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1. Introduction

The expansion and diversification of wireless communications are proceeding rapidly
with the diffusion of cellular phones, WiFi and WiMAX. However, concern is increasing
that the growth of wireless systems will exhaust finite wireless resources. Cognitive
radio technology(Mitorall & Maguire, 1999; Mitoralll, 1999; Harada, 2005), which has been
proposed as a solution to this problem, aims to optimize the utilization of diverse
wireless resources. Furthermore, AIPN (All-IP Network) (3GPP, 2005) and NGN (Next
Generation Network)(ITU, 2006) investigate the network architecture that accommodates
diverse communication media. Accordingly, we expect that in the near future, wireless access
networks will be composed of diverse wireless medias.

To exploit wireless media diversity in expected access networks, some bandwidth-aggregation
methods in wireless media have recently been proposed. Bandwidth-aggregation combines
diverse communication links in parallel and suitably distributes packets to communication
links. The works(Phatak & Goff, 2002; Snoeren, 1999; Shrama et al., 2007) aggregate wireless
links in IP to improve IP throughput. The work(Chebrou & Rao, 2006) also aggregates
wireless links in IP to decrease IP delay based on wireless media that provide a bandwidth
guarantee. The works(Hsieh et al., 2004; Zhang et al., 2004) aggregate communication links
in a transport layer to improve TCP throughput. Meanwhile, wireless access networks
process traffic of diverse application, and the traffic is classified by the following two types of
application traffic:

¢ Traffic of throughput-oriented application such as FTP and Web on TCP.
¢ Traffic of delay-oriented application such as VoIP and Video Conference on UDP.

Therefore, wireless access networks are required to provide high throughput and low
delay by diverse applications. ~The above works do not consider delay except for
the work(Chebrou & Rao, 2006), and the work(Chebrou & Rao, 2006) does not consider
IEEE802.11 that no bandwidth guarantee is provided. Furthermore, the works(Phatak & Goff,
2002; Snoeren, 1999; Shrama et al., 2007; Chebrou & Rao, 2006) improve IP performance, but
can not provide effective improvement of application performance because they do not
consider out-of-order packets which occur by the packet distribution to multiple links. The
works(Hsieh et al., 2004; Zhang et al., 2004) consider the out-of-order packet, and can improve
the performance of TCP application, but can not improve that of UDP application such as VoIP
and Video Conference.
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268 Recent Advances in Wireless Communications and Networks

802.11a/b 802.16
Transmission Rate  54Mbps/11a, 11Mbps/11b  75Mbps
Coverage 50m/11a, 100m/11b 1000m
Access Control CSMA/CA TDD/FDD
(Decenteralized) (Centeralized)
Bandwidth Guarantee No Yes

Table 1. Performance of wireless systems.

In this chapter, assuming the expected wireless access network to be composed of IEEE802.11,
which is a popular wireless system, and IEEE802.16, which is expected to spread, a IP
packet distribution on the access route, which combines IEEE802.11-link and IEEE802.16-link
in parallel, is proposed to improve the application performance. The proposed packet
distribution increases IP throughput and decreases IP delay. Furthermore, it reduces
out-of-order packets and provides high throughput and low delay to both UDP applications
and TCP applications simultaneously.

Our works(Takizawa et al., 2008; Takizawa, 2008) have proposed the packet distribution
for combining IEEE802.11/16 wireless upload links. =~ We expand the above packet
distribution to reduce out-of-order packets and to apply download traffic, and show
its essential characteristics of packet distribution for composite wireless access route of
IEEE802.11/16-links (call M-route) , then propose a packet distribution method for M-route.
Furthermore, we evaluate the method’s performance by multiple application traffic on both
UDP and TCP in a wireless access network composed of 802.11a, 802.11b and 802.16, which
have the different characteristic from each other (see Table 1).

The configuration of wireless access networks by wireless media diversity is assumed as

follows (see Fig.1).

16-Coverage %HDE Base Station

==

—16-link
—11a-link
—11b-link

11b-Coverage

”
11a/b-antenna
11a-Coverage

|
11a/b-antenna
11a-Coverage

11b-Coverage

Fig. 1. Assumed wireless access network.
* Base station provides an access point function of IEEE802.11a/b-wireless systems and a

base station function of 16-wireless system, and accommodates IEEE802.11a/b-antennas
and an IEEE802.16-antenna by wired connecting. It also provides the function of gateway.
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¢ FEach terminal is equipped with IEEE802.11a/b-interfaces and IEEE802.16-interface, and
can communicate with base station by using each interface.

e JEEE802.11a/b-antennas and terminals are randomly deployed within coverage of
IEEE802.16-antenna.

e The access network is IP network.

2. Characteristics of IEEE802.11 link for packet distribution

In this section, based on Media Access Control (MAC) of IEEE802.11 DCF, the characteristics
of IEEE802.11 wireless link (11-link) for packet distribution is analyzed.

2.1 IEEE802.11 link cost

Based on queuing theory(Gross & Harris, 1985), a link load is shown as the number of packets
in a link, including waiting packets in the queue and the currently processed packet. d; ),
which is cost of link k between a terminal i and a base station, is defined as the link load, and
it is expressed using Little’s theorem(Little, 1961) as follows.

iy = Fiij) T(ij) 1)
where F(; ;) is the packet arrival rate of link k in terminal i and T; ;) is the average delay of
link k in terminal i. Delay is the time from packet arrival at the terminal to completion of
packet transmission, therefore the delay is composed of a waiting delay in queue and an air
time. The air time is composed of MAC delay and transmission delay, which take the MAC
retransmission into consideration.

Based on Eq. (1), T(; ) decreases if d ; ) decreases on constant F{; ;) and on maximum of d; ),
that is, link capacity, F(; ;) can increase if T|; ) decreases. F(; ;) corresponds to a throughput on
condition that no packet loses. Therefore, when d; ;) decreases, a throughput increases and a
delay decreases on a link.

The dependence of the link cost on the packet arrival rate, which corresponds to the number
of distributed packets in unit time to a link, is shown. Based on Eq. (1), the link cost depends
on the average delay. The average delay is composed of the waiting delay in queue and the
packet service time. Therefore, in regard with 11-link, the dependence of the above elements
on the packet arrival rate are shown, and in summarizing them, the dependence of the link
cost on the packet arrival rate is shown.

2.1.1 Dependence of packet service time on packet arrival rate

In (Bianchi, 2000), throughput analysis of IEEE802.11 DCF is shown, and in
(Carvalho & Garcia, 2003), the packet service time analysis of that is shown based on
(Bianchi, 2000). According to these, the dependence of the average packet service time on the
packet arrival rate is shown.

DCF adopts an exponential backoff scheme, and employs a discrete-time backoff timer. The
timer immediately following a Distributed InterFrame Space (DIFS) starts, and a terminal,
which is a terminal or a base station, is allowed to transmit only at the beginning of each
Slot Time. The Slot Time size ¢ is set equal to the time needed at any terminal to detect the
transmission of a packet from any other terminal. At each packet transmission, the backoff
timer is randomly chosen in the range (0, CW — 1). CW is called Contention Window, and
depends on the number of transmissions failed for the packet. At the first transmission
attempt, CW is set equal to CW,,;,, called minimum contention window. After each failed
transmission, CW is doubled, up to a maximum value CWy;qx = 2"CW,,;;, (r is a maximum
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Transmission Waiting Period in range (0, 2°CW,;,-1)
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Fig. 2. Exponential binary backoff in IEEE802.11.

number of retransmissions). Each transmission attempt is referred to as a bakoff stage. The
packet service time is the sum of time for each backoff stage. Each backoff stage is composed of
the transmission waiting period and the transmission attempt period (see Fig.2). The backoff
stage starts in the transmission waiting period, and the backoff timer is initialized to a random
value in the range (0, CW; — 1) at the backoff stage 7 start. CW; is the contention window size
of the backoff stage i. In the period, the backoff timer is decremented only when the channel
is idle, and it is frozen when the channel is busy. The duration of the period is the time until
the backoff timer becomes zero from initial value. The transmission attempt period starts
when the backoff timer reaches zero, and a packet transmission takes place. The duration of
period is the time to transmit a packet. In the model of (Bianchi, 2000) and (Carvalho & Garcia,
2003), a fixed number of terminals is assumed, and the backoff stage is repeated until a packet
transmission success using CW; until stage r and using CW, beyond stage r. The stage r is
called maximum backoff stage. Furthermore, using the probability T that a terminal transmits
in a randomly chosen slot time, the following probabilities in an exponential backoff scheme
are expressed.

