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Motivation

Vision: Future Internet

‣ high-rate, low-latency 
communications services

‣ tele-presence, multi-view/free-
viewpoint video, distributed 
collaboration

‣ media source rates of several 
10 Mbps

‣ heterogeneous wired/wireless 
network paths

‣ long-distance paths with large 
Bandwidth-Delay Product (BDP)

Problem Statement

‣ low and unstable throughput on 
large BDP paths via TCP

‣ aggressive, loss-based rate control

‣ ARQ-only error correction

‣ RTT-fairness issues

‣ no multicast support

‣ TCP flavors for large BDP do not 
address error control
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Missing support for high-rate, low-
latency communications services by 
state-of-the-art Internet Protocols!
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Outline
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‣ Predictable Reliability - PRRT Protocol

‣ Timing and Performance Model

‣ Performance Evaluation under large BDP

‣ Conclusion
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Predictable Reliability (PR)

Motivation

‣ IP media delivery: strict time 
constraint but loss-tolerance

‣ vs. partial reliability

‣ Spend applications’ delay budget 
“predictably” 

PR Erasure Coding Unit  ...

‣ ... meets delay constraint (Dt) ...

‣ ... and reliability constraint (Pt) ...

‣ ... under current RTT, packet loss rate 
(Pe), packet interval (TS) ...

‣ ... with minimum redundancy 
information (RI)

Mediate between application 
requirements and network conditions
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Predictably Reliable Real-time Transport
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PRRT Parametrization

Protocol based on 
adaptive Type II HEC

a) FEC mode

b) hybrid mode

c) incremental 
redundancy

‣ parameters k, Np
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k Np[0]

Np[0] Np[1] Np[2]

Np[1] Np[2] Np[3]

a)

b)

c)
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Timing Model
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as a commonly known Type-II H-ARQ. A systematic and
optimal packet-level erasure code is applied to a block of
packets. Our analysis of AHEC performance on large BDP
paths builds upon analyses of AHEC performance over
general packet erasure channels [14].
A systematic block-erasure code generatesn code symbols
out of k < n information symbols [15]. The HEC scheme
splits then − k parity packets of the systematic code into
portions of sizeNp[w], each to be transmitted in transmis-
sion cyclew (Figure 1). The coding scheme is determined
explicitly by the FEC information lengthk and the parity
distribution vector

−→
Np. Let

−→
Np = (Np[0], Np[1], ..., Np[r ])

be a vector deÞning the portions of parity forr + 1 cycles,
where �Np[0] refers to the initial transmission immediately
after thek data packets. The portions for1 ≤ w ≤ r are sent
upon receiving a negative acknowledgment (NACK) from
the receiver, indicating that additional parity is required to
recover lost data packets. The properties of optimal erasure
codes ensure the recovery of all data packets as soon as
arbitraryk packets from the same block are available at the
receiver.

B. Adaptive HEC Workflow

The workßow of the AHEC includes the following steps
(Figure 2):
Encoding and Sending: The sender applies packet-level
erasure coding including virtual interleaving to the packets
generated by a real-time data source. Packets are arranged
in columns whereas the code is applied in rows such that
each codeword contains exactly one byte from each packet.
Packets are inserted into the interleaver and sent to the
network medium immediately. The sender has to maintain
a packet cache for the retransmissions. The size of the
cache corresponds to the target delay constraint set by the
application. After encoding,Np[0] parity packets are sent
in advance.
Erasure Detection and Feedback: Packet erasures are
detected at the sink via sequence number gap detection.
In case redundancy packets are already available at the
receiver, it performs a decoding trial. If the amount of
parity packets is not sufÞcient to recover the block, a NACK
packet is sent identifying the missing packets by sequence
number.
Feedback Interpretation: The sender extracts channel state
information, such as average packet loss rate (PLR) and
round trip delay (RTT) from the receiver feedback. Those
values are essential to adapt the AHEC to variable network
conditions and compute the optimal coding parameters.
Retransmission and Repetition: In case the block length
is set to k = 1, the sender answers the NACK with
original data packets, i. e. it applies a simple repetition code.
Otherwise parity packets are sent according to the current
coding parametersk and

−→
Np. Steps 1 to 4 are repeated up

to r = dim (
−→
Np)− 1 times within the delay constraint.

