni rozdil
oproti star§Sim standardiim zalozenych na PCM (jako je G.711) je , Ze pro linedrni predikci
pouziva velmi kvalitni blokové nezavisly algoritmus.

Vzorkovaci frekvence je 8 kHz/16 bit (160 vzorkd pro 20 ms ramce, 240 vzorkd pro30 ms ramce).
Ma fixni bitovou rychlost 15,2 kb/s pro 20 ms ramce, 13,33 kb/s pro 30 ms ramce).

Ma fixni velikost ramce (304 bitd na blok 20 ms ramce, 400 bitd na blok 30 ms ramce).

Zatéz procesoru je srovnatelna s G.729A, ma ale vy3Si odolnost vidi ztraté paketu.

Kodek je urcen pro aplikace realného ¢asu jako je telefonie a videokonference.

Vyvinuly ho Global IP Solutions a je popsan v RFC 3951. Pouzivaji ho Gizmob5,
QuteCom, Google Talk, Yahoo! Messenger, Polycom IP Phone, Maemo Recorder
(pro Nokie) a dalsi.
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ILBC v RFC 3951

Hetwork Working Group 5. Andersen
Eequest for Comments: 35951 LAalborg University
Category: Experimental L. Duric

Telio

H. Astrom
R. Hagen
W. Eleijn
J. Linden
Global IF Sound

December 2004

Internet Low Bit Rate Codec (iLEBC)

Status of this HMemo

Thi=z memo defines an Experimental Protocol for the Internet
community. It does not specify an Internet standard of any kind.
Discussion and suggestions for improvement are regquested.
Distribution of this memo is unlimited.

Copyright Hotice

Copyright () The Internet Society (2004).

Abstract

Thi=s document specifies a speech codec suitable for robust woice
communication over IP. The codec is dewveloped by Global IP Sound
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ILBC freeware

I / 3 http: /S www, iLECfreeware.org

yie
WWWW—W-W e

News Software Documentation Support

What is iLBC?

iLBC (internet Low Bitrate Codec) is a FREE speech codec suitable for robust voice communication over IP. The codec is designed for
narrow band speech and results in a pavload bit rate of 13.33 kbit's with an encoding frame length of 30 ms and 15.20 kbps with an
encoding length of 20 ms. The iLBC codec enables graceful speech quality degradation in the case of lost frames, which occurs in
connection with lost or delayed IP packets.

Features

Bitrate 13.33 kbps (399 bits, packetized in 50 bytes) for the frame size of 30 ms and 15.2 kbps (303 bits, packetized in 38 bytes)
for the frame size of 20 ms

Basic quality higher then G.729A, high robustness to packet loss

Computational complexity in a range of G.729A

Royalty Free Codec

Current Release
- Announcements
IETF RFCs:

-iLBC codec spec
- RTF Pavload Format foril BC

Project News

Dec 6th, 2004. The final IETF EF
and the iLBC ETP Profile draft i

Aug th, 2004. GIPS iLEC has by

the recently released Cablel abs
Codec

More...

Implementations
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Prednost 1ILBC:
vySSi imunita vuci vypadkum ramcu

\
iibcfreeware.org
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1LBC obstoji 1 bez vypadku

Condition: Clean channel

ILBC is: =56.723.1 | ==0G7029 | == GVE9.L | == G.729.E

Condition: Packet loss

ILBC is: Fr G231 [ = G729 | == GVESLL > .29 .E

Blize: http://www.packetizer.com/codecs/ilbc/iLBC.WP.pdf



Podpora ILBC Cisco

Cisco 108 Software Releases 124 T

ILBC Codec Support

HOME
SUPPORT
PRODUCT SUPPORT

CISCO 103 AND MNX-035
SOFTWARE

CISCO 105 SOFTWARE
RELEASES124T

COMFIGURE
FEATURE GUIDES
iLBC Codec Support

Feedback: Help us help you
Please rate this document.
' Excellent
Good
7 Average
Fair
Foor

This document solved my
prablem.

,{b Table Of Contents Downloads
ILBC Support LBC Codec Support T
iLBC Support

The internet Low Bitrate Codec (iLBC) iz a standard, high-complexity speech codec that iz suitable for robust voice communication
over IP. iLBC has built-in error correction functionality that helps the codec perform in networks with a high-packet loss.

Configuration Information

Configuration information is included in the "Dial Peer Overview™ chapter and "Dial Peer Features and Configuration™ chapter in Disl
FPeer Configuration on Voice Gatewsy Routers at the following URL:

hitp.ifwwnw . cisco.com/univercd/coftdidoc/product/zofiwarefios 12301 23cgervvfax ofint c/dpeer ofindex. htm

Command Reference Information
Command reference information iz included in the Cizco 105 Weoice Command Reference, Releaze 12 4T, at the following URL:

hitp.dfwwnw . cisco.com/univercd/coitd/doc/product/so fiwarefios 1241 24cr/hvr_rfindex.him

New or Modified Commands

The follewing commands are new or medified for this feature:

+  codecilbc

. codec preference

*  rip payload-type

List of All Release 1247 Commands

&n alnhahetical lizt nf all Cizen 05 Releaze 17 4T commands i in the Cizon 05 Master Cnmmands | izt Relraze 12 4T at the



Speex (2002)

Jedna se opét o otevieny zvukovy kodek, ktery pouziva pro kompresi zvuku metodu CELP.
Pouziva Sirku pasma od 2 do 44 kb/s. Vzorkovaci frekvence lze zvolit 8, 16 a 32 kHz.

