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Outline

[1 Audio FEC schemeto analyze.
[1 Analytical model for audio quality.
[1 Analysis. Use of aballot theorem.
[1 Numerical results. Negative...

[1 Conclusions and perspectives.
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FEC for audio application

[1 Objective: Reconstruct packet losses to improve audio quality.

[1 ldea: Add redundant information that can be used when packets are | ost.
[1 Simple FEC scheme (standardized by IETF) (Rat, FreePhone)
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Some questions

[1 Dowegainin audio quality by adding FEC?

[1 Same original stream:
FEC increases the load of the network and hence the packet |oss
probability (lower quality?).

[1 Reducing the rate of the original stream:
Does FEC compensate the original information we did not send?

[1 When does such a FEC scheme improve the quality, and when it does not?

[1 Isthis simple scheme the optimal one?

A simple queuing model to understand the problem ...




M/M/1/K model

[1 Beforethe addition of FEC

Audio flow (s) . .
Poi Sson — K @—» Exponential service
Network p=AluU

[1 Holds when:
[1 All packetsin the network are audio, or when,
[1 A per-flow queuing isused in routers.

Audio packet loss probability: T= 1 P
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Model in presence of FEC

A : Ratio of FEC and original packet size.

Audio flow (s) . _1-p K
T, K, @_> Loss probability 77, = -5 K‘:ﬂ P,
a a

Consider first the case when the original audio stream is not changed:
0 A, =4 1
0 K,=K or K, =K/1+a)

r A\

Original
0 U, =pld+a)
All flows are adding FEC, or With FEC

Round-robin service in routers. ‘-r-’o( )

= <




Audio guality
1 Assumptions:

[ Audio quality increases linearly with the volume of datain a packet.

(1 “1” is the quality obtained when we correctly receive an original packet.
Y [0{0,3} : Original packet n lost or no.

[1 Original audio stream is not changed:

Q, =1HFY =13} +a.F{Y =0.FY,, =1|Y, =0}
1-7, 7, L .
Pa +1 With FEC

[1 The total rate of the audio flow is not changed:
Qa' =(1—0’).(1—77)+0’.77.P{Yn+1=1|Yn :O} A —

a 1-a




Audio quality Q,,

Numerical results: Negative ...
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Audio quality for ageneral offset

[1 Idea: Move away the redundancy from the original packet.
[1 Motivation: Audio packets are quite often lost in bursts.
(/ . Offset between redundancy and original packet
Q, =@-n,)+an, Y., =1]Y, =0}
[ Analysis: We proved that the quality isindeed an increasing function of ¢
Maximum quality for infinite :
Q =01-n,)+a.n,.1-n,)

Not feasible for reasons of end-to-end delay, but still an upper bound ...




Audio quality for finite offset

Problem: Calculationof P{Y,,,=1]|Y,=0}

+¢
Let Zj = Nb of packets served between the arrival of packets (N+]-1) and (N+])

Theorem: For @<K_, (whichisquiteacceptable)

HY.,=0Y, =0 =HZ,+---+Z <(¢-r+1) for r=1...,¢
@

And the Ballot Theorem [Takacs,1967] says that if Z Z =k wehave,
=1

P{Z¢+"'+Zr <(p-r+1) for r=1....@¢8 :1—E
@
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Audio quality for finite offset

o1 k [1.1Z []
P{an:own:O}:z%—: mgzzr -k
= @ o= (]

Theorem: Giventhat the{Z } arei.i.d., itiseasy to show that

P 7 =kB=P ¢ 1 2 1
Dr: r E EOCU_:L 4_-l+pa | *t 0,

=1]Y, =0}, and hence of the

Thus,

This concludes the calculation of P{ Y,
audio quality for afinite offset.

%
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Numerical results: Negative ...
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Audio quality for infinite offset

If we exclude the negative impact of the delay, the best audio quality that we
could obtain isgiven asfollows...

[1 When the total audio rate is not changed:
Q,=(1-a).1-n)+a.n.(1-n)
Clearly, always decreasing with a'!

[1 When the size of original packetsis kept the same:

Q =AQ-n,)+a.n,.1-n,)

Again, numerical results show that the quality is always decreasing with a ...
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Numerical results: Again negative ...
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Discussion of the results

(I Interpretation: Welose in the quality of the original stream more that we gain
from the addition of FEC.

[] Reasons:
[1 Big impact of FEC on network load (loss rate).
(1 Low quality of FEC compared to original audio packets.
[1 The redundancy only protects one packet (inefficient utilization).
[1 Cases when we may gain:
[1 High quality of asmall amount of FEC (higher coding rate, e.g., GSM).

[1 Compete with other flows that do not use FEC (low influence on loss rate).
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Perspectives
[1 Include the impact of exogenous traffic not implementing FEC

(our analysis here shows the negative performance of FEC when all flows use it,
hence it shows that this smple FEC scheme is not viable).

[1 Account for cases when redundancy is coded with a higher-rate codec.

[1 Consider the fact that the audio quality is not really linear with the packet size.

[1 Define and evaluate more intelligent 1

FEC schemes (e.g., code the
redundancy using multiple audio packets).




