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RIADENIE VYSTUPNEJ PAMATE PRE CBR PREVADZKU

PLAYOUT BUFFER CONTROL FOR CBR TRAFFIC

Komunikacné siete zaloZené na principe prepojovania paketov pri-
ndsajui pri prenose novy druh skreslenia spojitého signdlu, ktoré vznika
nahodnym oneskorenim paketov. Na elimindciu tohto skreslenia sa
pouziva vystupnd pamdt. Tento ¢lanok ukazuje sposob, ako urcit zvys-
kové skreslenie vyjadrené odstupom signdlu od Sumu. Predpoklada sa
prevddzka typu CBR a statické riadenie vystupnej pamdite.

1. Uvod

Ak je signal prenasany sietou s prepojovanim kanalov, hlavna
Cast skreslenia je sposobena aditivnym Sumom. Vplyv aditivneho
Sumu na signal bol Studovany uz dlhu dobu nielen teoreticky, ale
aj prakticky. Pre hodnotenie kvality sluzby prenosu sa v§eobecne
pouziva odstup signalu od Sumu. V paketovych sietach, ktoré po-
uzivaju Statisticky multiplex, nevyhnutne vznika pocas prenosu
nahodné oneskorenie. Skusenosti z pocitacovych sieti ukazuju, ze
pre prenos dat je dostatocnou charakteristikou stredné oneskore-
nie. To vSak nie je dostatoéné v pripade prenosu hlasu, kedy
chvenie buniek alebo paketov prinasa novy druh skreslenia, ktoré
doposial nebolo teoreticky Studované. Vicsina literatury hlada
optimalnu stratégiu prevadzky vyrovnavacich paméti v uzloch.
V principe, zmeny oneskorenia nie je mozné Uplne eliminovat.
Nejaké chvenie celkového oneskorenia vZdy ostava a posledna
moznost, kde je mozné zmensit ho, je vystupna vyrovnavacia
pamaf a jej riadenie. Hlavny rozdiel medzi touto poslednou vyrov-
navacou pamifou a medzilahlymi pamatami v uzloch spociva
v tom, Ze jedine vystupna vyrovnavacia pamat spractiva koncovi
prevadzku. Tato ma vsak podstatne chudobnejSiu paletu riadia-
cich nastrojov. Nema k dispozicii moznost pouzitia priorit, zmeny
poradia alebo smerovania. Jedinymi moznostami je vkladanie
a ruSenie buniek, pripadne zmena intervalu medzi vzorkami.
Tento typ vyrovnavacej pamite sa vola playout buffer a jeho ria-
denie zmenou intervalu medzi vysielanymi vzorkami je predme-
tom Studia v tomto Clanku.

2. Chvenie oneskorenia

Uvazujme jednoduchy prenos signalu, v ktorom signal s(¢) je
pravidelne vzorkovany (CBR) a vzorky s(nA) su prenasané (ne-
uvazujeme kvantizacné skreslenie) siefou ATM navzajom nezavisle.
Blizko k uvedenym predpokladom je napr. prenos reci, v ktorom
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Networks based on the packet switching principle introduce a new
type of the continuous signal distortion which is caused by a random
delay of packets. To eliminate this distortion, playout buffers are
introduced. The paper presents a method how to evaluate the rest of
this distortion in terms of Signal-to-Noise Ratio, when static policy is
used for sample rate control in the case of CBR traffic.

1. Introduction

When the voice signal is transmitted over a circuit switched
communication network, the main part of distortion is caused by
noise. The impact of noise to the signal has been studied
theoretically and in practice for a long time and the Signal-to-
Noise Ratio (SNR) is broadly used as the Quality of Service
(QOS) parameter. In the packet switched networks, where
statistical multiplexing is used, random delay is introduced during
the transmission. Experience in computer networks showed that
average delay is sufficient QOS parameter when data are
transmitted. But it is not sufficient, when voice is transmitted, and
cell delay variation introduces a new type of distortion, which has
not been theoretically studied yet. Anyway, a lot of strategies
reducing delay variation are studied in the literature. Most of them
are looking for optimal queueing strategy in node buffers. In
principle, there is no possibility to eliminate delay variation
totally. Some end-to-end delay variation remains and the last
possibility how to reduce it consists of the last output buffer and
its control. The main difference between this last buffer and
intermediate buffers in the nodes is that the last buffer handles
only one end-to-end traffic. It implicates only a limited palette of
control tools. There are no more available tools like a priority
system, sequencers, routers and the only control tools are cell
insertion/discarding and intersample interval control. This type of
buffer is called “playout buffer”, and its control by sample interval
tuning is studied in this paper.