Jde o open a free software, neboli odpadaji problémy s patenty a licencemi. je soucCasti
projektu GNU a je dostupny v ramci revidovanych BSD licenci. Jde tedy o alternativu

k drahym proprietarnim kodekiim. Jeho specifikace mu umozZznuje dosahovat velmi dobrych
kompresnich poméru pfi zachovani srozumitelnosti. Neni primarné ur€en (jako ostatni
podobné kodeky) na kompresi telefonnich hovoru, ale na VolP.
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API Speexu ke stazeni

speex

L\\T Home

News ) ) ) ) . .
Comparison The latest development version of Speexis always available through Git by at http:/fgitxiph.org/speex.git. Mote

samples that packaging information for Debian can be found on the packages page. In addition, RareWares maintains
Downloads useful Windows utilities such as SpeexDrop.
Documentation
Roadmap
ugins & Software
Contact

This release adds support for acoustic echo cancellation with multiple microphones and multiple loudspeakers.

It alzo adds an AP to decorrelate loudspeaker signals to improve multi-channel performance. In the bugfix
department, there are fixes for a few bugs in the echo canceller, jitter buffer and preprocessor. At this point, the
APl far 1.2 should be stable and only a few very minor additions are planned.

Downloads:

« Source Code

The most obvious change in this release is that all the non-codec components (preprocessor, echo cancellation,

jitter buffer) have been moved to a new libspeexdsp library. Other changes include a new jitter buffer algorithm
and resampler improvementsffixes. This is also the first release where libspeex can be built without any floating
point support. To do this, the float compatibility AP must be disabled (—disable-float-api or
DISABLE_FLOAT_API) and the VBR feature must be disabled (—disable-vbr or DISABLE_VBR).

Downloads:

+ Source Code
+ Windows binaries
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Dalsi prace ITU-T SG16 Speech/Audio

G.718 VUuéi chybam odolné uzkopasmoveé i Sirokopasmové koédovani
feCi a audio 8-32 kb/s + Annex B superpasmové rozsireni (28—48 kb/s).
Je zde moznost stereo rozsSireni.

G.719 nekomplexni, pro kddovani audia ve vysoké kvalité, aplikace jsou
konverzacniho charakteru (32—128 kb/s)
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Dalsi nove kodeky

SILK je u Skype nastupce puvodniho SVOPC. Byl vyvinut pro desktop s matematickym
koprocesorem, pokud neni koncové zafizeni PC, nevyhovuje. Ma jedinou vzorkovaci

rychlost 16kHz, bitovou rychlost 8 kb/s. Zalozen je na linearni predikci 5,2 ms.

SVOPC mél audio a feCovy modd, SILK tento rozdil zmenSuje.

SILK ma vzorkovaci frekvenci 8, 12, 16 Ci 24 kHz (tfi navic) a bitovou rychlost od 6 do 40 kb/s
(proménlivou dle podminek prenosu).

Muze pouzit nizké algoritmické zpozdéni 25,2 ms (20 ms ramec + 5,2 ms progndza).

BroadVoice je zalozen na dvoufazovém kédovani TSNFC (Two-Stage Noise Feedback Coding)
nahrazujicim popularni CELP (Code-Excited Linear Prediction). Ma velmi nizké zpozdéni,
algoritmicka prace s vyrovnavacimi paméti zpozduje o pouhych 5 ms

(ve srovnani s 15 az 40 ms fady dalSich kodeku).

CELT (Constrained-Energy Lapped Transform) je kodek s ultranizkym zpozdénim (typicky
od 5 do 22.5 ms) a plnym audio pasmem (220kHz; vzorkovaci rychlost je 8 kHz az 48 kHz).
Podporuje hlas i hudbu v€etné sterea. Bitova rychlost je 32 kb/s az 128 kb/s i vySSi.

Tento kodek je zamysSlen jako most, ktery vyplfiuje mezeru mezi kodeky Vorbis a Speex

pro aplikace, které vyzaduiji jak vysoce kvalitni zvuk, tak nizké zpozdéni potfebné pro dialog

(Vorbis je svobodny software zamysleny jako nahrada MP3). 47



Skype Silk

Hetwork Working:Eroup K. Vo=
Internet-Drafc 5. Jen=en
Intended status: Standards Track E. Soerensen
Expires: September 9, 2010 Skype Technologies 5.4.

March 8, 2010

SILE Speech Codec
draft-vos-=silk-01

Ahstract

Thi=s document describes S5ILE, a speech codec for real-time, packet-
based wvoice communications. Targeting a diverse range of operating
environments, SILE provides scalability in several dimension=s. Four
different sanpling fregquencies are supported for encoding the audio
input signal. Adapration to network characteristics is provided
through control of bitrate, packet rate, packet loss resilience and
use of discontinuous transmission (DTX). And sewveral different
complexity levels let S5ILE take advantage of available processing
power without relying on ic. Each of these properties can be
adjusted during operation of the codec on a frame-byv-frame basis.

Status of this Memo

This Internet-Draft i=s submitted to IETF in full conformance with the
provisions of BCP 78 and BCP 73.