C. AHEC Performance Model

PRRT adapts to temporally varying channel conditions,
which is achieved by analytical parameterization. Intu-
itively, PRRT determines the optimal distribution of the
availabletarget delay budget among FEC and ARQ, i. e.
Þnding a trade-off between the number of retransmission
rounds r = dim (

−→
Np) − 1 and the coding block length

k. An AHEC coding parameter set(k,
−→
Np) is optimized

by iterative adjustment betweenk and r while Þnding
the optimal distribution of the parity among the available
cycles. The problem is formulated based on a statistical
performance model under transient channel characteristics
such as the packet erasure ratePe as well as the Round
Trip Time RT T. For completenes, we present a simpliÞed
performance model and refer the reader to [13] for more
details.
End-to-end Delay Model: A real-time streaming appli-
cation requires a packet to be delivered within a strict
time constraint ofD target. Block sizek and the number
of transmission cyclesr are adjusted underD target with
respect to the real-time streamÕs average packet interval
Ts and the measuredRT T. A delay marginDresp is
being subtracted for each transmission event in order to
compensate for the aggregatedresponse delay of both end
hosts. For a chosenr and including the initial transmission
delay we obtain a maximum block length of

k(r ) =

�
D target − Dresp −

�
1
2 + r

�
(RT T + Dresp)

Ts

�

(1)
Residual Loss Model: In order to estimate the residual
erasure rate of aC(n, k) erasure block code over a channel
with erasure ratePe and correlation coefÞcientρ for subse-
quent state transitions, Tan [13] applies sequence analysis
on the Gilbert-Elliot [16] model representing a two-state
Markov chain. In general, any channel model returning the
probability mass functionPm(e, n) for e packet erasures
in a sequence of lengthn is applicable. We choose the
binomial distribution and therefore model an i.i.d erasure
channel, which is equivalent to the Gilbert-Elliot model with
zero correlation coefÞcient:

Pm(e, n) =
�n

e

�
Pe

e (1− Pe)n! e

Given the above loss distribution, the residual loss rate of a
C(n, k) optimal erasure code corresponds to the expected
number of unrecovered data packets per block divided by
k. Due to the systematic code, we just need to count the
lost data packets in those cases where then − k parity
packets are not sufÞcient for decoding, i. e. the receiver
gathered less thank arbitrary packets.Pd(n, k, i, j ) denotes
the probability thatj erasures in the block of lengthn affect
i among thek data packets:

Application Delay 
Constraint

Coding Block Length

Host Response Delay Round Trip Time

Packet Interval
Number of (reactive) 
Transmission Cycles
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Performance Model
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Pd(n, k, i, j) =

�k
i

��n−k
j−i

�
�n

j

�

Pres =
1
k

k�

i=1

n−k+ i�

j= max(n−k+1 ,i)

i · Pd(n, k, i, j) · Pm(j, n)

The code word length n has to be chosen sufficiently large
such that the residual erasure rate is smaller than the PLR
constraint Ptarget.
Redundancy Information: We express redundancy infor-
mation as a fraction of the source data rate. Therefore,
the stream rate after transport layer coding results in
sourcerate × (1 + RI) without consideration of packet
headers. The redundancy information on the channel de-
pends on the distribution of the parity packets among the
r transmission cycles. In cycle 1 ≤ w ≤ r the sender
has sent −→n [w] = k +

�w
s=0
−→
Np[s] packets. The parity for

cycle w is triggered by the receiver’s notification about
insufficient parity after the previous cycle, i. e. when there
was a decoding failure in the previous cycle w − 1. Let
Rw be a random variable indicating the number of packets
aggregated at the receiver after cycle w, which is less than
k with probability:

Pr(Rw < k) =

−→n [w]�

j= −→n [w]−k+1

Pm(j,−→n [w])

Since
−→
Np[1] parity packets are sent without receiver request,

the total redundancy information can be expressed as fol-
lows:

RI =
1
k

�
−→
Np[0] +

r�

w=1

Pr(Rw−1 < k) ·−→Np[w]

�
(2)

III. PRRT PERFORMANCE EVALUATION

We simulate PRRT’s performance for a high data rate
real-time video communications service over a large BDP
network. We assume video streams are generated at a
source rate of 10 to 30 Mbps. Our performance metric
is the redundancy information RI, which characterizes the
efficiency of the protocol under strict delay and reliability
constraints.
All results presented in the following rely on an application
time constraint of 300 ms, i. e. any packet that exceeds this
delay until arriving at the sink is considered lost. A response
time of Dresp = 20ms is allocated for each transmission
event (original as well as retransmissions). The reliability
requirement has been set to a residual packet loss rate of
less than 10−6.
We evaluate the impact of RTT and the source data rate on
PRRT’s performance. Whereas the amount of redundancy is

Table I
PRRT CONFIGURATIONS FOR THE DELIVERY OF A 20Mbit/s

REAL-TIME STREAM WITH PACKET LENGTH 1316 byte
(Dtarget = 300 ms).