2. Sample delay variation

We assume a simple signal transmission when signal s() is
regularly sampled (CBR), and samples s(nAd) are transmitted
independently (quantizing error is omitted) over ATM network.
Near these assumptions is for example PCM voice transmission,
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PCM kanal 2 Mbits/s (30 hlasovych kanalov) je mapovany do 47
bytov ATM bunky. Siet vnasa do prenosu nahodné oneskorenie
a vzorky nie st prijaté v sprdvnom case. Rozdiel medzi ekvidis-
tantnymi referencénymi okamzikmi a okamzikmi, kedy su vzorky
posielané posluchacovi, povazujeme za oneskorenie vzoriek.

Predpoklad 1
Nech je ergodicky nahodny proces stacionarny v §irSom zmysle s
e ohrani¢enou strednou hodnotou | eg | = | Els(0)} | < oo,

o kovarianénou funkciou R4(7) = E[s(0) s(1)}, t € N,
e ohranic¢enou strednou energiou o'f = R4(0) = E[s*(1)} < oo,
e ohranicenym vykonovym spektrom §(w) = 0, | w| =0>0,

kde §(w) f - Ry(H)e™ " dt, w € N je spektralna vykonova

hustota. Oznacenie i = (—oo, ) Z = {.., —1, 0, 1, ...} znamena
mnozinu realnych resp. celych Cisel.

Vzorkovacia teoréma [2] pre centrovany nahodny proces:

§() = Lim &
N—yoo =
sint
d(r) =
) Ot

ukazuje, ako moze byt nahodny proces rekonstruovany zo vzoriek,
ktoré st z nahodného procesu odoberané pravidelne so vzorkova-
cim intervalom A. V takomto pripade ma chybovy signal nulovi
strednu energiu. Ak su vSak vzorky prenasané sietou s komutaciou
paketov, ktora vnasa do prenosu nahodné oneskorenie, vzorky st
pouzivané pre rekonstrukciu signalu nepravidelne (prinajmensom
ak vystupna pamét je prazdna v okamziku, kedy sa mala pouzit
vzorka na rekonstrukciu). Predpokladajme, Ze tato nepravidelnost,
ktort vyjadrujeme odchylkou (oneskorenim) od pravidelnych
vzorkovacich okamZikov, vytvara bodovy proces {7, k € Z].

Predpoklad 2

Nech je {7, k € Z] ergodicky, stacionarny nahodny bodovy proces
s charakteristikami prvého radu:

o distribucna funkcia F(¢) = p [, =1, t E M k€ Z,

e charakteristicka funkcia G(w) = E[e/*"«} = f = o dF(1), w € I,
ke Z -

Vysielany (rekonStruovany) signal bude r(7) = Zs(kA)fb
%

(t — kA — 7k), a rozdiel medzi obnovenym a originalnym signa-
lom vytvori Sum

n(t) = r(t) —s(t) = Zs(kA)[(I)(t — kA — k) — O(r — kA)].
%

Celkové hodnotenie kvality je zaloZené na rozdiele povod-
ného s(7) a rekonstruovaného signalu r(f). Ak je miera tohto
hodnotenia linearna, potom celkova kvalita mozZe byt vyjadrena
charakteristikami n(7). Hlavné zjednodusenie, ktoré pouzivame
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if 2 Mbps sample stream (30 voice channels) is mapped into 47
bytes payload of ATM cells. The network introduces a random
delay, and samples are received at improper time instants. The
difference between equidistant reference instants, and instants
when the samples are playing out are assumed as sample delays.

Assumption 1

Let the second order be stationary ergodic stochastic process with
limited average |es| = | E{s()} | < +oo,

o covariation function Rg(¢) = E{s(0) s(1)}, t € N,

e limited energy o> = Rg(0) = E[s*(1)] < oo,

e limited bandwidth §(w) = 0, |w| = Q >0,

where §(w) f ” Ry(e ™ dt, w € Jtis the power density function.

The notation N = (—oo, ) Z ={.., —1, 0, 1, ...} and is used in
the paper.