Internet-Drafts are working documents of the Internet Engineering
Task Force (IETF), its areas, and its working groups. HNote that
other groups may also distribute working documents as Internet-

| 5 T,
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BroadVoice

n BAE B3RO ik FEex Search

T AboutUs Investors  Broadband Communications ~ Mobile & Wireless ~ Network Infrastructure  Downloads

Home = Support = BroadVoice® Speech Codec Open Source C Code

adjust font size: A

BroadVoice® Speech Codec Open Source C Code

i LINKS
Overview

Bluetooth

BroadVoice®

BroadVoice® is a family of speech coding algorithms created by Broadcom and standardized by i
4 Codec Comparison

CableLabs®, SCTEE®, and AMNSI for Voice over IP applications in cable telephony. BroadVeoice is also
part of the ITU-T Recommendations J.161 and ].261. To encourage wide-spread use of BroadVoice 4 Demo Samples
in diverse speech compression applications, Broadcom is providing both the floating-peint and fixed- 1 Dowmloads
point C source code of BroadVoice on a royalty-free basis under the GNU Lesser General Public i
License (LGPL), version 2.1, as published by the Free Software Foundation. 4 Documentation

4 Published Papers

4 Contact
-|—El::|'lnc:||c|gf||I Communications Processors
4 Crystal HD

4 Dune Network Fabrics
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CELT

AVT Working Group J-M. Valin
Internet-Draft COctasic Semiconductor
Intended sﬁétus: Standards Track T. Terriberry
Expires: January 14, 2010 Xiph.Org Foundation

G. Maxwell

Juniper Networks

C. Hontgomery
¥iph.0Org Foundation
July 13, 2009

Constrained-Energy Lapped Trans=form (CELT) Codec
draft-valin-celt-codec-01
Status of this Memo

Thi=s Internet-Draft is submitted to IETF in full conformance with the
provisions of BCPF 78 and BCP 79.

Internet-Drafts are working documents of the Internet Engineering
Task Force (IETF), its areas, and its working groups. HNote that
other groups may also distribute working documents as Internet-—
Drafts.

Internet-Draft=s are draft documents walid for a maximom of =ix months
and may be updated, replaced, or obsoleted by other documents at any
time. It i=s inappropriate to use Internet-Drafts a=s reference
material or to cite them other than a=s "work in progress."

The list of current Internet-Drafts can be accessed at
nttp://www.ietf.org/iecf/lid-abstracts. XL,

The list of Internet-Draft Shadow Directories can be accessed at
http://www.ietf.org/shadow.html.
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Na dokumentaci pro CELT se jeste Ce

;\ xiph.org

Home I

News
Comparison
Samples
Downloads
Documentation

Present:;timls = The README file distributed with libcelt
52 "':";:Et = On Jean-Marc Valin's blog
onta + The celt-codec.org presentations page

Unfartunately, there is no formal manual for CELT yet. However, you can find some information about it:

The CELT API Reference Manual provides information on programming with libcelt.

+ libcelt APT
« internal API {(only useful for developing CELT itself)

The first paper describes version 0.3.2 of the codec, while the second describe the low-complexity mode of
version 0.5.1. While there are minor differences with the current version (mostly with the bit allocation), mo
of the paper is still valid.

= 1.-M. Valin, T. B. Terriberry, C. Montgomery, G. Maxwell, A High-Quality Speech and Audio Codec With
Less Than 10 ms delay, To appear in IEEE Transactions on Audio, Speech and Language Processing, 200
= 1.-M. Valin, T. B. Terriberry, G. Maxwell, A Full-Bandwidth Audio Codec with Low Complexity and Very

51



Vorbis

Vorbis je ztratovy audio format, ktery se mél stat nahradou formatu MP3. Jeho
vyVvoj je zastfeSen organizaci Xiph.Org Foundation. Vorbis audio byva nejCasté;ji
uloZeno v kontejneru Ogg a v tomto spojeni je nazyvano Ogg Vorbis.

Softwarova implementace formatu Vorbis vyvijena nadaci Xiph.Org, kodek
libvorbis, je svobodny a open source software uvolnény pod licenci BSD.

@ http://www.xiph.org/vorbis/doc/Vorbis I spec.html
[ Na_j_dut;aL_JE Gmail: E-mail od gﬂﬁw audio codeci... | =| Skype to improve t‘ € Opus Codec
) 10 cloud jobs#slide10 £ NoSQL Databases - NoSQ... ™| Gmail - (bez piedmétu) - jd... K| Navrhované web

Vorbis I specification
Xiph.Org Foundation
February 3. 2012
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Hybridni Opus - 2011

= Mix technologii - Octasic, Skype, Xiph.Org and Broadcom.

= V hybridnim Opusu je kazdy ramec nejdfive kddovan na LP (linear prediction)
vrstvé (do 8 kHz) a pak na MDCT vrstve (nad 8 kHz). Vrstva SILK je VBR
(Variable bit rate) a CELT je CBR (Constant bit rate). SILK potrebuje prognézu
na 5,2 ms, CELT na 2,5 ms. Nesoulad je feSen zpozdénim CELT o 2,7 ms.