RTT Pe k �Np RIres

25 0.01 1 [0, 1, 1, 1, 1, 1] 0.0101
25 0.1 1 [0, 1, 1, 1, 1, 6] 0.1112
50 0.01 1 [0, 1, 1, 3] 0.0101
50 0.1 1 [0, 1, 1, 8] 0.1180
75 0.01 1 [0, 1, 4] 0.0104
75 0.1 96 [9, 10, 20] 0.1596

100 0.01 133 [3, 10] 0.0262
100 0.1 133 [20, 27] 0.1676
125 0.01 133 [3, 10] 0.0262
125 0.1 133 [20, 27] 0.1676
150 0.01 64 [2, 8] 0.0350
150 0.1 64 [11, 21] 0.1944

derived from the packet loss rate, RTT is a crucial network
parameter to determine the number of parity cycles.

A. Impact of RTT

Table I shows optimal parameter sets for a 20 Mbps source
rate. We see that pure packet repetition (k = 1) is optimal
for small RTTs of up to 100 ms at low packet erasure rates
and for RTTs of up to 75 ms at high packet loss rates. At
high packet loss rates, FEC is preferred over packet repeti-
tion, which leads to a visible discontinuity in the parameter
settings as well as in the amount of required redundancy
(RTT = 75ms, Pe = 0.1 and RTT = 100ms, Pe = 0.01
in Figure 3). This discontinuity can be explained as follows.
In case of low RTT, the parity packets are sent reactively
upon reception of a NACK ( �Np[0]=0). Low RTT values
reduce the amount of redundancy significantly since more
parity packets can be shifted to later transmission cy-
cles, which occur with exponentially decreasing probability
(Equation 2).
Under larger RTT the time budget available for further
parity transmissions is reduced. This is captured in the
lower number of possible transmission cycles r according
to Equation 1. PRRT compensates this by sending parity
proactively ( �Np[0] > 0). Proactive parity transmissions
in turn increase the redundancy information (Equation 2).
In order to minimize the redundancy, PRRT increases the
coding block length k. In this way it achieves optimal
performance in the RTT range of 75 ms to 125 ms. At RTTs
larger than 125 ms, a single transmission cycle requires at
least 145 ms (Equation 1), which limits the block size to
k = 64. This results in a significantly higher amount of
redundancy as evidenced by large RI values in Figure 3.
Our results show that the optimal transmission under fixed
delay is strongly RTT dependent. A pure retransmission-
based scheme such as the one implemented by TCP is
insufficient to optimally cover the entire range of RTTs in
large BDP networks. The proposed PRRT protocol makes

Residual Packet 
Erasure Rate Number of Erasures

Probability Mass Function 
of Erasure Length
(Channel Model)

Average over 
Block Length

“received less than 
k packets out of n”

Hypergeometric Distribution
(consider Systematic Code)

mailto:gorius@nt.uni-saarland.de
mailto:gorius@nt.uni-saarland.de
mailto:gorius@nt.uni-saarland.de
mailto:gorius@nt.uni-saarland.de
mailto:herfet@nt.uni-saarland.de
mailto:herfet@nt.uni-saarland.de
http://www.nt.uni-saarland.de
http://www.nt.uni-saarland.de


Manuel Gorius
gorius@nt.uni-saarland.de

Goran Petrović
petrovic@nt.uni-saarland.de

Thorsten Herfet
herfet@nt.uni-saarland.de

Telecommunications  
Lab
www.nt.uni-saarland.de

Redundancy Information
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Pd(n, k, i, j) =

�k
i

��n! k
j! i

�
�n

j

�

Pres =
1
k

k�

i=1

n! k+i�

j=max(n! k+1,i)

i · Pd(n, k, i, j) · Pm(j, n)

The code word length n has to be chosen sufficiently large
such that the residual erasure rate is smaller than the PLR
constraint Ptarget.
Redundancy Information: We express redundancy infor-
mation as a fraction of the source data rate. Therefore,
the stream rate after transport layer coding results in
sourcerate × (1 + RI) without consideration of packet
headers. The redundancy information on the channel de-
pends on the distribution of the parity packets among the
r transmission cycles. In cycle 1 ≤ w ≤ r the sender
has sent −→n [w] = k +

�w
s=0

−→
Np[s] packets. The parity for

cycle w is triggered by the receiver’s notification about
insufficient parity after the previous cycle, i. e. when there
was a decoding failure in the previous cycle w − 1. Let
Rw be a random variable indicating the number of packets
aggregated at the receiver after cycle w, which is less than
k with probability:

Pr(Rw < k) =

!" n [w]�

j=!" n [w]! k+1

Pm(j,−→n [w])

Since
−→
Np[1] parity packets are sent without receiver request,

the total redundancy information can be expressed as fol-
lows:

RI =
1
k

�
−→
Np[0] +

r�

w=1

Pr(Rw! 1 < k) ·−→Np[w]

�
(2)

III. PRRT PERFORMANCE EVALUATION

We simulate PRRT’s performance for a high data rate
real-time video communications service over a large BDP
network. We assume video streams are generated at a
source rate of 10 to 30Mbps. Our performance metric
is the redundancy information RI, which characterizes the
efficiency of the protocol under strict delay and reliability
constraints.
All results presented in the following rely on an application
time constraint of 300ms, i. e. any packet that exceeds this
delay until arriving at the sink is considered lost. A response
time of Dresp = 20 ms is allocated for each transmission
event (original as well as retransmissions). The reliability
requirement has been set to a residual packet loss rate of
less than 10! 6.
We evaluate the impact of RTT and the source data rate on
PRRT’s performance. Whereas the amount of redundancy is

Table I
PRRT CONFIGURATIONS FOR THE DELIVERY OF A 20Mbit/s

REAL-TIME STREAM WITH PACKET LENGTH 1316 byte
(Dtarget = 300 ms).

RTT Pe k !Np RIres

25 0.01 1 [0, 1, 1, 1, 1, 1] 0.0101
25 0.1 1 [0, 1, 1, 1, 1, 6] 0.1112
50 0.01 1 [0, 1, 1, 3] 0.0101
50 0.1 1 [0, 1, 1, 8] 0.1180
75 0.01 1 [0, 1, 4] 0.0104
75 0.1 96 [9, 10, 20] 0.1596

100 0.01 133 [3, 10] 0.0262
100 0.1 133 [20, 27] 0.1676
125 0.01 133 [3, 10] 0.0262
125 0.1 133 [20, 27] 0.1676
150 0.01 64 [2, 8] 0.0350
150 0.1 64 [11, 21] 0.1944

derived from the packet loss rate, RTT is a crucial network
parameter to determine the number of parity cycles.

A. Impact of RTT

Table I shows optimal parameter sets for a 20Mbps source
rate. We see that pure packet repetition (k = 1 ) is optimal
for small RTTs of up to 100ms at low packet erasure rates
and for RTTs of up to 75ms at high packet loss rates. At
high packet loss rates, FEC is preferred over packet repeti-
tion, which leads to a visible discontinuity in the parameter
settings as well as in the amount of required redundancy
(RTT = 75 ms, Pe = 0 .1 and RTT = 100 ms, Pe = 0 .01
in Figure 3). This discontinuity can be explained as follows.
In case of low RTT, the parity packets are sent reactively
upon reception of a NACK ( �Np[0]=0). Low RTT values
reduce the amount of redundancy significantly since more
parity packets can be shifted to later transmission cy-
cles, which occur with exponentially decreasing probability
(Equation 2).
Under larger RTT the time budget available for further
parity transmissions is reduced. This is captured in the
lower number of possible transmission cycles r according
to Equation 1. PRRT compensates this by sending parity
proactively ( �Np[0] > 0). Proactive parity transmissions
in turn increase the redundancy information (Equation 2).
In order to minimize the redundancy, PRRT increases the
coding block length k. In this way it achieves optimal
performance in the RTT range of 75ms to 125ms. At RTTs
larger than 125ms, a single transmission cycle requires at
least 145ms (Equation 1), which limits the block size to
k = 64 . This results in a significantly higher amount of
redundancy as evidenced by large RI values in Figure 3.
Our results show that the optimal transmission under fixed
delay is strongly RTT dependent. A pure retransmission-
based scheme such as the one implemented by TCP is
insufficient to optimally cover the entire range of RTTs in
large BDP networks. The proposed PRRT protocol makes
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Efficiency under Large Delay

! Dt = 300 ms, Dresp = 20 ms

! Pt = 10-6, Source Rate = 20 Mbps
! Packet Length = 1316 Byte, Ts ≈ 0.5 ms
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i · Pd(n, k, i, j ) · Pm(j, n )