The sampling theorem [2] for a zero-mean stochastic process:

D S(kAYD(G — k), A = T

_L <& jwt _L Q s
= f_m H(w)d™ do = ZQJ—QEI dw, 1 € N

shows how the random process can be reconstructed from the
samples shifted over time regularly with a sampling interval A. In
this case the error signal has zero energy. Due to a random delay
in the packet switched network the samples are taken irregularly
by the reconstruction procedure (at least, if the playout buffer is
empty at the regular interval). Let us suppose that this irregularity,
expressed by differences (delays) from regular sampling points,
creates the point process {7, k € Z}.

Assumption 2

Let {7, k € Z} be an ergodic, stationary, random point process
with first order characteristics:

o distribution F(t) = p {1, <1}, EN kE Z

e characteristic function G(w) = E[e/*"x} = fm AR, w € N,
ke Z. o

The playout (reconstructed) signal will be r(7) = Zs(kA)(D
k

(t — kA — 7k), and the difference between the playout signal and
the original one creates the so-called noise

n(t) = rt) — s(t) = Zs(kA)[q)(t — kA — 7k) — Ot — kA)].
I

End-to-end quality measures are based on the difference
between the original signal s(z) and the playout signal r(¢). If this
measure is linear, the end-to-end quality may be expressed in
terms of the noise n(7).

The main simplification used in this paper is based on the
sample independence assumption, when the original signal is
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v tomto ¢lanku spocCiva v predpoklade nezavislosti vzoriek t. j.
v predpoklade, Ze originalny signal tvori ,,biely Sum s ohrani¢enym
spektrom®. V skutocnosti ziadna aplikacia takyto signal nevytvara,
aviak toto zjednuSenie mozZe dat priamo pouzitelné vysledky
z dvoch dovodov: kompresia signalu zmenSuje korelaciu medzi
vzorkami a signal blizky bielemu Sumu sa ¢asto pouZziva na ucely
testovania.

Nech s(z), t € o a {7, k € Z] su stochastické procesy podla
Predpokladu 1 a Predpokladu 2. Ak s(kA) a 7, k € Z su dvojice
nezavislych premennych a, {s(nA), s(mA) |n, m € Z, n # m} su
tieZ nezavislé premenné, t. j.

of,n=m

R[(n — mA] = {0 ntm

potom [ 1] spektralna vykonova hustota ﬁ(w) = F RN(t)ef"“” dw,

R\(#) = E{n(0)n(0)}, je
fi(w) = 202D(w)[1 — Re G(w)], w € N (1

1 = .
a stredny vykon sumu o3 = E{n*(0)} = R\(0) = b j n(w)do
. AT 7 —oo

J€

o2 =202 (1— % f_ﬂg Re G(w)dw) . )

Ako vidime, pouZitie ,spektralne ohrani¢eného bieleho Sumu*
ako testovacieho signalu dava velmi jednoduchy vztah na vypocet
stredného vykonu Sumu. To méze byt zaujimavé pre inZinierske
vypocty, v ktorych sa odstup signalu od Sumu vSeobecne pouziva
na hodnotenie kvality. Ak pouzijeme definiciu SNR

2

SNR = 10log ==

:
oy

[dB] 3)

vo vzfahu (2), potom dostavame
SNR = —10log2 rifﬂ Re G(w)dw | , [dB]
= og 20 g e G(w)dw |, .

Nasledujuci priklad ukazuje vplyv nahodného oneskorenia
vzoriek na signal typu ,,spektralne ohrani¢eny biely Sum*®, ak pred-
pokladame, Ze oneskorenie ma exponencialne rozdelenie. Takéto
rozdelenie je aproximaciou rozdelenia oneskorenia paketov vo
velkych datagramovych sietach s velkym poctom zdrojov, v ktorych
vystupny tok zo siete je blizky Poissonovmu procesu. Nech {s(nA),
s(mA)|n.m € Z, n # m} s nezavislé veliCiny, oneskorenie je
nahodna veli€ina s exponencidlnym rozdelenim s distribuénou
funkciou F(1) =1—¢e ™, t=0, w=0 strednou hodnotou

m

1
T = —, a charakteristickou funkciou G(w) = , 0 E I
i ®

Potom je spektralna vykonova hustota Sumu

2
= 2020(w) ——
o

@) vl

exp

stredny vykon Sumu

“band-limited white noise”. Of course, no real application can
produce such a signal. Anyhow, this simplification may be
interesting for two reasons: signal compression before sampling
decreases the covariation between samples, and it is also very
common to have a defined test input signal and the white noise is
often used for testing communication networks.