» Modifikovana diskrétni kosinova transformace (MDCT — modified discrete
cosine transform) je transformace blizka Fourierové. Je zalozena na typu IV
diskrétni kosinové transformace (DCT-1V), Ma delSi Casova okna a vlastnost
prekryvani: druha polovina bloku se prekryva s prvni polovinou bloku dalsiho.
Tato finta vyhlazuje pfechody mezi bloky, proto je pouzita ve ztratovych
formatech typu MP3 (MPEG-1 Audio Layer 3) ¢i Media Audio.
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Kvalita versus bitova rychlost

Afullband stereo

Quality

Opus
ullban . MP3
uliband AAC Vorbis

super-wideband G.719
G.722.1C

wideband
narrowband AMR-NB "
iLBC G.711
I J I I oo
8 16 32 64 128
bitrate (kb/s) ® royalty-free, open-source

® free license, not open-source
@ licensing fees, not open-source
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Bitova rychlost kontra zpozdéni

Bitrate (kbps/channel)

>

(sw) Aejaq
S
o

200

==
Phone quality High fidelity

(> narrowband () wideband () > wideband

(3A1) awn-esy

[EAIY2IY

55



[Docs] [txtlpdf] [draft-ietf-codec-...] [Diffl] [Diff2] [IPR]

PRCPOSED STANDARD

Internst Engineering Task Force (IETF) JM. Valin
Request for Comments: 6716 Mozilla Corporation
Zategory: Standards Track K. Vos
ISSN: 2070-1721 Skype Technologles S.A.

T. Terriberry
Mozilla Corporation
September Z01Z

Definition of the Opus Audio Codec
tbhstract

This document defines the Opus interactive speech and audio codec.
Opus is designed to handle a wide range of interactive audio
applications, including Volice over IP, videoconferencing, in-game
chat, and even live, distributed music performances. It scales from
low bitrate narrowband speech at & kbit/s to wery high guality sterso
music at 510 kbit/s. Opus uses both Linear Prediction (LE) and the
Modified Discrete Cosine Transform (MDCT) to achieve good compression
of both speech and music.

Status of This Memo
This is an Internet Standards Track document.

This document is a product of the Internet Enginesring Tack Forcs

(IETFE) . It represents the consensus of the IETF community. It has
received public review and has been approved for publication by the
Internet Engineering Steering Group (IESG). Further information on

Internet Standards is available in Section 2 of RFC 5741.

Opus standardizovan v roce 2012
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Most mez1 pienosem hudby a telefonii

AAC Low Delay (AAC-LD) je jiny nazev pro MPEG-4 Low Delay Audio Coder, coz je audio
kompresni format kombinujici vyhody audio kdédovani s vyhodami dvousmeérné komunikace
s nizkym zpozdénim. Tento format je odvozen a formatu MPEG-2 (Advanced Audio Coding
— AAC). Maximalni zpozdéni je 20 ms. Tento format je schopen zajistit stereo signal v pasmu
7 Hz na jedné ISDN lince Ci v pasmu 15 kHz na dvou ISDN linkach.
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Kvalitni firemni kodeky, napt. L16

iDocument Number: TR-41.3.3/02-05-008
TR-41.4.4/02-05-017

STANDARDS PROJECT: PN-4705, PN-3-4462-URV

TITLE: 1.16-256 Wide Band Codec Definition
SOURCE: Polycom
1000 West 14" Street
North Vancouver, B.C. VTP 3F3
Canada
CONTACTS: Peter Baker
Phone: 604 69793135, 604 990 5415 x105
Intemet: peterbakeri@polycom.com
DATE: May 1, 2002
DISTRIBUTION TO: TR-41.3.3, TR41.4.4

Cisco telefon SPA525G 3 vyzaduje vybér tfi kodeku z téchto:
G711u, G711a, G726-32, G729a, G722 a L16.
Moderni L16 tam nechybi.
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Pro vojenské aplikace: MELP (1997)

MELP (Mixed Excitation Linear Prediction) je urCen pouze pro vojenské aplikace,
satelitni komunikaci, utajena radiove zarizeni.

Parametry: bloky 22,5 ms zahrnuji 180 vzorku, vzorkovaci rychlost 8 000 kHz.
Pokryva pasmo 100 Hz - 3800 Hz.

V roce 2001MELPe (Enhanced MELP) US standardem MIL-STD-3005,
v roce 2002 NATO standardem STANAG-4591.

Pouziva periodické i neperiodické vzorkovani a adaptivni filtr.
Neperiodické vzorkovani odstranuje choulostivé prechodné useky signalu
mezi hlasem a dalSimi zvuky.

Navrh zpracoval student Georgia Tech,
dnes ma pro komercni pouziti licenci Polycomm.
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FLEXI-232 a FLEXI-422

Karta Flexi-232 pro modemy Karta v DTE doplnéna PTT zafizenim
(PTT — Push to Talk resp. Press-to-Transit, uréeno pro HDX)

Blize napf. http://www.compandent.com/products_melpe.htm 60



MOS

42

4.1

24
38
a7
3.6
2.3

34

Porovnani MOS

G.711
+

G.729

o N
G6.723.116,3
G.7204
* G.723153 G 778
*
G5M 06.10
10 20 30 40 all Gl 70

rychlost Kodeku [Khit/s]
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Porovnani naroku na V}’/kon

Algoritmus

Informace prfevzaty ze stranek fy. MATTES AD, spol. s r.o.

CBR — Codec Bit Rate, prenosova rychlost kodeku (v b/s)
NEB — Nominal Ethernet Bandwidth, nominalni ethernetova Sifka pasma (v b/s)
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Ktery kodek je nejlepsi?