pr=1-(1-7)""
(n—17(1—1)"2

Psuc Dir

pi=1—py ()
Ps = Ptr * Psuc

Pc = Ptr(l - Psuc)

g=@1-1)""

where 1 is the number of terminal in the channel coverage, p;, is the probability that there
is at least one transmission in the slot time of the transmission waiting period, psyc is the
probability that a transmission occurring on the channel is successful, p; is the probability that
the slot time is idle in the transmission waiting period, ps is the probability that the channel
is busy due to a packet transmission success in the transmission waiting period, p. is the
probability that the channel is busy due to a collision in the transmission waiting period, and
q is the probability that a packet transmission success in the transmission attempt period. Let
B be the average time which the transmission waiting period takes until a packet transmission
succeeds, and let A be the average time which the transmission attempt period takes until a
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s (KIS Deta

Destination

Others

Others(Hidden)

Fig. 3. RTS/CTS access control sequence in IEEE802.11.

packet transmission succeeds, B and A are derived from a binary exponential backoff scheme
as follows(Carvalho & Garcia, 2003). (Note: In this section, "time" is the duration in slot time
units ¢ of [EEE802.11)

_ tb(ﬁcwmin - 1)

B 2

(3)

ty, = piti + psts + pcte
g =2 (11—t (4)
T2

1_
A==t 1, 5)
q
t=1
ts = RTS+SIFS+6+CTS+ SIFS+46+ H ©)
+ PL+SIFS+ 6+ ACK+DIFS+6

te = RTS + DIFS + 46

where ¢; is the time of idle (i.e., one backoff slot), ts is the average time that the channel is
sensed busy due to a packet transmission success, t. is the average time that the channel is
busy due to a collision in the channel, RTS, CTS and ACK are time that RTS, CTS and ACK
frame is transmitted respectively, SIFS and DIFS are the interval time (see Fig.3), ¢ is the
propagation delay, H is the time that a packet header is transmitted, and PL is the time the
payload is transmitted. According to Eq. (2), ¢ = 1 — py, therefore, t, /g expresses the average
time that the backoff timer is decreased by one, and (yCW,,;,, — 1)/2 expresses the average
of sum of backoff timer in all stage. In Eq.(5), (1 — g)/q expresses the average number of
collision in the transmission attempt priod.

Then, the average packet service time S is argued using the above analysis. S is shown as
follows.

S=B+A (7)

When the number of terminal is constant, the dependence of S on T is shown using the first
and second derivative of S at T as follows.

ds d?s
Eree 0 Frie 0 (8)
Therefore, S is a convex monotonically increasing function of 7. Figure 4(a) illustrates the

dependence of S on T by using Eq.(7) in 11b MAC parameter, transmission rate 11Mbps, a
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number of terminals 10~40, maximum backoff stage 5, and the payload size 1500 bytes, and
it also shows the same characteristics.
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(a) Dependence of S on 7. (b) Dependence of F on T. (c) Dependence of S2on 7.
Fig. 4. Dependence of each element on 7.

In (Bianchi, 2000) and (Carvalho & Garcia, 2003), the transmission queue is assumed to be
always non-empty, thus, the dependence of T on the packet arrival rate F is not considered.
Let F be the number of arrival packets at a link in a slot time, the dependence is argued. The
average number of arrival packets in period S is FS, and the average number of transmission
attempts on a successfully transmitted packet is (1 — g) /g + 1. Then, the average number of
that a packet transmission attempts in period S is FS/q. Therefore, T is shown as follows.

T = FS_ T )
95 4

Figure 4(b), which illustrates the dependence of F on T using Eq. (9) in the same parameter as

Fig.4(a). In Fig.10, when F < 1/S (1/S is the packet service rate), that is, when the load does

not exceed the link capacity, and when the number of terminal is constant, F for 7 is concavely

and monotonically increasing. Therefore, within link capacity, the dependence of F on 7 is

shown using the first and second derivative of F at T as follows.

dt dr2
Furthermore, the first and second derivative of S on F is shown using Eqs.(8), (10) as follows.

<0 (10)

ds dsdr _ds 1

drt
d2s  d2s /dt\? ds 1
dF2 " a2 (dF) V2N (12)

- >
dr (d°F
dt?
Therefore, within link capacity, S is a convex monotonically increasing function of F.
2.1.2 Dependence of waiting delay in queue on packet arrival rate

The dependence of W which is the waiting delay in queue on F is argued. Ng, which is the
number of waiting packets in queue, is F x W using Little’s theorem. W is composed of the
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packet service time for Ng packets and R, which is the sum of the residual service time in each
packet arrival. Consequently, W is shown as follows.

W=Ng:-S+R=F-W-5+R (13)
Each residual service time in a packet arrival is 52 /25 (Bertsetkas & Gallager, 1992), where 52
is the second moment of S. The average number of packet arrivals in S is FS; accordingly, R is
FS?/2. Applying the above relations to Eq. (13), W is given as
Fs2
W=_—"__ 14
(1= FS) (14)
Let V[S] be the variance of S, and it is shown as follows(Carvalho & Garcia, 2003)

ty (CWopiy — 1 21—
V[S] _ b( mzm')’ ) +te qzq )
o 29° — 49 +1 —r(=1+2q)q][2(1 - 9)]" +2¢°
(—1+2g)2
Using Eq. (15), 52 is shown as follows.
S2=5+V(S) (16)

Furthermore, using Eq. (16), the first and second derivatives of 52 at T are shown, respectively,
as follows.

ds? d2s2
> 0 —
dt dt?
Figure 4(c) illustrates the dependence of S2on T using Eq.(16) in the same parameter as
Fig.4(a), and it also shows the same characteristics. Furthermore, applying Eq. (10) to Eq. (17),

>0 (17)

the first and second derivatives of S2 at F are shown, respectively, as follows.

ds? d?s?

il il 1

aF = 0 ez 0 (18)
Using Egs. (14) (18), the first and second derivatives of W at F are shown, respectively, on the

condition of FS < 1, as follows.

dw d?w
FZ0 gm0 (19)
FS < 1, that is, F < 1/S expresses the condition that a link load is with a link capacity.

Therefore, within a link capacity, W is also a convex monotonic increasing function of F.

2.1.3 Dependence of 11-link cost on packet arrival rate

Finally, the dependence of the 11-link cost on the packet arrival is argued. The average delay
T is also a convex monotonic increasing function of F because of T = W + S. Applying the
dependence of T on F to Eq. (1), the first and second derivatives of a 11-link cost 4 at F are as
follows.
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dd d?d

— >0 — >0 20

aF =" A~ @0
Consequently, a 11-link cost d is also a convex monotonic increasing function of F within a
link capacity and in a fixed number of terminals.

2.2 Cost of M-route compositing multiple 11-links for upload traffic

On communications using a M-route which aggregates multiple 11-links from terminal to
a base station , the cost of M-route for upload traffic is the sum of cost of each 11-uplink
composing M-route because the number of packets in a M-route is the sum of the number of
packets in each link composing M-route. Therefore, m; which is the cost of M-route for upload
traffic in terminal i is shown as follows (see Fig.5(a)).

mi= ) diq) (21)
xel;
U; is the set of an uplink which is provided by a 11-wireless interface equipped with terminal i.
Here, in steady packet arrival rate, the packet distribution from an 11-uplink k to an 11-uplink
j in M-route of terminal i, is argued. In this case, the packet distribution to the other 11-uplinks
is constant, thus the dependence of F; ;) on F; ;) is shown as follows.
dF; d?F; ;
() _ _q (l/J)2 —0 22)
dF; ) d(Fi))
Using Egs.(20) and (22), the first and second derivatives of d; ;) at F(; ) are shown as follows.

ddgijy _ ddj dFy _ ddiy o
d*dg; Ay (“%@) L iy 4y

d(Fix)?  d(Fij)? \ dFig dF; jy d(Fi))?

Consequently, d; ;) is a convex monotonically decreasing function of F; ;). According to
Eq.(21), m; is the sum of d(; ), which is a convex monotonically increasing function of F(; ),
and d; ;, which is a convex monotonically decreasing function of F(;;), and the uplink cost
of the others, which are constant for F; ). Therefore, m; is a convex function of F(; ;) (see
Fig.5(b)), and m; has a optimal solution for F(; ).

Because m; is a convex function of F(; ), the optimal solution can be searched by the packet
distribution which aim to descend the gradient in the convex function. When packets are
distributed from a 11-uplink k to 11-uplink j in M-route, the condition of the gradient descent
on M-route cost is shown as follows using Eq.(22).