Let s(7), 1 € N and {7, k € Z] be the stochastic processes
according to Assumption 1 and Assumption 2 respectively. If s(kA)
and 7,, k € Z are pairs of independent variables, {s(nA),
s(mA)ﬁ n,m € Z, n # m} are independent variables, i.e.

(rf,n=m

R[(n — m)A] = {0 ntm

then [1] the power spectral density ﬁ(w) = r RN(t)ef/"’” dw,

Ry(t) = E[n(0)n(), is
() = 202 D(w)[1 — Re G(w)], w € N (1

1 (e A
and the average noise powero‘,zv =E[n*(0)) = R\(0)= 2—[ n(w)dw
. T/ —oo
is

o2 = 2a§<1— % f_ﬂﬂ ReG(w)dw) . )

As we can see, the band-limited white noise as a test signal
leads to a very simple formula for the noise power calculations.
This makes it interesting for engineering calculations, where signal-
to-noise ratio (SNR) is broadly used as a signal quality measure.
By defining SNR

3
SNR = 10log —-, [dB] 3)

Oy

formula (2) becomes to
SNR = — 10log2 1fifﬂ Re G(w)dw |, [dB]
= og 20 g e G(w)dw |, .

The following example shows the impact of the sample delay
to the band-limited white noise-like original signal, when the
delay has an exponential distribution. This distribution is an
approximation of the packet delay in a large datagram network
loaded by many sources, where the output stream is near to the
Poisson process. Let {s(nA), s(mA) | nm € Z, n+ m} be
independent variables, delay is exponentially distributed with

1
distribution F(1) = 1 — e *, 1= 0, u = 0 average value 7= —,
"
and characteristic function G(w) = 7,u.7’ o € I
m+jo
Then the noise power spectral density is
2
N w
= 2020(0w) —,
o)

N
n(w)exp

the average noise power
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A _
a,%,w = 20§<1 — —— arctg %) (4)

T

a odstup signalu od Sumu

A T
SNR,,, = 10log2| 1 — o arcth , [dB].

3. Vystupna pamit

Vystupna pamat sa pouziva na eliminaciu chvenia oneskore-
nia vzoriek. V zavislosti od akceptovateIného celkového onesko-
renia ¢akaju vzorky vo vystupnej paméti a potom su vysielané von
v pravidelnych casovych intervaloch. Ak v okamziku, kedy mala
byt vysielana vzorka, je vystupna pamét prazdna, vznikne vypadok
signalu, az pokial nie je k dispozicii oneskorena vzorka. Toto zvys-
kové oneskorenie opatovne spdsobuje Sum a na jeho Studium
moZeme pouzit predchadzajuce vysledky. Nech p, je pravdepo-
dobnost, ze vystupna pamat je prazdna v Case, ked ma byt vzorka
hrana von. F,, a distribuéna funkcia zvyskového oneskorenia
t.j. intervalu od okamziku, kedy vzorka mala byt vysielana do oka-
mziku, kedy je skutocne vysielana. Potom oneskorenie nadobuda
nulova hodnotu s pravdepodobnostou (1_,y), kladnu hodnotu
zvy§kového oneskorenia 7,,, s pravdepodobnostou p,, a spektralna

es

vykonova hustota Sumu a odstup signalu od Sumu su:

ﬁ(w) = poﬁ(w)res’
SNR = SNR,,, — 10log(p,) .

Index ,res” oznacuje funkciu poc€itanu pre pripad, Ze zvySkové
chvenie vznika s pravdepodobnostou 1.