Nelze jednoznacne urcit, ktery kodek je ten
nejlepsi, protoze nektere se vyznacuji nizkym
bitovym tokem, jineé nizkou narocnosti na
vypocCet a samoziejmé ruznou kvalitou hovoru.
Volba kodeku by proto mela vzdy zalezet

na konfiguraci a moznostech nainstalovaného

VolIP zarizeni a sitove propustnosti.
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Problemy s kodeky na PC

» Kodeky muzou byt napsany pro 32bitové nebo 64bitové operacéni
systémy. Pokud pouzivate 64bitovou verzi systemuWindows, musite
nainstalovat kodeky pro 64bitovou verzi. Pokud napriklad v
64bitovém operacnim systemu nainstalujete 32bitovy kodek,
pfehravaC mozna nebude moci prehrat zadné soubory, ktere tento
kodek vyzaduiji.

= Mnoho starSich kodeku je k dispozici pouze ve 32bitové verzi. Pokud

poskytovatel kodeku neurci, zda jde o 32bitovou nebo 64bitovou
verzi kodeku, pravdépodobné se jedna o 32bitovou verzi.
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Zvukové kodeky

Media Player

0160, 0161, 0162, 0163

imaadp32.acm
msg711.acm
msgsm32.acm
msadp32.acm
|I3codeca.acm

WMADMOD.DLL
WMADMOD.DLL
WMSPDMOD.DLL
mp3dmod.dll

(Format [ TypBinary |  verze |

6.1.7600.16385
6.1.7600.16385
6.1.7600.16385
6.1.7600.16385

1.9.0.401

6.1.7601.17514
6.1.7601.17514
6.1.7601.17514
6.1.7600.16385

(Typ [Nazev _ _______________JFomat _____________________________________ [TypBinary |  Verze

msrie32.dll
msvidc32.dll
msyuv.dll
ivuv_32.dll
tsbyuv.dll
iccvid.dll

mp4s, MP4S, m4s2, M4S2, MP4V, mp4v, XVID, xvid, DIVX, DX50 mp4dsdecd.dll

WMV1, WMV2, WMV3, WMVA, WVC1, WMVP, WVP2

ACM Kodek Microsoft IMA ADPCM 0011

ACM Kodek Microsoft CCITT G.711 A-Law and u-Law 0007

ACM Zvukovy kodek Microsoft GSM 6.10 0031

ACM Kodek ADPCM 0002

ACM Fraunhofer IIS MPEG Layer-3 Codec (decode only) 0055

ACM BANDI_MPEG-1 Audio Decoder 0050

ACM Prevadéc PCM 0001

DMO WMAudio Decoder DMO

DMO WMAPro over S/PDIF DMO 0162

DMO WMSpeech Decoder DMO 000A, 000B

DMO MP3 Decoder DMO 0055
Videokodeky

ICM Microsoft RLE MRLE

ICM  Microsoft Video 1 MSVC

ICM  Microsoft YUV uyvy

ICM Kodek Intel IYUV IYuv

ICM Toshiba YUV Codec Y411

ICM Kodek Cinepak spolecnosti Radius cvid

ICM Bandi MIPEG Video Decoder MIPG

ICM Bandi MPEG-1 Video Decoder MPEG

DMO Mpegds Decoder DMO

DMO WMV Screen decoder DMO MSS1, MSS2

DMO WMVideo Decoder DMO

DMO Mpeg43 Decoder DMO mp43, MP43

DMO Mpeg4 Decoder DMO MPG4, mpg4, mp42, MP42

wmvsdecd.dll
wmvdecod.dll
mp43decd.dll
mpg4decd.dll

6.1.7601.17514
6.1.7601.17514
6.1.7601.17514
6.1.7601.17514
6.1.7601.17514

1.10.0.13

6.1.7600.16385
6.1.7601.17514
6.1.7601.17514
6.1.7600.16385
6.1.7600.16385
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Kodeky, kter¢ podporuje Asterisk

Asterisk Codecs

Asterisk supports the following narrow-band and wideband (HD audio) codecs:

G.711 ulaw (as used in US)

G.711 alaw (as used in Europe)

G.722 - 16 kHz wideband codec; passthrough, playback and recording in Asterisk 1.4; full support incl. transcoding in Asterisk 1.6, a B backport for 1.4 is
available, or use this B more up-to-date patch

G.723.1 - pass-thru for people who need a license , B free for other people

G.726 - 32kbps only (16/24/32/40kbps supported in format_g7 26 for files); flawed until Asterisk 1.4 which corrected the implementation and introduced codec
g726aal? and setting g7 26nonstandard for backwards compatibility with Asterisk 1.2 installations

G.729 - may reguire a license unless using pass-thru, B free version available for use in countries without patents or for educational use only

G5M

ILBC

LPC10 {not recommended!)

