3 A cross-layer interaction between TCP and physical

layer

                                 It is possible to optimize the performance of TCP over satellite links

without changing the TCP behavior, by operating on transmission p a -

rameters. We examine here how TCP performance can be improved by

trading packet loss rate with bottleneck link bandwidth. This procedure

does not interfere in any way with the normal behavior of the TCP stack,

but i n stead requires appropriate capability of automatic tuning of the link

p a rameters at the physical level.

                                 For a given available radio spectrum, antenna size and maximum tran s -

mission power, the selections of modulation scheme, symbol rate and FEC

type allow a usually wide range of choices. Commonly used wireless sy s -

tems make such design choices in a static fashion, by possibly permi t ting

the user to manually change some of them, or in some cases by d y nam i -

cally switching between a limited number of preset p a rameters .  Even in

those cases where a wide range of IBR (information bit rate) values is

available, the cr i terion to switch between them is only dependent on the

perceived channel quality [2] . For terrestrial wireless, an example is the

IEEE 802.11 sta n dard, where it is possible to dynamically change the

modulation and coding schemes [3] . The reason to hop among di f ferent

sets of parameters is that most wireless links have highly variable physical

characteristics: satellite links for example are subject to variable atmo s -

pheric attenuation of the signal; low and medium earth orbit satellite co n -

stellations suffer from variable signal attenuation due to chan g ing slant

path, blocking due to obstacles in the line of sight, multipath fading and

changing satellite distance; indoor sy s tems greatly suffer from interference

from similar systems in addition to all the prev i ous reasons.

                                 Traditional internet lore assumes that packet error rate should be as low

as possible for TCP to perform well [4] : a common rule of thumb is to e n -

gineer the link so that packet error rate due to link errors is neglig i ble with

respect to the error rate caused by congestion. However, this need not be

the case, as shown in [5] . This finding opens the possibility for researching

adaptive algorithms that dynamically choose the optimal cha n nel param e -

ters (e.g. modulation and coding) with the aim of maximi s ing the TCP pe r -

formance.

                                 In 1997, many authors realized that a simple and el e gant formula could

link the steady-state performance of TCP to its se g ment loss rate [6] . The
formula connects the maximum throughput on an unlimited bandwidth

channel with the segment size MSS , the round trip time RTT  and the se g -

ment loss rate q :

q

RTT

MSS

K

                                      throughput

=

for q < 1% ( 9.3)

where K is a constant equal to 1.31 in the case of random se g ment losses

without delayed acknowledgements. Subsequently, (3) was modified to

take into account the TCP behavior in the presence of timeouts [7] , thus

a l lowing for a greater accuracy at higher PER, resulting in:

    t h r o u g h p u t

=

M S S

R T T

2 b q

3

+
R T O m i n 1 ,  3

3 b q

8
æ

è
ç
ö

ø

÷
q ( 1

+
3 2 q

2
)

,(9.4)

where b  is the number of segments acknow l edged by each ACK.

                                 Lakshman and Madhow, in [8] , pr o posed a method for computing the

TCP goodput in  band-limited channels.

                                 In [9]  it is shown that it is possible to obtain a better perfor m ance for a

single TCP connection by jointly choosing the PER and IBR of satellite

links that maximize its throughput computed at the end user ( goodput ), and

[10]  analyses the case for mu l tiple TCP connections.

                                 The basic concept is that for a given wireless tran s mission system, it is

realistic to assume that some of the parameters are dynamically tunable, so

that the channel PER can be traded for IBR (information bit rate). For e x -

ample, it is poss i ble to change the modulation scheme, thus reducing the

channel bit rate, in order to obtain a higher bit energy to one-sided noise

spectral density ratio E

b

/ N

0

. The modulation scheme can be changed t o -

gether with the FEC (forward error correction) to have a wider range of

choices and to e x ploit as much as possible the available radio spectrum.