(23)

>0

. dd; dd; :
dml _ (ik) _ (i) >0 (24)
dFjy  dFr  dE))
Applying Eq.(1) to Eq.(24), and transforming Eq.(24) into difference equation, thus the first
derivative of m; at F(; ;) is shown as follows.

dm; . AT g AT j)
= 1 T i + F i —_— . T ii + F ii ’ >0 25
dF(i k) A£§W<<(k) (K AF 0D AR, >
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i terminal i

m,=d,, +d

Composite Access Route of multiple links \\
: (i.k) (i)

interface a
F;i‘zl) d(. . Y;ia) link a
: ia : ]

Queue

F, F inte) a‘cek T ‘ \
) i - i [ H .
| (6 . {1k) dinkdl ) : Base Station

Base Station

-
[%2]
Qo

O

Queue

imerfa‘cez
; T, ‘
F("Z) d(i.z) 1 Base Station
; G / F
(a) M-route cost for upload traffic. (b) Dependence of M-route cost

on packet distribution.

Fig. 5. M-route for upload traffic.
Furthermore, applying finite difference approximation to Eq.(25), the following is derived.

dm;(n)

~ T(i,k)(” + 1) - T(i/]')(n + 1) >0 (26)

Where, m;(n) is M-route cost of terminal i in packet distribution of 1 time and T(, ,y(n + 1) is
average delay of 11-link y in terminal x in packet distribution of n 41 time.

Consequently, when the packet distribution meets Eq.(26) which means the average delay
of source 11-uplink on packet distribution becomes larger than that of destination 11-uplink
on packet distribution, the M-route cost for upload traffic decreases and approaches the
optimal solution. Such packet distribution is repeated with the decrease in the amount of the
distributing packets (AF(; ;) — 0), and finally the average delay of source 11-uplink becomes
equal to that of destination 11-uplink, the M-route cost for upload traffic reaches its optimal
solution.

Furthermore, the search for the optimal solution of M-route cost has the additional
effectiveness which decreases the arrival of out-of-order packets because of the equalization
of the delay of source 11-link and destination 11-link.

2.3 Cost of M-route compositing multiple 11-Links for download traffic

A base station associates its 11-interface with multiple terminals in its coverage. Thus,
its interface is composed of multiple 11-downlinks according to multiple terminals in its
11-coverage, that is, its topology is point-to-multipoint. In this subsection, the cost of M-route
for download traffic (i.e. in a base station) in steady packet arrival rate is argued.

In queueing theory, a link has a queue of packets to be transmitted, and has an independent
server on other links within the same interface. However, an 11-downlink is different from
a link reserved the resource such as WiMAX (TDD or FDD) link and CDMA link, and
an 11-downlink shares the resource of interface among other downlinks within the same
interface. Conceptually, we can also view an 11-downlink within an interface as follows.

¢ Each 11-downlink has a queue which is independent on the other downlinks.

¢ Each 11-downlink has a common server as an interface among the other downlinks.

That is, in 11-downlink k[i] to terminal 7, which is provide by interface k of base station,
Fps k[i}) which is packet arrival rate of link k[i] in base station, is independent on the others,
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and Ty, k[;) which is average delay of link k[i] in base station, is common among the others.
Therefore, d ;, ;) which is cost of 11-link k[i] in base station, is shown as follows (see Fig. ??).

s k(i) = Fosxli)) = T (vs k(i) (27)

Base Station

interface K

. F, , i
‘ bk linkkja] |, o .
ﬁ%w_' d(bs.k[a]) Link k = i Terminal a

Queue

F. . . = ' |
(bs.kli]) T,. . o
‘ ‘ — (bsik) link kfi]

> Terminal i
Queue :

. F, ki) |
‘ bl g .
sk | ‘ - M—- Terminal z

Queue

(a) Downlink cost associated by 11-interface.

Mg

d

(bs, jli])

0 Fipskiin Fon 0 Fskrin Figi
(b) Dependence of 1y, ;). (c) Dependence of T(bs,k[i]) &

s li)-
Fig. 6. Downlink and M-route for download traffic.

where T(bs,k[i}) is the average delay of 11-interface k providing downlink k[i] in base station.

That is, T(px)) is the average delay based on all the packets which are distributed to
11-interface k.

To argue the dependence of dy, x;)) On Fyg k() the first derivative of d(p, r;)) at Fips k1)) 18
shown. Using Eq.(27), it is shown as follows.

dd : dT ‘
(bs,k[i]) = (bs,k[i])
——= =T N+ Fos ki 55— (28)
dF ey DO AR )
o qece o dTpspgi o e
It is difficult to derive #q:[[z]];, which is the dependence of of Ty k() On Fps (1)), because

T (psx]) is dependent on not only F () but also the packet distribution of the other
downlinks provided by 11-interface k. To simplify this difficulty, the following condition is
assumed.
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Wiesii) (29)
AF s ki)
According to the condition Eq.(29), its is 322’7‘“";% > 0, then d () is a monotonically

increasing function of Fp, x(;))-

In the condition, the packet distribution from a 11-downlink k[i] to a 11-downlink j[i], is
argued. These 11-downlinks are contained in the M-route which aggregates 11-downlinks
to terminal 7, and are respectively provided by different 11-interface (11-interface k and j).
The same as the packet distribution of M-route for upload traffic, the packet distribution to
the other 11-downlinks to terminal i, which is respectively provided by different 11-interface
except for 11-interface k and j, is constant, thus the dependence of F, ;) on Fps [;)) is shown

as follows.

Fesjl) _
dF s k(i)

A Fps (i)
d(Fps k(i)

Therefore, the first derivative of d(yg ;1;)) at F(ps x[;)) in the condition Eq.(29) is shown as follows.

=0 (30)

dbsji) _ _ wsili) _ (1)
AFesifi)  dFws,jll)
Consequently, in the condition Eq.(29), dy j;)) is a monotonically decreasing function of
Fipsxji))- Because Eq.(21) can be applied to M-route for download traffic, m,;) which is
the cost of M-route to terminal i is the sum of d ;g 1)), which is a monotonically increasing
function of Fy, ), and d s i), which is a monotonically decreasing function of Fy, k(i)
and the 11-downlink cost of the others, which is constant for Fy, ;). Therefore, myg; is
a multioptimization function of Fy, x;)), and it has some local minimums for F, x;)) (see
Fig.6(b)).
Here, argue the dependence of m1;,,(;) on Fy, k(7). it is shown as follows using Eq.(30) and (31).

dysii) _ sy A9 ws i) 32)

AFesir)  dFsk s, i)
Furthermore, Eq.(32) is transformed into difference equation, and is applied finite difference
approximation based on Eq.(29), then the condition that the M-route cost for download traffic

decreases is shown as follows.

dmyg(; (n)
AF s k(i)
Where, myq; (n) is the cost of M-route to terminal i from base station in packet distribution of

=~ T(bs,k[i])(n +1)— T(bs,jm)(n +1)>0 (33)

n time and T( bs,y[x]) (1 + 1) is average delay of interface y in packet distribution of 7 + 1 time,
and the interface y provides 11-downlink to terminal x.
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Furthermore, based on Egs. (29) and (30), the dependence of T(ys j1;]) on Fps k(i) is shown as
follows.

dT (s j10)

<0 (34)
AF (ps ki)

That is, T(bs,j[i]) is a monotonically decreasing function of Fy x[;)). Therefore, a cost of each
link in M-route should be considered a monotonically increasing function of the packet arrival
rate, and the cost of M-route is the sum of each link cost, is a multioptimization function of
Fips ki) (see Fig.6(b)). That is, m,;) has some local minimums for F, ;) and the packet
distribution meeting Eq.(33) may not bring ;) to the optimal solution.

On the other hand, T( bs,k[i]) and T( bs,j[i]) 1S Tespectively a monotonically increasing/decreasing
function for Fs (i), and then, in 0 < Fgr) < Fpsfij, the number of solutions which

makes T (s ifi)) equal to Ty, jf)) is 1 in the maximum (see Fig. 6(c)). Consequently, the packet
distribution which meets Egs.(29) and (33) is repeated, and finally it reaches T(bs,k[i])(n +1) —

T bs,j[i})(” +1) = 0, then the M-route cost nyg(;) reaches its optimal solution. Furthermore, the
search for the optimal solution of M-route cost 11,; has the additional effectiveness which
decreases the arrival of out-of-order packets because of the equalization the delay of source
11-link and destination 11-link.

3. Characteristics of IEEE802.16 link for packet distribution

Frame n-1 Frame n Frame n+1

Downlink subframe Uplink subframe

— = = =Y—
- —— Ve

i
17 1

BS Xmits BS Xmits Initial Bandwidth SS #p Xmits| SS #q Xmits
DL-MAP|UL-MAP| data to datato [ ----------- rangin request data grant | data grant
S #i SS# 8ing | reques to BS to BS

A A

»!

Contention period

Fig. 7. IEEE802.16 MAC frame.