Speex - configurable 4-48kbps, VBR, ABR, etc. B see bug 2536, For Asterisk 1.4, there is B patch 10519 available that adds wideband support for the
OpenWenao software client
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Audio Codec Preference Order for Cisco Unified Communications Manager 8.0(1)

Dnes preferovane kodeky u Cisco

If Low Loss Is Configured for Link Loss Type

If Lossy Is Configured for Link Loss Type

AAC-LD—256 kb/s

AAC-LD—256 kb/s

L16—256 kb/s

L16—256 kb/s

G.722 64k—64 kb/s

iISAC—32 kb/s

iISAC—32 kb/s

G.722 64k—64 kb/s

G.722.1 32k—32 kb/s

G.722.1 32k—32 kb/s

G.722 —56 kb/s

G.722 —56 kb/s

G.722.1—24 kbls

G.722.1—24 kbls

G.722—48 kbls

G.722—48 kbls

G.711 mu-law 64 k—64 kb/s

G.711 mu-law 64 k—64 kb/s

G.711 A-law 64k—64 kb/s

G.711 A-law 64k—64 kb/s

G.711 mu-law 56k—56 kb/s

G.711 mu-law 56k—56 kb/s

G.711 A-law 56k—56kb/s

G.711 A-law 56k—56kb/s

iLBC—16 kb/s

iLBC—16 kb/s

G.728—16 kb/s

G.728—16 kb/s

GSM Enhanced Full Rate—13 kb/s

GSM Enhanced Full Rate—13 kb/s

GSM Full Rate—13 kb/s

GSM Full Rate—13 kb/s

G.729b—8 kb/s

G.729b—38 kb/s

G.729ab—8 kb/s

G.729ab—8 kb/s

G.729—8 kb/s

G.729—8 kb/s

G.729a—8 kb/s

G.729a—8 kb/s

GSM Half Rate—7 kb/s

GSM Half Rate—7 kb/s

G.723.1—7 kb/s

G.723.1—7 kb/s
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Drive preferovane kodeky

u Cisco

Table 2-4 Audio Codec Preference Order for previous versions of Cisco Unified Communications Manager

If Low Loss Is Configured for Link Loss Type

If Lossy Is Configured for Link Loss Type

iLBC—16 kb/s

AAC-LD—256 kb/s

AAC-LD—256 kb/s

L16—256 kb/s

L16—256 kb/s

G.722.1 24k—24 kbls

G.722.1 24k—24 kbls

G.722.1 32k—32 kb/s

G.722.1 32k—32 kb/s

G.722 64k—64 kb/s

G.722 64k—64 kb/s

G.711 mu-law 64k—64 kb/s

G.711 mu-law 64k—64 kb/s

G.711 A-law 64k—64 kb/s

G.711 A-law 64k—64 kb/s

G.722 56k—56 kb/s

G.722 56k—56 kb/s

G.711 mu-law 56k—56 kb/s

G.711 mu-law 56k—56 kb/s

G.711 A-law 56k—56 kb/s

G.711 A-law 56k—56 kb/s

G.722 48k—A48 kb/s

G.722 48k—A48 kb/s

iLBC—16 kb/s

G.728—16 kb/s

G.728—16 kb/s

GSM Enhanced Full Rate—13 kb/s

GSM Enhanced Full Rate—13 kb/s

GSM Full Rate—13 kb/s

GSM Full Rate—13 kb/s

G.729b—8 kb/s

G.729b—8 kb/s

G.729ab—8kb/s

G.729ab—8kb/s

G.729—8 kb/s

G.729—8 kb/s

G.729a—=8 kb/s

G.729a—38 kb/s

GSM Half Rate—7 kb/s

GSM Half Rate—7 kb/s

G.723.1—7 kb/s

G.723.1—7 kb/s
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Nastaveni preferenci kodeku na Cisco smérovaci

volce class codec 100

codec preference 1 g/29ra
codec preference 2 g/23r63
codec preference 3 g/llalaw
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Dohoda 0 kodeku u SIP

(odchyceno Wiresharkem)

INVITE sip:novak@sip.domainB.cz SIP/2.0

Via: SIP/2.0/UDP 195.122.198.236:5065;rport;branch=z9nG4bK1441F37B74154C09BD150D68AD8R83F7
From: markl <sip:markl@sip.domainA.cz:5065>;tag=1603324369
To: <sip:novak@sip.domainB.cz>

Contact: <sip:markl@195.122.198.236:5065>

Call-ID: 650ADF5C-0EB4-499A-9744-2B2561B30C94@192.168.2.111
CSeq: 9126 INVITE

Max-Forwards: 70

Content-Type: application/sdp

User-Agent: SIPphone Lite release 1104v

Content-Length: 321

v=0

o=markl 212548077 212548116 IN IP4 195.122.198.236
s=SIPphone Lite

c=IN IP4 195.122.198.236

t=0 O

m=audio 8000 RTP/AVP 0 8 3 98 97 101

a=rtpmap:0 pcmu/8000

a=rtpmap:8 pcma/8000

a=rtpmap:3 gsm/8000

a=rtpmap:98 iLBC/8000

a=rtpmap:97 speex/8000

a=rtpmap:101 telephone-event/8000

a=fmtp:101 0-15

a=sendrecv
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Vysledku testt MOS

Test Set 1

Ideal Conditions: Mo Network Load with Artificial Voice
G726 . GSAI ANER
G.728a G.723.1 iLBC 12 2kbps Speex