Most modern transmission systems provide for variable bit rates by

chan g ing the FEC redu n dancy used, some of them for each individual

packet. By using rate-compatible punctured convolutional codes [11]  it is

even poss i ble to seamlessly change the FEC, that is, while maintaining bit

time sy n chron i zation of the data stream.

                                 As far as the modulation scheme is concerned, let us consider a satellite

carrier modulated at a rate of S  symbols/s. We consider the widely diffused

M -ary PSK or QAM (quadr a ture amplitude modulation) types. In these

modul a tion schemes, M  is the number of points, in the phase-amplitude

space, relative to the constellation of the modulated symbols. Typical va l -

ues of M  are 2, 4, 8, 16, 32, and 64; BPSK and QPSK schemes correspond

to M  values of 2 and 4, respe c tively.

Errore. Nel documento non esiste testo dello stile specificato.       3

FEC types come in a multitude of flavors, often concatenated between

them. We define the coding rate r  as the inverse of the coding redundancy.

For example, in the case of a (255, 223) Reed-Solomon code concatenated

with a 1/2 convolutional code, the resulting r  is 223/(255*2)  =  0.437.

 The information bit rate, i.e. our bottleneck rate B , is given by

B
 =  S  r
log

2

 M ;

for a given channel condition

C / N

0

, a mod u lation scheme with M  points

and a coding rate r , the operating E

b

/ N

0

 expressed in dB is given by

E

b

/ N

0

=
C / N

0

-
1 0 L o g

1 0

B
;

diagrams similar to the one shown in figure 9.1 are used to estimate the

PER.

1 . E - 0 5

1 . E - 0 4

1 . E - 0 3

1 . E - 0 2

1 . E - 0 1

1 . E + 0 0

Packet error rate

1 / 1

1 / 1 , R S

7 / 8

7 / 8 , R S , i n t

7 / 8 , R S

3 / 4

3 / 4 , R S , i n t

3 / 4 , R S

1 / 2

1 / 2 , R S , i n t

1 / 2 , R S

Figure 9.1: Combinations of concatenated codes.

For each C / N

o

, the PER is a function of M  and r . Since the TCP goodput

depends on B  and q , it is possible to find M  and r  that maximize the goo d -

put for each given C / N

o

. The way the goodput depends on B  and q  can be

evaluated using an analytical expression, such as (9.3) or (9.4), where q  is

set equal to the PER, or by means of simulation or experimental measur e -

ments.

As an example, figure 9.2 shows the goodput achie v able by considering

two modulation schemes, namely BPSK ( M =2) and QPSK ( M =4) and four

coding schemes, all based on the sta n dard NASA convolutional coding

with constraint length 7, with code rates r =1/2 (base code), r =3/4 (pun c -

4       Errore. Nel documento non esiste testo dello stile specificato.

tured base code), r =7/8 (punctured base code), r =1 (no coding). Four

curves are depicted, each for a different C / N

o

. Each curve re p resents how

the TCP goodput changes as a function of the information bit rate, i.e., the

bottleneck rate B . For each channel condition, an optimum combin a tion of

parameters exists which gives the maximum TCP goodput.

0

20

40

60

80

100

120

140

160

180

200

220

240

260

TCP goodput [segments/s]

0.4 0.6 0.8 1 1.2 1.4 1.6 1.8 2

IBR[ Mb/s]

 C/No= 75 dB

 C/No= 71 dB

 C/No= 69 dB

 C/No= 67 dB

TCP godput [pkt/s]

Figure 9.2: Goodput of a single NewReno TCP

connection vs. the available information bit rate

for di f ferent C/N

o

 values. Packet size = 1 kB,

S  =1.024 Msymbol/s, bottleneck buffer size  =

d e lay*bandwidth of a GEO link.

The above discussion leads to the conclusion that satellite systems could

benefit from adaptive algorithms for choosing the transmission param e ters.