The performance of IEEE802.16 is actively analyzed. (Nakaya & Hossain, 2006) investigates
the delay analysis based on queueing theory, but it does not consider MAC of IEEE802.16.
(Cho et al., 2005; Lin et al., 2007; Iyengar et al., 2005; He et al., 2007; Ni et al., 2007) investigate
the performance analysis based on MAC of IEEE802.16. Cho etal. (2005) analyzes the
utilization and throughput and (Lin et al., 2007) analyzes the utilization for BW request based
on polling. These analyses do not investigate the delay. On the other hand, (Iyengar et al.,
2005; He et al., 2007; Ni et al., 2007) analyze the delay, but does not consider waiting time in
queue. In this section, in regard with IEEE802.16 link (16-link), considering the waiting time
in queue and MAC of IEEE802.16, the dependence of average delay on traffic is analyzed in
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accordance with its four QoS classes. Furthermore, based on the analyzed dependence, the
characteristics of 16-link for packet distribution is shown.

Figure.7 shows 16-frame in TDD. The frame consists of DL-subframe and UL-subframe.
Each subframe consists of time slots. Base station (BS) sends DL-MAP and UL-MAP in
DL-subframe, and all terminals listen to the DL-subframe, and know that they should listen
to slots in DL-subframe, and know that they should use slots in UL-frame to transmit data.
In such communications between BS and terminals, IEEE802.16(IEEE std. 802.16-2004, 2004;
IEEE std. 802.16e-2005, 2005) supports four class for QoS, which are UGS, rtPS, nrtPS, BE.
In UGS class, BS assigns fixed-size periodic data grants to both of uplink and downlink in
terminals. In rtPS class and nrtPS class, BS assigns data grants to downlink, and polls to
terminals in accordance with the reserved capacity for uplink in each terminal, and in nrtPS
class, terminals are additionally allowed to use contention requests for uplink bandwidth
(BW). In BE class, terminals are allowed to use contention requests only for both of uplink
and downlink, and BS does not poll to terminals.

On the analysis, the assumptions are as follows.

¢ l6-frame length is constant.

¢ The multiplexing is TDD.

¢ The DL-subframe and DL-subframe length in frame is the ratio of 1:1.

¢ The modulation for each link is unchanged after the communication is arranged
* A time is normalized by slot.

3.1 16-link in UGS

In UGS class, BS assigns fixed-size periodic data grants to both of uplink and downlink
in terminals. = The fixed-sized periodic data grants is slots of which map is in
DL-MAP or UL-MAP. The data arrival process at slot can be approximated to poisson
process(Bertsetkas & Gallager, 1992) (Note. data arrival at link means transmission data
occurrence in link). Based on the above, argue the average time that a packet waits in queue
of downlink, which is Wy; ;16s- Wy.ugs consists of the follows.

* The average residual time R ;755. When a new packet arrives at 16-downlink, a 16-frame
is already being processed. Ry 175G is a remaining average time until the current 16-frame
is processed completely.

* The queued packet average processing time for UGS of downlink, Q4. ugs- Quiucs is a
average time to process the all queued packets in UGS of downlink on a packet arrival.

¢ The average advance time A ; ;sg. In 16-frame, Aj; ;56 is a average time to process the
other packets before a packet in USG of downlink is processed.

Ry1.usc consists of Ryg17gs, which is the average residual time for the packet in USG of
downlink, and R,,,, which is the average residual time for the packet in frame except for
UGS of downlink. Let Cy; ;5 be the reserved slots in frame for UGS of downlink, R, 756 is
Carucs/2- Let Vg ucs and V24 11¢5 be respectively the first and second moment of process

time for a packet in frame except for UGS of downlink, R, is Wdl.uc s/2V y1ucs- Let L be
the number of slots in 16-frame, then R; ;g5 is derived as follows.

Carusc CaLusc o
Ryusc = Rysucs + (1 — L )Rother
_ Cc%l.UGS + (L C ) Wdl.UGS (35)
T P Calucs) o
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Argue Qgrugs. Based on Little’s theorem(Gross & Harris, 1985), the number of queued
packets in UGS of downlink, which is Ny 1755, is derived as follows.

Ngiucs = Farucs - Warucs (36)

Where Fj; ;s is a packet arrival rate at UGS of downlink, which is average number of arrival
packets within a slot in UGS of downlink, Wy; 1765 is the average time that a packet waits in
queue in UGS of downlink. Let m be a data grants period which is expressed by the number
of frames, and Q; ;s is derived as follows.

Qarucs = Farucs - Warugs - m - Lf (37)
Ag1.usc is equal to the residual time of DL-subframe, and is derived as follows.

l/zds.UGS (38)
2V gs.ucsLar

CZ
Agrucs = ';_ZTU;S + (Lar — Carucs)

Ly is the number of slots in DL-subframe, V4, ;;c5 and st.ucs are respectively the first
and second moment of process time of a packet in DL-subframe except for UGS. Accordingly,
Wy1.ugs is expressed as follows.

Waiucs = Rarusc + Farucs - Warugs - m - Lr + Aarucs
Ryiucs + Adiucs (39)
1 —mFy ycsLr

Waiugs =

Based on Eq.(39), the average delay in UGS of downlink, which is Ty ;5s, is derived as
follows.

Tarucs = Warucs + Carucs (40)

Assuming the modulation for each link to be unchanged, C4;. 165, Varucs V2arucs, Vds.ucs
and V2, ;s are constant even if Fj ;g5 changes, and they are independent on Fy; ;;s. That
is, Ry 1ugs and Ay ygs are independent on Fjj ;5. Therefore, using Eq. (40), the first and
second derivative of Ty 1;Gs at Fy. 1765 are derived respectively as follows.

dTy.ucs d? Ty 16s
: ALUGS

Consequently, T;;.1;G5 is a convex monotonically increasing function of Fy; 1;gs.

Argue W, 1gs, which is the average time that a packet waits in queue of uplink. Similar to
Waruags Wurugs consists of R,; 1165, which is the average residual time for frame on a packet
arrival at USG of uplink, Q,; 7G5, which is the queued packet processing time for UGS of
uplink, and A, ;g5 which is the average advance time for UGS of uplink. R, ;g5 is common
to Ry ugs, and Quruas is FurucsWur.ucsmLe based on Little’s theorem. A, ;g is the sum
of L and the residual time for UL-subframe because UL-subframe is arranged to following
DL-subframe. Let T,; ;65 and C,,; 15 be respectively the average delay in USG of uplink and
the number of reserved slots for UGS of uplink, W,; ;s and T, ;g5 are respectively dervied
as follows

W _ Ryrucs + Aurucs
UGS T T —mEy yesLr (42)

Tuiucs = Wurucs + Curucs
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Similar to downlink, R,; ;65 and A, ;g are independent on F,; ;;Gs. Accordingly, T, 1G5 is
a convex monotonically increasing function of F,;; ;5s.

3.2 16-downlink in rtPS and nrtPS

In rtPS, BS periodically assigns data grants to downlink of terminals based on the reserved
capacity for the link. Similar to UGS, delay of 16-downlink in rtPS, which is Ty; ,4pg, is derived
as follows.

X241 14p5 < V2,4111p5
R — = alrifs + (L — X 1 11airilo,
dlrtPS 2Ly (LF dl'rtPS)2V¢rtpsLP
X2 41.4tPs 5% V24s.rtps
Agirtps = 72; + (Lat — Xa1.rtps) ==
dl 2V g5 rtpsLar 13
Rarrtps + Adrreps (43)

W pr—
dl.rtPS 1—mFy 4psLr

Ta1.rtps = Warrtprs + Xairtps
Xarrtps + Varrps = Lr
Xarrtps + Viasreps = Lai

X1.rtps and X2 ipg are respectively the first and second moment of the number of granted

slots, which is a process time of a packet, for rtPS of downlink, V j ,4ps and V24 ;ps be
respectively the first and second moment of process time of a packet in frame except for rtPS of
downlink, V4 4ps and V2, ,,pg be respectively the first and second moment of process time
of a packet in DL-subframe except for rtPS, F;; ,;pg is a rtPS packet arrival rate at 16-downlink,
and Wy; ,4ps is the average time that a packet waits in queue in rtPS of downlink,

Argue the dependence of X,;ps and X2 ,;ps on Fy ,¢ps. Assuming the modulation for each
link to be unchanged, X,;ps increases in the linear for the increase in Fy; ,¢ps. Therefore, the

dependence of X,;ps and X2 ,;ps on Fy ,;ps are respectively expressed as follows.

dXu1rips S Xanps _
dFy rips dF ,ips (44)
dXanes o EX2anes _ g
dLrtps _
dFyy.rtps dE3 rips

Based on Eq. (43) and (44), the dependence of T ,;ps on Fy; ,;ps is derived as follows.

dTy ,ps d?Ty; ,4ps >0 (45)
dFar.rtps dF3 ,1ps

The difference of nrtPS form rtPS is the length of data grant periods, and the data grants
period in nrtPS is longer than that in rtPS. Then the depenadence of delay Ty; ,,,ps on Fy; r¢ps,
which is nrtPS packet arrival rate at uplink, is the same as that in rtPS. Consequently, T ,+ps
and T ,,+ps are a convex monotonically increasing function of the each packet arrival rate.