G.T1lun .Tl1a 37kbps
414 3.4

MOS AVG . . . .
@S0 4.45 4.44 43 4.04 4.08 4.1

Test Set 2

Ideal Conditions: No Network Load with Both Gender Voice
GSAI AME
Speex

G716 :
G.7T11ln .Tl1a 37kbps G.7T1%a 7131 iLBC 12 khps

I"i.ﬁssQi}:& 4.3 4.8 411 3.76 3.74 3.8 3.06 3.78
Test Set 3
Normal Conditions: 1% Packet Loss with Both Gender Viice
G726 . GSAI AME
G.71ln G.71la 32kbps G.728a G.723.1 iLBC 12.2kbps Speex
h£ssqi}:3 4,24 4.25 4.14 3.74 3.75 3.8 3.04 3.1 L}
Test Set 4

Daress: 04 Packet Loss with Both Gender Voice
G726 . GSAI AME

G.71ln .71la kbps . 728 G.723.1 iLBC 12 2kbps Speex

57 3.74 378 3.58

—_
[FY]
L

Ly
in

MOE AVG - —
(PSQM) 413 4.11 EN
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Cipy OPL-2, OPL-3
(Operator Type-L)

OPL-2 — zvukovy Cip Yamaha YM3812
OPL-3 — zvukovy Cip Yamaha YMF262

(popularni ve zvukoveé karté Soundblaster 16)

OPLL - zvukovy Cip Yamaha YM2413

244 registrd pouze pro zapis, 9 kanalu zvuku, kazdy produkovany dvéma oscilatory.
Frekvence (10 bitt) oktava (3 bity), tvar viny (cela, pulka, ¢tvrtka...), tremolo, vibrato,
nosna...
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Moduly sloZené z procesoru
(Packet Voice Digital Signal Processor Modules)

5
i

PVDMZ2-8 a-Channel Packet Fax®oice DSP Module 1 D3P (Tl 2505)
PVDM2-16 16-Channel Packet FaxVoice DSP Module 1 D3P (T 2510)
PVDMZ-32 J3Z2-Channel Packet Fax®oice DSP Module 2 D35Ps (T 2510)
PVDMZ-48 48-Channel Packet Fax"oice DSP Module 3 D5Ps (T 2510)
PVDMZ2-64 64-Channel Packet Fax"/oice DSP Module 4 DSPs (TI2510)

Kodeky s vysokou komplexnosti:
G.723.1, G.728, G.729, G.729b, GSM-EFR and Modem Relay

Kodeky se stfedni komplexnosti:
G.711, G.729a, G.729ab, G.726, GSM-FR and Fax Relay
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Vypis piehledu DSP

Ha-1#show waice dsp

D3P DEP DSPWARE CURR  BOOT Pakl T RX
TYPE MM CH CODEGC VERSION STATE STATE  RST Al WOICEPORT TS5 AEORT  PACK COUNT

oo FLEX WOIGE GARD @ - ccovemceemaemeeocmeecaae s
*DEP WOIGE GHANWELS*

CURR STATE @ (busy)inuze (b-nutijfy out (bpend) busyout pending

LESEND v Thadibad [ shut lshuidown  (dpend) download pending
DsP bspP DSPWARE CURR  BOOT PAK  TA{RX
TYPE HNUM CH CODECG WERSION STATE STATE RST Al WOIGEPORT TS ABRT Pack GOUNT

*DEP SIGHALING CHAMMELS®

DSP DsP DSPWARE CURR  BOOT Pak  TH/RX
TYFE RhUM CH CODECG VERSION STATE STATE  RST AI WOIGEPORT TS ABRT Packl COUNWT
GE518 0d2 81 {flex) &.2.8 alloc idle @ @ dfEfd a2 @ @
Co518 @fz2 82 [flex) §.2.8 alloc idle @ @ arzi a2 @ @ e
------------------------ END OF FLEX WOICE CARD @ - -- oo v v me e
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Vytvareni DSP profilu

Rl (configqg) #voice-card 0 R2 (config) #voice-card 0
Rl (config-voicecard) #dsp services dspfarm R2 (config-voicecard) #dsp services dspfarm
Rl (config) #dspfarm profile 1 transcode R2 (config) #dspfarm profile 1 conference

Rl (config-dspfarm-profile) #codec g7l1llulaw

R2 (config-dspfarm-profile) #icodec g71lulaw
Rl (config-dspfarm-profile) #codec g7l1llalaw

) j R2 (config-dspfarm-profile) #icodec g71lalaw
Rl (config-dspfarm-profile) #codec g729ar8 . .

. . R2 (config-dspfarm-profile) #codec g729%ar8
Rl (config-dspfarm-profile) #codec g729abr8 2 £ dspf file)#cod 729abr8
Rl (config-dspfarm-profile) #icodec g729r8 R2 (con J_'g_ sptarm-pro l e) #codec g abr
Rl (config-dspfarm-profile) #maximum sessions 6 R2 (config-dspfarm-profile) #codec g729br8

Rl (config-dspfarm-profile) #associate application R2 (config-dspfarm-profile) #maximum sessions 2
SCCP R2 (config-dspfarm-profile) fassociate application

Rl (config-dspfarm-profile) #no shutdown SCCP
R2 (config-dspfarm-profile) #fno shutdown
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Vztah velikosti paketu
a rychlosti prenosu paketu