The recent DVB-S2 sta n dard [12]  considers very powerful error-correcting

codes, such that an optimisation based on channel coding would be useless

because the curves that give the packet error rate versus Eb/No are so steep

that we have a sort of on-off behaviour of the physical cha n nel: either the

PER is negligible, or it is so high that it collapses TCP performance. Ho w -

ever, when a satellite return channel is used [1] , optim i s a tion on the return

channel could be useful.

An additional possibility is to insert a link-layer erasure code [13] , [5]

just above the MAC layer, which could be an all-software solution, ind e -

pen d ent of the underlying hardware characteristics.

References

[1]
                                                     ETSI, ^Digital Video Broadcasting (DVB); Interaction Channel for

                                                     Satellite Distribution Systems~, EN 301 790 , V1.3.1, 2003.

[2]  C. B. Cox, and T. A. Coney, ^Advanced Communications Technology

                                                     Satellite (ACTS) fade compensation protocol impact on Very Small-

                                                     Aperture Terminal bit error rate performance~, IEEE Journal on S e -

                                                     lected Areas in Communications, vol. 17, No. 2, February 1999, pp.

                                                     173-179.

[3]   ISO/IEC 8802-11; ANSI/IEEE Std 802.11, 1999 edn Information

                                                     technology - telecommunications and information exchange between

                                                     systems - local and metropolitan area networks - specific requir e ments.

                                                     Part 11: wireless LAN Medium Access Control (MAC) and Physical

                                                     Layer (PHY) specifications.

[4]  C. Partridge and T. J. Shepard, ^TCP/IP performance over sate l lite

                                                     links~, IEEE Network , vol. 11, No. 5, Sep./Oct. 1997, pp. 44-49.

[5]  N. Celandroni, "Comparison of FEC types with regard to the eff i -

                                                     ciency of TCP connections over AWGN satellite channels" IEEE

                                                     Trans. on Wireless Commun., to appear.

[6]  M. Mathis, J.Semke, J. Mahdavi, and T. Ott, ^The macroscopic b e -

                                                     havior  of the TCP Congestion Avoidance algorithm~, Computer

                                                     Communic a tions Review, vol. 27, No. 3, July 1997.

[7]  J. Padhye, V. Firoiu, D. F. Towsley, J. F. Kurose, ^Modeling TCP

                                                     Reno perfor m ance: a simple model and its empirical validation~,

                                                     IEEE/ACM Trans. Networking, vol. 8, no. 2, pp. 133-145, April 2000.

[8]  T. V. Lakshman and U. Madhow, ^The performance of TCP/IP for

                                                     networks with high bandwidth-delay products and random loss~,

                                                     IEEE/ACM Transactions on Networking, vol. 5, No. 3, June 1997.

[9]  N. Celandroni, and F. Potortì, "Maximising single connection TCP

                                                     goodput by trading bandwidth for BER", International Journal of

                                                     Communication Systems, vol. 16, January 2003, pp. 63-79.

[10]  N. Celandroni, "Comparison of FEC types with regard to the eff i -

                                                     ciency of TCP connections over AWGN satellite channels" IEEE

                                                     Trans. on Wireless Commun., to appear.

[11]  J. Hagenauer, ^Rate-compatible punctured convolutional codes

                                                     (RCPC codes) and their applications~, IEEE Transactions on Comm u -

                                                     nic a tions, vol. 36, No. 4, April 1988, pp. 389-400.

[12]  ETSI EN 302 307 V 1.1.1, ^Digital video broadcasting (DVB);

                                                     se c ond generation framing structure, channel coding and modulation

                                                     sy s tems for broadcasting, interactive services, news gathering and

                                                     other broadband satellite applications~, ETSI, June 2004.

[13]

                                                                                                        C. Barakat and E. Altman, ^Bandwidth trade-off between TCP and

                                                     link-level FEC~, Computer Networks, vol. 39, no. 2, June 2002, pp.

                                                     133-150.