4. Riadenie vystupnej pamite

Predchadzajuce vzfahy ukazuju, ako sa zlepsi odstup signalu
od sumu v pripade, Ze na oneskorené vzorky cakame, miesto toho,
aby sme chybajuce (oneskorené) vzorky sice vysielali vcas, ale
nahradené nulovou hodnotou. Existuje niekol'ko sposobov, ako
tento vysledok este zlepsit. Po prvé, mozeme pouzit iné sposoby
nahrady chybajucej vzorky miesto nahrady nulovou hodnotou.To
ma zmysel v pripade, Ze zvySenie odstupu signalu od Sumu bude
vicsie, ako je prispevok SNR,,. Po druhé, mdzZe byt zmenSena
pravdepodobnost vyprazdnenia pamdte p, a to tak, Ze vzorky
budu vysielané von pomalSie ako udava vzorkovaci interval, ak sa
pamat blizi k vyprazdneniu. V tomto ¢lanku budeme uvazZovat sta-
tické riadenie vystupnej rychlosti vzoriek, t. j. budeme predpokla-
dat, Ze bude pouzity interval medzi vysielanymi vzorkami A, =
A+§,n=1,2, .. ak v ¢ase po odvysielani predchadzajucej
vzorky je v pamaéti prave n vzoriek (predpokladame neohrani¢enti
vel'kost vyrovnavacej pamate). Ak je v okamziku, kedy mala byt
vysielana vzorka pamit prazdna, vzorka bude odvysielana von
akonahle pride, t. j. interval medzi vzorkami bude A, + 7.
Marginalna charakteristickd funkcia oneskorenia bude

G(w) = E[¢™) = > p,e/n + py E[e’™], w € N

n=1
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A _
(T,%,exp = 205%(1 — —— arctg %) (4)

mwT

and then the signal-to-noise ratio is

A T
SNR,,, = 10log2{ 1 — P arcth , [dB].

3. Playout buffers

To eliminate sample delay variation, playout buffers are used.
Depending on an acceptable average delay, samples are waiting in
the output queue, and they are “played out” with regular intervals.
If the buffer is empty when a sample should be sent, a signal gap
occurs until the delayed sample is available. This residual delay
again produces noise, and the previous results may be applied. Let
Do be the probability that a buffer is empty when the sample
should be played out, and F(,)m the distribution of the residual
delay i.e. the interval since the sample should be played out. Then
the delay T takes a zero value with probability (1_,,), value of the
residual delay 7,,, with probability p,, and

(@) = poii( @),
SNR = SNR,,, — 10log(p,) .

Here “res” indexes functions, where only residual sample
jitter is taken into account.

4. Playout buffer control

The previous formula shows how waiting for the delayed
sample improves SNR, compared to the policy when the empty
buffer generates zero samples, but just in time. There are several
methods how to improve this result. Firstly, other lost sample
replacing methods bring an advantage, but of course, only if their
gain in SNR, compared to the zero stuffing is greater than SNR, ;.
Secondly, probability of an empty buffer p, can be decreased if
samples are played out slower than the sampling rate, when the
buffer is coming to be empty. In this paper we assume static
control policy of the playout sample rate, i.e. we assume that A, =
A+ 6, n=1,2,..intersample interval is used, when the sample
should be played out, and the buffer contains n samples (infinite
buffer capacity is assumed). If the buffer is empty at the playing
out instant, the sample will be played out as soon as it comes, i.e.
intersample interval A; + ,,; occurs. The marginal characteristic
function of delay is

G(w) = E[é} = > p,/™ + po Ele’™), 0 € N

n=1

KOMUNIKACIE / COMMUNICATIONS 272000 o 13



KOMNIKOCIe

C O M MUNICATI ON:S

a spektralna vykonova hustota Sumu

‘ and the noise power spectral density, is

n(w) = 2032 &(w)[l —po — Z Dy costn} + Po(®),p5, @ € .

n=1

Stredny vykon sumu (2) je

202 — sinre,
2 S n 2
oy=—""|1—p,— E n + poo; 5
N A [ Do ”:11’ ., :| PoON,5 (5)

0
kde €, = K" n =1, 2, ... je relativne oneskorenie vzorky.

Vztah (3) mozZeme pouzit pre vypocet odstupu signalu od Sumu.

Ako priklad uvazujme neohrani¢eni FIFO vyrovnavaciu
pamat, do ktorej prichadzaju vzorky tak, Ze vytvaraju Poissonov
proces s intenzitou 1/A vzoriek za sekundu, teda so strednym
intervalom medzi vzorkami 7 = A. Statické riadenie nech spociva
v tom, Ze je zadana hranica N = 1 nasledujuco:

5, =6n=1.,N
5, =—6n=N+1,N+2.

V tomto pripade aj zvySkové oneskorenie ma exponencidlne
rozdelenie so strednou hodnotou A. Pouzitim vztahu (4) v (5)
dostavame

The average noise power (2) is

203 = sinre
ov=""\1=po= > pn—"|+pom,, (5)
n=1 7T€n

A

0,
where €, = K” n =1, 2, ... is a relative sample delay.
Formula (3) can be used for SNR calculation.