Kodek a paketizacni interval
Gl | GJll | i | Q.22
20 ms 30 ms 20 ms 40 ms
Pasmo [kb/s] 64 64 g g
Paketizacni interval [bvte] 160 240 20 40
Zahlavi protokoli IP. UDP a RTP [bvte] 40 40 40 40
Velikost VoIP ¢asti paketu [bvte] 200 280 60 &0
Ewchlost [paketv/s] 50 3333 50 25
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Zavislost zpozdéni zpusobené kodovanim

na velikosti vzorku

ITU-T Coding Bit Rate Sample Size Encoding Mean Opinion

Standard Scheme {Bits) Delay (Time) Score (MOS)

G711 P B4l CER B hits =1 ms 44

G.726 ADFCM 2212411 Bk 4/312 hits 1T ms 42,38 3.2
CER

G.728 LC-CELP 16K VER 40 hits 2ms 4.2

G.728 CS-ACELP K. VEBR B0 hits 15 ms 4.2

G723 ACELP 5 K WER 160 hits afHms =i
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Pozadavky na pasmo pro jednotlive kodeky

Bandwidth 802.1Q PPP MLP Frame-Relay ATM
Consumption Ethernet

5711 at S0pps Hakbps Bdkhps Bhkbps Bdkhps 106kbps
G.711 at 33pps Hakbps fTkhps Takbps Fikbhps Bdkhps
5. 729A at 2lpps d7kbps 28khps d0kbps 28kbhps 43khps
5. 729A at 3dpps 27khps 21khps 22khps 21khps 28khps
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Zavislost pozadavki na pasmo na paketiza¢nim intervalu

10 ms Packetization, VAD off 10 ms Packetization. VAD on

G.711 G720 G723 G411 G729 G743

Bandwidth | Bandwidith | Bandwidth Bandwidth | Bandwidth | Bandwidth
Voice over Full‘Half Link Speed demand demand demand demand demand demand

Type LinkType Duplex {kbpsi {bps) {bpsl {hpsi {bps] ibpsi {bps]
Digital TOhA Full nfa 4 000 00 6300 £4 000 &,000 £.,300
YalP anz 3 Half 10,000 262 A00 140400 na 176 860 96 5660 nfa
YalP EDE-ﬂ s Half 100,000 262 800 140400 na 176 860 96 5660 nfa
YalP anz 3 Full 100,000 126 400 70400 n'a A 480 49280 nfa
Mol Frame Relay Full any 100,800 44 200 ra #0 5RO 31,360 nfa
“alP FPFPFE Full any 102,400 4= 400 n'a 71 B0 32480 n'a
WalP ATH [AAL4] Full any 127 200 B4 200 ra 29 040 58 350 n'a
WolPhe  Frame Relay Full any 72 a00 16500 na A0 5360 11,780 n'a
“olFihc FFPF Full any 4400 18400 a 52 080 12,880 nfa
WoFR o Framae Ralay Full any 71,200 15,200 rna 45 540 10,840 nfa
WoAT AT [ALL-A] Full any 51,800 42400 ] =5 360 29 BED nfa

30 ms Packetization, VAD off 30 ms Packetization, VAD on

G711 G.729 G.743 6.1 G.729 G.74

Fian dwsi dth Bandwidth | Bandwidih Bandwidth | Bandwidth | Bandwidth
Yoice ower FullHalf Link Speed demand demand demand demand demand demand

Type  LinkType  Duplex  ikhps) fbps) (bps) (bps) bps) (bps) )
Digral TOm Full s B4 000 & noo B,200 =4 100 4,Jaa B,z00
Wl a0 3 Half 10,000 169 kOO 57 500 54400 118720 a1 320 38,050
“olP ara Half 100,000 169 600 57 B00 54,400 118 720 40 320 aB,0a0
“alP a3 Full 100,00 B4 800 28800 27200 £9 360 20,160 15,040
ol Frame Relay Full any 76 267 20267 18 =67 53 .3a7 14,167 13,067
Wl PPP Full any b 200 20300 19,200 3760 14 560 12,440
WalP o ATM AALS) Full ary g4 500 28 26T 2,67 =9 k0 12 787 19,787
WolPshe  Frame Rolay Full any Bk 933 10833 9,733 Ak 563 7 B&3 =R=Ck]
olFdhe FFFP Full any a7 467 11 467 =R 47 227 a02r B.27
“oFR  Frame Relay  Full any B6 400 10400 3200 6 480 7 380 E,160
WoATh  ATM (BALS) Full Ay a4 500 14 133 14,133 29 380 9.293 O B35
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Typicky priklad pouziti v SLA

85 % volani MOS =242
95 % volani MOS 24,0

4 % volani MOS < 3,8
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Trendy vyvoje v kodecich

* Vlylepsovani kvality, vyvoj smerem k SirSimu pasmui:
Narrowband (-3.4 kHz) --> Wideband (-7 kHz) --> Superwideband (-14 kHz) --> Fullband (-20 kHz)

» ZvySovani odstupu od vnéjsiho Ssumu (auto, letadlo, vrtulnik...)
» Multimoédové kodeky uréené pro feC i hudbu

» Kolaborace ve standardizaci, drive, specialne pro ITU platilo pravidlo
Vitéz bere vSe"“.

= Rada proprietarnich fedeni (Skype... )
= Open Source, volny software

= Co bude nasledovat? a1



Domaci ukol

Na http://www.vocal.com/audio_examples/itu_coders.html

ITU Speech Coder Audio Examples
Speech coder audio examples are provided for each ITU speech coder.

* Reference PCM sample file
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