3.3 16-uplink in rtPS

In rtPS, BS periodically polls to terminals in accordance with the reserved capacity for uplink,
and terminals reply by sending BW requests with allocated space (i.e., contention free). In
next frame, BS assigns data grants which is mapped by UL-MAP to terminals, and terminals
use data grant to transmit data. The difference of rtPS of uplink from that of downlink is that
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two frames is necessary to transmit a packet. Let R, ,tps, Ay1reps, m, and Fp,4ps, Xy1.tps be
respectively the average residual time for rtPS packet of uplink, the average advance time for
rtPS packet of uplink, the polling period in rtPS, the packet arrival rate at rtPS of uplink, and
the average process time for packet in rtPS of uplink, W, ,;ps, which is the queued packet
processing time for UGS of uplink, and T, ,;ps, which is the average delay in rtPS of uplink,
are respectively expressed as follows.

W L Rul.rtPS + Aul.rtPS

Turrtps = Warreps + Xuireps
R, +tps is common to Ry ,¢ps, and A, ,pg is the sum of A, ,ps and Ly because the rtPS of
uplink is necessary to additional a frame to poll to terminal and to request BW to BS with
contention free. Therefore, Ry ,;ps and Ay ,¢ps are independence on F,; ,;pg, and then T, ,;ps
is a convex monotonically increasing function of F,; ,;pg the same as rtPS of downlink.

3.4 16-uplink in nrtPS and 16-link in BE

In 16-uplink of nrtPS and 16-link of BE, also the arrival packets are enqueued and wait to
be processed with FCFS. Let the waiting time be W, (argue later in detail). The packet is
dequeued with FCFS, and then, is processed. The packet processing in nrtPS is based on
the polling from BS the same as uplink of rtPS. Furthermore, uplink of nrtPS is additionally
allowed to use contention BW request. In BE, the link is allowed to use contention BW request
only. In such contention mode, terminals send BW request during the contention period
in UL-subframe. Depending on the number of contention BW request, the collision of BW
request occurs. In contention BW request, each terminal resolves and avoids the collision as
follows.

e Each terminal waits the random number of slots before sending BW request in the
contention period. The number of waiting slots, which is back-off counter, is generated
based on exponential binary backoff mechanism.

* The backoff counter is decreased during the contention period.
¢ When the counter is zero, terminal sends BW request in the contention period.
* The terminal sending BW request waits data grants in DL /UL-map from BS.

¢ When the terminal does not receive data grants from BS in duration of the timer,
terminal increases the contention window size, and generates the backoff counter based
on exponential binary backoff mechanism, and then waits the opportunity sending BW
request when the counter is zero. That is the retransmission process.

The contention BW request is analyzed based on the following model.

¢ The packet processing time consists of BW request opportunity waiting period, BW request
attempt period, and packet transmission period.

e A BW request opportunity waiting period is the number of slots to be spent until the
back-off counter becomes zero.

* A BW request attempt period is the number of slots to be spent by BW request
transmission. In BW request attempt period, BW request transmission succeeds or collides.
The collision causes the timeout in receipt of data grant, and spends the number of slots
corresponding to the timeout. The success spends the number of slots to be spent from BW
request accepted by BS to complete transmission of a packet in terminal.
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¢ Ineach terminal, Let 7, be the BW request attempt rate (req/slot) in the contention period
of UL-subframe, and then the probability g;,, that BW request is transmitted successfully
is (1 — Ty,)" !, where 7 is the number of terminals transmitting BW request .

¢ In each terminal, the packet arrival process (i.e., upload traffic) and packet request process
(i.e., download traffic) is poisson process(Bertsetkas & Gallager, 1992). Let Fy,,, be an packet
arrival /request rate (packets/slot), which need the contention BW request.

* The contention period ratio, which is the ratio of the number of slots in the contention
period in a frame, is constant. Let U, be the contention period ratio.

* The process of the BW request that BS receives is assumed to FCFS, and the allocating data
grants rate (slot/packet) in DL-subframe or UL-subframe for BW request in BS is 5;,, and
is constant.

The contention BW request process is the same as the model described in 2.1.1 except for ¢,
in Eq.(4), ts and t. in Eq.(6). t; is 1 because the contention BW request process decrements
the backoff counter without carrier sensing. t. is the number of slots to be spent by timeout
of data grant receipt from BS, and is a constant. fs is the number of slots to be spent from
the success transmitting of BW request to the complete transmission of packet, and then it
depends on Fy,. ts is divided into tss, which is the air time of BW request from terminal to BS,
and ty,, which is the time from the receipt of BW request in BS to the complete transmission
of packet in terminal, and £ is a constant.

Here, argue the dependence of t;; on F,,. In S, which is the average time from first
transmission attempt of contention BW request to successful transmission of that, the average
number of arrival/request packets for contention BW request is F,,,Sy,, and, in Sy, the
average number of BW request transmission attempts is (1 — qpy)/qpw + 1. Therefore, Ty,
is expressed as follows.

wasbw o wa (47)

T = =
bw uCSwabw uCwa

And, based on Egs.(3), (4) and (5), Sy, is shown as follows.

Siro = Dy + Ao
By = 55— (48)
Abw — %tc + tss

Furthermore, let Fy;, ;s be the arrival rate of BW request at BS, Fy,;, 1 is shown as follows.

Fbw_bs = qbwanw (49)

Based on Eqs.(47), (48) and (49), on condition of F,,, < 1/Sy,, the dependence of Fy;,, Fyy ps
and Sy, on Ty, is respectively shown as follows.

dew dFyy ps dsbw
—ow.bs ——hw 50
dwa >0 dwa >0 dwa >0 ( )
Figure 8(a) and 8(b) respectively illustrates the dependence of Fy;, and Fy, ;s on Ty, by using
Egs. (47), (49), and each also shows the same characteristics. Therefore, on condition of F,,, <
1/Spy, the dependence of Fyy, s and Sy, on Fy, is respectively shown, by using Eq.(50), as
follows.
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dF, bw_bs > ds bw_bs

dFyy “dFy, >0 (51)

2x10° 5x10°

.5x10°°

sx107 L] "

Packet Arrival Rate at SS
(packe;c/slot)
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BW Request Arrival Rate at BS
(req/sl

0
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BW Request Attempt Rate (req/slot) BW Request Attemp Rate (req/slot)

(a) Dependence of F;,, on Tp,.  (b) Dependence of Fyy, s on Ty,.

Fig. 8. Dependence of each element on T,

Argue Wy, s which is the waiting time in queue of BS for data grant. The process of the
received BW requests in BS is assumed to be FCFS, and conceptually it can be view as
queueing system of which the packet arrival rate is Fjs 5 and the packet service rate is Sg,.
Therefore, Wy, s is shown, based on Eq.(14), as follows

Fbw_bssfgg
2(1 - Fbw_bssdg)

Saq is constant for Fy,, p5, and then, on condition of Fyy, ps < 1/54,, the dependence of Wy, s
on Fyy, 45 is shown as follows.

wa_bs = (52)

dwbw_bs
dF, bw_bs

tps is the sum of Wiy, s and Sjq, and then, based on Egs.(51) and (56), the dependence of

on Fyy, on condition of Fy, < 1/Spy, and Fyy ps < 1/S54g, that is, within the link capacity, is
shown as follows.

>0 (53)

dtpg
dFyy,
Argue Wy, which is the packet waiting time in queue of terminal. According to the

exponential binary backoff model described in 2.1.1, and applying t, = 1 and the constance
of t. for Ty, to Eq.(15), Wy, is derived as follows.

>0 (54)

FyyS3
Wiy = s b
bw 2<1 - Fbwsbw) (55)

According to Egs.(16), (50), on condition of Fy,, < 1/Sy,, that is, within link capacity, the
dependence of Wy, on Fy, is derived as follows.

dWy,,
dFyy,

>0 (56)
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Finally, Ty, which is the average delay for contention BW request, is the sum of Wy, Sy, tss
and tp,, the dependence of Ty, on F,, is derived, based on Egs.(51), (54) and (56), as follows.

dTy,,  d
dF,,  dFEy
Therefore, Tj,, is monotonically increasing function of F,,.

(Wi + Spop + tss + tps) > 0 (57)

3.5 Packet distribution for 16-link

The average delay on 16-link, except uplink in nrtPS and link in BE, is a convex monotonically
increasing function of packet arrival rate, therefore, its characteristics on packet distribution
corresponds to that of 11-downlink. On the other hand, 16-uplink in nrtPS and 16-link in BE
are a monotonically increasing function of packet arrival rate, therefore, their characteristics
on packet distribution corresponds to that of 11-uplink.