As an example we assume an infinite FIFO buffer with
Poisson input sample stream at the rate of 1/A samples per
second, with the average sampling interval 7 = A. The static
control strategy is given by threshold N = 1 as follows:

e85, =8n=1.,N
e85, =-8n=N+1LN+2, ..

In this case, the rest delay has exponential distribution with
an average rest delay A. Then applying (4) in (5) gives

oy 2 sinre 1
_ZZK 1 - (1 —pg) +2| 1 —— arctgm |p, (6)
og e T
5 . . L < 8 . =
kde e = A Formalne mozeme pisat py =1 —p=1— Z DnPy | Where € = N Formally, we can write py =1 —p=1— Z Dy P
n=1 n=1
A+§, . . A+ 6, N
kde p, = N 1 + ¢, rozdelenie pravdepodobnosti p,, | where p, = N 1 + €, anyhow, the distribution p,,
n =0, 1, ... vSak musime aj tak vypocitat. Mozeme ho dostat ako | n =0, 1, ... should be calculated. It can be obtained as an
invariantné rozdelenie pravdepodobnosti stavov Markovovho | invariant distribution of an embedded Markov chain to the
refazca vnoreného do okamzikov po odvysielani vzoriek. Moze | instants when samples should be played out. It can be calculated,
byt pocitané napriklad pomocou rekurzie for example, by recursion

Jt

n
—pl

= el’n+l — _ePn+1 14 — Tk

Pu+1 Dy Do ;:1 n—k+1)

n!

s pouzitim normujucej rovnice Z D, = 1, pricom predpokladdme
n=0

05P<1,t.j.0§170_zp,,€,,<1
n=1

Je prirodzené ocakavat, ze Sum sposobeny chvenim onesko-
renia bude tym mensi, ¢im je mensia pravdepodobnost vyprazd-
nenia vyrovnavacej pamaite. Znizovanie pravdepodobnosti
vyprazdnenia pamite sa da dosiahnuf oneskorenim prvych
vzoriek v slove, to vSak moze sposobit neakceptovatelné stredné
oneskorenie pre aplikacie beZiace v realnom Case. Preto vysledok
(6) musi byt analyzovany sicasne so strednym oneskorenim,
ktoré vypocitame z Chincin-Pollaczekovej formuly

p/1:k+l
k - _
ePntl =Pkp n=0,1, ..,

with the norm equation Z p, = 1. We also assume 0 = p < 1,
n=0

ie. 0 =p, — z D€, < 1. It is quite natural that noise caused by
n=1

delay variation will be less when the buffer will be empty with very

low probability. On the other hand, it leads to a very high average

delay, which may be unacceptable for application. Then the result

(6) must be analysed together with the defined average delay,

which may be obtained from Khinchine-Pollaczek formula

14 ¢ KOMUNIKACIE / COMMUNICATIONS 2/2000



A 1
ET)=—|——=———-1|= konst.,
2
Do — Z Du€y
n=1
¢o v naSom pripade dava
A 1
ET,)=— 1 | = konst.,

2\ po— (py —p-)e

N oo
kdep, =2 p,ap- =2 p,
n=1

n=N+1

5. Zaver

Potreba prenosu spojitych signalov paketovymi siefami
v realnom case vedie k rieSeniu problému, ako zabezpecit prena-
Sany signal voCi zhorSeniu kvality spdsobenej nahodnym onesko-
renim vzoriek. Posledna moznost v informacnom refazci ako to
urobit je riadenie vystupnej vyrovnavacej pamite. Clanok uvadza
vztahy, ktoré mozu byt pouzité pri ladeni parametrov vystupnej
vyrovnavacej pamaite, najma intervalu medzi vysielanim vzoriek
tak, aby sa maximalizoval odstup signalu od Sumu, ktory je
pouzity ako miera kvality prenosu signalu za podmienky, Ze vzorky
v povodnom signale st navzajom nezavislé.

Recenzenti: P Podhradsky, K. Blundr
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5. Conclusions

A need for real-time transmission of continuous signals over
a packet-switched network leads to the problem how to save the
quality of the transmitted signal against the degradation caused by
the random delay of samples. The last possibility is to control the
playout buffer. There are several formulas presented in this paper,
which can be used for tuning parameters of static policy for
intersample intervals used by the buffer to play out the samples.
Signal-to-Noise Ratio is used as a Quality of Service parameter,
and signal with independent samples is taken as an original signal.
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