The code word length n has to be chosen sufficiently large
such that the residual erasure rate is smaller than the PLR
constraint Ptarget.
Redundancy Information: We express redundancy infor-
mation as a fraction of the source data rate. Therefore,
the stream rate after transport layer coding results in
sourcerate × (1 + RI ) without consideration of packet
headers. The redundancy information on the channel de-
pends on the distribution of the parity packets among the
r transmission cycles. In cycle 1 ≤ w ≤ r the sender
has sent −→n [w] = k +

�w
s=0

−→
Np[s] packets. The parity for

cycle w is triggered by the receiver’s notification about
insufficient parity after the previous cycle, i. e. when there
was a decoding failure in the previous cycle w − 1. Let
Rw be a random variable indicating the number of packets
aggregated at the receiver after cycle w, which is less than
k with probability:

Pr (Rw < k ) =

−→n [w]�

j=−→n [w]−k+1

Pm(j, −→n [w])

Since
−→
Np[1] parity packets are sent without receiver request,

the total redundancy information can be expressed as fol-
lows:

RI =
1
k

�
−→
Np[0] +

r�

w=1

P r (Rw−1 < k ) ·−→Np[w]

�
(2)

III. PRRT PERFORMANCE EVALUATION

We simulate PRRT’s performance for a high data rate
real-time video communications service over a large BDP
network. We assume video streams are generated at a
source rate of 10 to 30 Mbps. Our performance metric
is the redundancy information RI, which characterizes the
efficiency of the protocol under strict delay and reliability
constraints.
All results presented in the following rely on an application
time constraint of 300 ms, i. e. any packet that exceeds this
delay until arriving at the sink is considered lost. A response
time of Dresp = 20 ms is allocated for each transmission
event (original as well as retransmissions). The reliability
requirement has been set to a residual packet loss rate of
less than 10−6.
We evaluate the impact of RTT and the source data rate on
PRRT’s performance. Whereas the amount of redundancy is

Table I
PRRT CONFIGURATIONS FOR THE DELIVERY OF A 20Mbit/s

REAL-TIME STREAM WITH PACKET LENGTH 1316 byte
(Dtarget = 300 ms).

RTT Pe k �Np RIres

25 0.01 1 [0, 1, 1, 1, 1, 1] 0.0101
25 0.1 1 [0, 1, 1, 1, 1, 6] 0.1112
50 0.01 1 [0, 1, 1, 3] 0.0101
50 0.1 1 [0, 1, 1, 8] 0.1180
75 0.01 1 [0, 1, 4] 0.0104
75 0.1 96 [9, 10, 20] 0.1596

100 0.01 133 [3, 10] 0.0262
100 0.1 133 [20, 27] 0.1676
125 0.01 133 [3, 10] 0.0262
125 0.1 133 [20, 27] 0.1676
150 0.01 64 [2, 8] 0.0350
150 0.1 64 [11, 21] 0.1944

derived from the packet loss rate, RTT is a crucial network
parameter to determine the number of parity cycles.

A. Impact of RTT

Table I shows optimal parameter sets for a 20 Mbps source
rate. We see that pure packet repetition (k = 1) is optimal
for small RTTs of up to 100 ms at low packet erasure rates
and for RTTs of up to 75 ms at high packet loss rates. At
high packet loss rates, FEC is preferred over packet repeti-
tion, which leads to a visible discontinuity in the parameter
settings as well as in the amount of required redundancy
(RT T = 75 ms, Pe = 0.1 and RT T = 100 ms, Pe = 0.01
in Figure 3). This discontinuity can be explained as follows.
In case of low RTT, the parity packets are sent reactively
upon reception of a NACK ( !Np[0]=0). Low RTT values
reduce the amount of redundancy significantly since more
parity packets can be shifted to later transmission cy-
cles, which occur with exponentially decreasing probability
(Equation 2).
Under larger RTT the time budget available for further
parity transmissions is reduced. This is captured in the
lower number of possible transmission cycles r according
to Equation 1. PRRT compensates this by sending parity
proactively ( !Np[0] > 0). Proactive parity transmissions
in turn increase the redundancy information (Equation 2).
In order to minimize the redundancy, PRRT increases the
coding block length k. In this way it achieves optimal
performance in the RTT range of 75 ms to 125 ms. At RTTs
larger than 125 ms, a single transmission cycle requires at
least 145 ms (Equation 1), which limits the block size to
k = 64. This results in a significantly higher amount of
redundancy as evidenced by large RI values in Figure 3.
Our results show that the optimal transmission under fixed
delay is strongly RTT dependent. A pure retransmission-
based scheme such as the one implemented by TCP is
insufficient to optimally cover the entire range of RTTs in
large BDP networks. The proposed PRRT protocol makes
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