4. IP packet distribution for M-route compositing IEEE802.11/16 links

Based on the analyzed characteristics of 11/16-link for packet distribution, the characteristics
of the access route compositing multiple 11-links or 16-links is the same. Therefore,
the characteristics of M-route compositing 11links and 16-links for the packet distribution
corresponds to that of the access route compositing multiple 11-links or 16-links.

According to the above, IP packet distribution method for the M-route compositing 11-links
and 16-links be described.

The characteristics of M-route compositing 11/16-link for the packet distribution corresponds
to that of the access route compositing multiple 11-links or 16-links because that of 11-link and
16-link are the same.

4.1 Restriction condition

According to Egs.(26) and (33), the optimal solution of the M-route cost can be searched by
the repeating packet distribution that the average delay of distribution source link becomes
larger than that of distribution destination link, and that the average delay of both source link
and destination link become equal finally. Additionally, the packet distribution for download
traffic needs to meet the condition Eq.(29) when the source link on the packet distribution is
an 11-link.

Here, argue the condition Eq.(29). Transforming Eq.(29) into finite difference approximation,
it is shown as follows.

T o) ., AT s ki)
dFws i) AFws ki)

Because 11-link k[i] is a source link on packet distribution, AFps ki) < 0. Therefore, to meet

>0 (58)

Eq.(58), AT(bs,k[z’]) < 0. In other words, it is that the average delay of source 11-interface on
packet distribution decreases. The increase in average delay of source 11-interface k does not
meet the condition and it occurs in the following unsteady state.

* The packet arrival rate at other links provided by 11-interface k increases.

* The number of links provided by 11-interface k increases.

The first item in the above list means the increase in contention with other terminals, thus
it also causes the increase in average delay of source link when source link is 11-uplink or
16-uplink in nrtPS or 16-link in BE. The second item means the increase in a number of
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terminals, thus it causes the increase in average delay of source link because of the same reason
as the first item. Then it also occurs when source link on packet distribution is 11-uplink or
16-uplink in nrtPS or 16-link in BE. In above cases, M-route cost also loses the monotonically
increasing characteristics for packet arrival rate. Therefore, in consideration of the unsteady
state that traffic fluctuates, the restriction condition which is the decrease in the average delay
of source link on packet distribution is a necessary condition to bring the M-route cost to the
optimal solution.

4.2 Search for optimal solution of M-route cost with packet distribution
Argue the search for optimal solution of M-route cost with Packet Distribution in unsteady
state by the following packet distribution.

* My,)isaM-route from x to y. On x and y, one is a base station and the other is a terminal.
¢ Packets transmitted to y at x are distributed.

¢ K denotes a source interface on the packet distribution. | denotes a destination interface
on the packet distribution.

e Kis either an 11-interface or 16-interface and ] is also either an 11-interface or 16-interface.
* (x,Z[y]) denotes a certain link to y in x, which link is provided by a certain interface Z.

* F(y 7|y denotes a packet arrival rate at (x, Z[y])

* T*(p(yz[y))) denotes interface average delay T(P(x,Z[y})) if Z is 11-interface, and denotes
link average delay T(p(,, z[,))) if Z is 16-interface.

Based on subsection 4.1, the search for optimal solution of M-route cost in unsteady state is
the search for the packet distribution meeting the following conditions.

Tl () = Th iy () > 0 AT () < 0 (59)
where ATE"x, K[y])(n) denotes the difference between T(*x, K[y])(n) and T;

xl
to Eq. (59), the proposed packet distribution method implements t}Ee search for the optimal
solution in IP layer using the measured average delay in MAC layer as the following iteration.
Stepl: In the initial period, packets are distributed equally to each link in M-route with a
round robin manner.

Step2: At end of the initial period, T(*xlz[y])(O) of each link in M-route is derived,

K[y])(n —1). According

and (x, Max[y])(0) which has maximum average delay in the initial (0-th) period, and
(x, Min[y])(0) which has minimum average delay in the initial (0-th) period, is respectively
selected in M(,,). On the packet distribution, (x, Max[y])(0) and (x, Min[y])(0) is
respectively assigned to the source link (x,K[y])(1) in the next (1-th) period and the
destination link (x,J[y])(1) in that period. AF gf,)(1), which is the amount of packet
distribution from (x, K[y])(1) to (x,J[y])(1) in the next (1-th) period, is derived as follows.
where r(, ) denotes the packet distribution rate of M, ), and r0 denotes the initial packet
distribution rate.

AF (ki) (1) = 7 (1) - Fra ki) (0)
r(x,y)(l) = 1’0
Step3: According to AF(, k() (1), the packet distribution in the 1-th period is carried out.

(60)
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Step4: At end of n-th period (n > 1), TE"X Z[y])(n) of each link in M, ) is derived. The delay

of each packet is a period when the packet arrives at IP layer, and is enqueued in queue of an
interface, and is dequeued by an interface, and is sent and interface receives its ACK based
on the media access control. Therefore, it can be measured within packet distributing side x.

Based on the relation of T(*x, KM)(n) and T(*x, 1)) (n), AF(x kpy)(n + 1) is derived as follows.

e In T(*x’K[y])(n) > T(*x,][y])<n) and in AT(*x,K[y])(n) < 0, Eq.(59) is met. Therefore,

AF(, k[y))(n + 1) is allocated the same as AF(, k[,y(), and it is shown as follows.

AF (e kpy)) (n 4 1) = 7y (n+1) - AF( k) () 61)
Fag) (M + 1) = 7 () ()

e In T(*x,K[y])(n) < T(*x, ][y])(n) and in AT(*x,K[y})(”) < 0, M, ) cost goes beyond the optimal

solution and ascents the gradient. Because it is caused by the excessive packet distribution
from source link to destination link, AF(, k(,1)(1 + 1) is allocated smaller than AF, k(,1)(1)
as follows. where « is the decrement rate (0 < a < 1).

AF(x ky)) (1 +1) = 1y (n 1) - AF gy (1)
Flay)(m+1) =a-r,)(n)

e In AT(*X K[y])(n) > 0, the traffic among the source link increases as shown in subsection

(62)

4.1. Because AF(, g[,)(1) is underestimated, and because the monotonically increasing
characteristics of the source link cost for the packet distribution is regained, AF, K[y])(” +
1) is allocated larger than AF(, k{,))(n) as follows. where f is the increment rate (8 > 1).

AF (e ky)) (1 1) = 1) (n 1) - AF gy (1)
r(x,y)(n +1)=8- r(x,y)(n)

Step5:  (x, Max[y])(n) and (x, Min[y])(n) are respectively selected in M), and are
respectively assigned to (x,K[y])(n + 1) and (x, J[y])(n + 1). According to (x,K[y])(n+1),
(x,Jly])(n +1), and AF; gpy(n + 1), the (n + 1)-th packet distribution is carried out, then
return to Step4.

In each M-route of both a base station and terminals, the above iteration gradually updates
the amount of packet distribution, and brings M-route cost to the optimal solution, reducing
the out-of-order packets occurred by distributing packets to multiple links.

(63)

5. Performance evaluation

In this section, the simulation evaluation of the packet distribution method for M-route
compositing 11/16-links is shown.

5.1 Simulation scenario
For the simulation evaluation, OPNET 12.0A PL3 was used, and the network configuration
was as follows (see Fig.9):

* Base station is equipped with an 16-interface and 4x11a/b-interfaces. 16-interface and
11a/b-interface respectively connects to 16-antenna and 11/ab-antenna.

* The number of terminals is 100, and each terminal is equipped with 16-interface and
11a/b-interface.
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Fig. 9. Example of access network topology.

An antenna-A which equips with 16- and 11a/b-antena, three antenna-B which equip with
11a/b-antena, and 100 terminals without mobility are randomly deployed in 560m x 560m
space with a 1/10 scale of 16-coverage with 1000m radius.

A FTP server and a Video Conference (VC) server, which are outside the wireless access
network, are connected to the base station by a wired network.

In the above access network, M-route between each terminal and a base station combines
available links as follows.

The M-route between a base station and a terminal in 1la-coverage (area-A) combines
11a/b-link and 16-link.

The M-route between a base station and a terminal in 1lb-coverage and outside
11a-coverage (area-B)combines 11b-link and 16-link.

The M-route between a base station and a terminal outside 11b-coverage (area-C) uses only
16-link.

The performance of 11a/b-wireless system and 16-wireless system shown in Table 1 is applied,
and each the capacity reservation of 16-link is shown in Table2. Assuming the evaluation
environment to be a suburban area in line of sight, the 11a/b-radio propagation model is
a two-ray model and Ricean fading with Ricean factor 6dB(Takada, 2004), and the 16 radio
propagation model is a Erceg (TerrainA).

According to (3GPP2, 2006), the VC traffic on UDP is generated at each terminal as follows:

The average video rate in the incoming and the outgoing is 32 Kbps.
The distribution in video rate is a truncated pareto distribution with maximum 8Kbits

The frame rate in the incoming and outgoing is 10fps. A frame corresponds to a data
packet in VC.

As the sequence control of frame, VC waits for the frame with expected sequence number
for a period of 100 msec that is equal to frame interval. The frame that arrived on excess of
the period is destroyed.
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¢ In 16-link, VC is mapped to rtPS for QoS class.
Furthermore, FTP traffic on TCP is also generated at each terminal as follows:

* In 10 sec period, FTP session which transfers a file of the size of 1IK~400Kbytes starts.
* 50% of the FTP sessions are download session.

¢ Each FTP session is established between each terminal and a FTP server.

¢ In 16-link, FTP is mapped to nrtPS for QoS class.

The evaluation items are as followings.

o IP average delay (sec/packet), is the average delay between terminal and servers in an IP
packet.

e [P throughput (bps), is the average arrival amount of IP packets at terminals and servers
during a unit time.

¢ FTP response time (sec/file), is the average delay to transfer a file in end-to-end between a
terminal and an FIP server.

e FTP throughput (bytes/sec), is the average amount of arrival data packets at terminals and
an FTP server during a unit time.

¢ VC average delay (sec/frame), is the average delay of end-to-end between terminal and a
VC server in a data frame.

¢ VC throughput (bytes/sec), is the average arrival amount of data frames at terminals and
a VC server during a unit time.

The end-to-end delay is composed of the delay in wireless access network and that in wired
communication between the base station and server. The delay in wired communication is
common without depending on any packet distribution in wireless access network because
the wired communication is out of scope of wireless access network. Therefore, the delay in
wired communication can be assumed to be constant to any packet distribution in wireless
access network, and the delay in wireless access network depends on packet distribution in
wireless access network. In viewpoint of packet distribution, the trend of the end-to-end
delay corresponds with that of the delay in wireless access network. Thus the delay in
wired communication can be logically ignored. Furthermore, assuming the access speed of
a future core network to be Gigabits order(Konishi et al., 2008), the delay in WiFi corresponds
to 10> ~ 103 order of that in wired core network because the bandwidth of WiFi is Mbps.
Then, the delay between the base station and server is left out of consideration because it is
independent on the performance of the wireless access network. Furthermore, to demonstrate
the effectiveness of the proposed method, it is compared with the following methods.

¢ Single link (SL) uses a link. The terminals in area-A use 1la-link, the terminals in area-B
use 11b-link, and the other terminals use 16-link.

* Round robin (RR) uses available links and distributes packets equally to each link.

¢ Actual transmission rate (TR) uses available links and distributes packets to each link in
proportion to the measured transmission rate at each link in every 10 sec.

In the search for minimal solution, ¥0 is 0.1, « is 0.5, B is 1.5, and the update period of packet
distribution is 10 sec.

Furthermore, the link combination in IP is transparent to the upper layer. Therefore, the upper
layer is provided with the M-route as a single link view.
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QoS Class rtPS nrtPS
Maximum Sustained Transmission Rate 384Kbps 384Kbps
Minimum Reserved Transmission Rate 80Kbps 1Kbps

Table 2. Capacity reservation for 16-link.
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Fig. 11. Distributed traffic load to each wireless system on FTP file size 1K bytes.

FTP file size 1 Kbytes session interval 10 sec 0.22
VC video rate 32 Kbps frame rate 10 fps

FTP file size 1 Kbytes session interval 10 sec 1.55x10"
VC yideo rate 32 Kbps frame rate 10 fps

1.5x10"

FTP Response Time (sec/file)
o
>

FTP Throughput (bytes/sec)

TCP Retransmissions (number/5sec)

5
—e— Proposal 0.14 .45x10*
{ —+—RR —e— Proposal
4 ——3SL — EE FTP file size 1 Kbytes session interval 10 sec
—— —_ ]
TR 0.12 R VC video rate 32 Kbps frame rate 10 fps
3 0.1 1.4x10"
300 400 500 600 700 800 900 1000 300 400 500 600 700 800 900 1000 300 400 500 600 700 800 900 1000
Simulation Time (sec) Simulation Time (sec) Simulation Time (sec)
(a) TCP retransmissions. (b) FTP response time. (c) FTP throughput.

Fig. 12. Transition of TCP and FTP on FTP file size 1K bytes.

5.2 Transition of delay and throughput in low traffic load

Figures 10(a) and 10(b) show, respectively, the transition of IP average delay and IP
throughput, when file size in FTP is 1K bytes. As the packet distribution proceeds, the IP
average delay of the proposal decreases rapidly, and becomes much lower than that of the
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Fig. 13. Transition of VC on FTP file size 1K bytes.

others. Figures 11(a), 11(b) and 11(c) show, respectively, the transition of distributed load to
11a-wireless system (11a-load), that to 11b-wireless system (11b-load) and that to 16-wireless
system (16-load), when file size in FTP is 1K bytes. The decrease in IP average delay of the
proposal corresponds to the increase in 11a-load of the proposal (see Fig. 10(a) and Fig. 11(a)).
In area-A, 11a accommodates a few terminals because of its narrow coverage, and the proposal
distributes almost packets to 11a-link the same as SL, and saves the capacity of 11b and 16 for
many terminals outside area-A. RR and TR in the area distributes packets to other link as
well, thus RR and TR can not use 11a capacity effectively to save the capacity of 11b and 16.
Consequently, RR and TR bring the large load to 16 (see Fig.11(c)), which of links have low
transmission rate (see Tab. 2), and it causes the inferior IP average delay of RR and TR to that
of the proposal. In area-B, SL distributes all packets to 11b-link (see Fig.11(b)), and then the
packet collision in 11b occurs frequently. Thus, it causes the inferior IP average delay of SL to
that of the proposal. In comparison with SL, the packet distribution of the proposal and TR
improve IP performance, but that of RR lowers IP performance.

The IP out-of-order packets of the proposal decreases the same as the decrease in its IP average
delay, consequently, its out-of-order packets becomes much lower than that of RR and TR (see
Fig.10(c)). Therefore, its packet distribution effects the decrease in IP average delay and the
decrease in out-of-order packets. Figures 12(a) shows the number of TCP retransmissions for
a period of 5 sec. The TCP retransmissions of the proposal is nearly equal to that of SL and
RR, and that of TR is larger than that of the others. The cause of TCP retransmission in SL
is packet loss. In area-B, SL distributes all packets to 11b, thus the packet collision occurs
frequently in 11b and then it causes the TCP retransmission. The cause of TCP retransmission
in the proposal, RR and TR is out-of-oder packets. The number of TCP transmissions in RR is
lower than that of TR. RR loads larger mount of packets with 16 than the others (see Fig. 11(c)).
Because the 16-link has the low transmission rate, the IP average delay of RR is inferior to that
of the others (Fig.10(a)). Then TCP congestion window size of RR is smaller than that of TR
and the proposal, and the amount of distributed packets to multiple links for a period is fewer
than that of TR and the proposal, thus the probability of occurrence of out-of-order packets
is lower. Consequently, the TCP retransmissions of RR is lower than that of TR. That of the
proposal is also lower than that of TR, then the delay equalization between multiple links
in the proposal effects the decrease in the occurrence of out-of-order packets, and effects the
decrease in TCP retransmissions.

Figures 12(b) and 12(c) show, respectively, the transition of FTP response time and FIP
throughput. The FIP response time of SL and the proposal are superior to that of RR and
TR. The IP average delay of TR is superior to that of SL, however, the FTP response time of TR
is inferior to that of SL. The inversion is caused by the large number of TCP retransmissions in
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TR, and the packet distribution of TR lowers the FTP performance. The cause of the inferior
FTP response time of RR to that of SL is not the TCP retransmissions, but is the small amount of
TCP flow based on TCP congestion window size, then the packet distribution in RR distributes
the large number of packets to 16-link, which is narrow bandwidth, and originally lowers IP
performance. The number of TCP retransmissions and the FTP response time of the proposal
is the same as those of SL. As the above mentioned, the cause of TCP retransmission in SL is
the packet loss in 11b-link, but the cause of that in the proposal is the out-of-order packet, that
is, the proposal offsets the improvement of IP performance against the out-of-order packets,
and does not improve the FTP performance, but does not lower it.

Figures 13(a) and 13(b) show, respectively, the transition of VC average delay and VC
throughput. The VC average delay of SL is equal to the IP average delay because a VC
frame corresponds to a IP packet and because out-of-order packet does not occur. In the
proposal, RR, and TR, the VC average delay is larger than that of IP because the sequence
control in VC waits for frame with the expected sequence on the occurrence of out-of-order
packet. Therefore, VC average delay of TR is higher than that of SL though IP average delay of
TR is lower than that of SL, i.e., the packet distribution of TR lowers the VC performance. On
the other hand, that of the proposal is lower than that of SL, therefore, the effect of the packet
distribution in the proposal overcomes the ill of it, and can improve the VC performance. That
of RR is higher than that of the others because RR originally lowers IP performance.

5.3 Transition of delay and throughput in high traffic load
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Fig. 16. Transition of TCP and FTP on FTP file size 350K bytes.
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Figures 14(a) and 14(b) show, respectively, the transition of IP average delay and IP
throughput, when file size in FTP is 350K bytes, furthermore, Fig. 15(a), 15(b) and 15(c) show,
respectively, the transition of 11a load, 11b load and 16 load, when file size in FTP is 350K
bytes. The IP average delay of the proposal is low, and is stable. On the other hand, that of
the others increase as linear, and become much higher than that of the proposal. Furthermore,
their IP throughput are lower than that of the proposal. In area-A, the packet distribute to
11a-link brings low delay to IP because of wide bandwidth and few accommodated terminals
in 11a, as mentioned in 5.2. In area-B, the packet collision and loss in 11b further increase
because of the increase in traffic, and the large number of retransmissions in MAC brings the
increase in delay to IP. Furthermore, the packet loss in 11b brings the decrease in throughput
to IP. Each 16-link has the narrow bandwidth, but does not cause the collision because of
TDD. i.e., The delay of 16-link is lower than that of 11b-link because of no retransmission
process in MAC, which of delay in 11b exponentially increases based on a binary back-off
mechanism. Therefore, the large number of packet distribute to 11b brings the increase in
delay and the decrease in throughput to IP. Consequently, IP average delay of the proposal,
which distributes the smaller number of packets to 11b than the others (see Fig.15(b)), is
lowest, and its IP throughput is highest.

Figures 14(c) and 16(a) show, respectively, the transition of IP out-of-order packets and TCP
retransmissions, when file size in FTP is 350K bytes. The IP out-of-order packets of the
proposal decreases rapidly as the packet distribute proceeds the same as the case that FTP
file size is 1K bytes, i.e., the delay equalization between the multiple links in the proposal
effects the decrease in IP out-of-order packets. That of RR also decreases, but the decrease in
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the amount of TCP flow based on TCP congestion window size, which becomes small rapidly
by the increase in IP delay of RR, brings it. TCP retransmission is caused by the IP packet
loss and IP out-of-order packets. The TCP retransmissions in SL is caused only by IP packet
loss, and IP packet loss is caused by the large number of distributed packets to 11b. That of
RR, TR and the proposal is caused by IP packet loss and IP out-of-order packets. That of RR
is caused largely by IP packet loss, because RR distributes the large number of packets to 11b
and IP out-of-order packets decreases by the decrease in TCP flow. Therefore, the trend of
TCP retransmissions of RR is similar to that of SL. TR also distributes the large number of
packets to 11b, but distributes the larger number of packets than RR to 11a and 16, which of
packet loss probability is much lower than 11b, i.e., the TCP retransmissions in TR is caused
mainly by out-of-order packets and it reduces the upward trend of TCP retransmissions in
comparison with SL and TR. On the other hand, the TCP retransmissions of the proposal is
low stable in comparison with the others. The proposal distributes the much smaller number
of IP packets than the others to 11b and reduces IP packet loss, furthermore, it equalizes the
delay of each link in M-route, thus reduces also IP out-of-order packets. That brings the low
and stable retransmissions to TCP.

Figures 16(b) and 16(c) show, respectively, the transition of FTP response time and FIP
throughput, when file size in FTP is 350K bytes. The FTP response time of RR and TR increase
as linear. In RR and TR, FIP session can not complete in a period of 10 sec, which is FTP
session start interval, because the amount of TCP flow is restrained low by the large number
of retransmissions. The active FTP session accumulates. Therefore, the access network causes
the congestion. In the proposal, FTP session can complete within 10 sec, and the delay not
increase and is stable. Furthermore, the throughput reaches the input load 4M bytes/sec.
Therefore, the proposal controls avoids the congestion.

5.4 Dependence of delay on throughput
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Fig. 18. Dependence of delay on throughput.

Figure 18(a), 18(b), and 18(c) shows, respectively, the dependence of IP average delay on IP
throughput, the dependence of FTP response time on FTP throughput , and the dependence
of VC average delay on VC throughput when FTP file size increases from 1K bytes to 400K
bytes. The average delay and throughput are each the averages for 10 topologies in which the
antennas and terminals are deployed randomly in the evaluation space.

When the FTP traffic is low, the performance of SL and the proposal is superior to that of
RR and TR. In low load, if packets are distributed to a widest band link, that is, if the packet
distribution is equalized to that of SL, the performance becomes high. The packet distribution
of the proposal becomes equal to that of SL, but that of RR and TR do not. As FTP traffic
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increases, the 11b-link load of M-route in 11b-coverage and outside 11a-coverage becomes
high, then M-route including 11b-link needs to distribute packets to 11a-link or 16-link. SL can
not distribute packets of 11b-link to other links, then SL is saturated first by the exhaustion
of 11b-link capacity. By the same cause, RR and TR are saturated in FIP file size 300K bytes
and 400K bytes respectively. The proposal distributes packets from 11b-link to 16-link and
11a-link, and avoids the saturation until FIP file size exceeds 400K bytes.

Summarizing, in any FTP traffic, the proposal can distribute packets effectively in comparison
with other methods, and it produces low delay and hight throughput on both TCP application
and UDP application, and simultaneously.

6. Conclusion

In this chapter, the packet distribution characteristics in IEEE802.11-link and that in
IEEE802.16-link was respectively shown, and, based on these characteristics, the packet
distribution method for access route compositing IEEE802.11/16-links was proposed.
Furthermore, its performance through evaluation with IEEE802.11a/b and IEEE802.16 was
shown. Consequently, the proposed method was found to have the following effectiveness.

¢ [t can greatly effectively distribute packets to IEEE802.11/16 links according to link load.
* And, it can also reduce out-of-packets caused by distributing packets to multiple links.

* Then, It can decrease delay and can increase throughput on both TCP application and UDP
application, and simultaneously.

7. References

Arkin, D. (2004). My Life, Arkin Publishing, Arkinson.

Mitoralll, J. & Maguire, G. (1999). Cognitive Radio: Making Software Radios More Personal,
IEEE Pers. Comm., Vol. 6, No. 4, pp. 13-14 1999.

Mitoralll, J. (1999). Cognitive Radio for Flixible Multimedia Communications, Proc. MoMuC99,
pp. 3-10, 1999.

Harada, H. (2005). A Study on a new wireless communications system based on cognitive
radio technology, IEICE Tech. Rep., Vol. 105, No. 36, pp. 117-124, 2005.

3GPP TS 22.258. (2005). Service Requirements for the All-IP Network (AIPN); Stage 1, v2.0.0,
2005.

ITU-T. (2006). Y.2021: NGN Release 1, 2006.

Phatak, D. S. & Goff, T. (2002). A novel mechanism for data streaming across multiple IP
links for improving throughput and reliability in mobile environments, Proc. IEEE
INFOCOM, pp. 773-781, 2002.

Snoeren, A. C. (2002). Adaptive Inverse Multiplexing for Wide-Area-Wireless Networks, Proc.
IEEE GlobCom’99, Vol.3, pp.1665-1672, 1999.

Shrama, P.; Lee, S.; ]J. Brassil, J. & Shin, K. (2007). Aggregating Bandwidth for Multimode
Mobile Collaborative Communities, IEEE Tans. on MC, Vol. 6, No. 3, pp. 280-296,
2007.

Chebrolu, K. & Rao, R. (2006). Bandwidth Aggregation for Real-Time Applications in
Heterogeneous Wireless Networks, IEEE Tans. on MC, Vol. 5, No. 4, pp. 388403, 2006.

Hsieh, H.; Kim, K. & Sivakumar, R. (2004). An end-to-end approach for transparent mobility
across heterogeneous wireless networks, Mob. Netw. Appl., Vol. 9, No. 4, pp. 363-378,
2004.

www.intechopen.com



296 Recent Advances in Wireless Communications and Networks

Zhang, M.; Lai, J.; Krishnamurthy, A.; Peterson, L. & Wang, R. (2004). A Transport Layer
Approach for Improving End-to-End Performance and Robustness Using Redundant
Paths, USENIX 2004, 2004.

D. Gross, D. & C. Harris, C. (1985). Fundamentals of Queueing Theory 2nd ed, John Wiley &
Sons, 1985.

Little, J. (1961). A Proof of the Queueing Formula L = AW", Opre Res |., 18:172-174, 1961.

Bianchi, G. (2000). Performance analysis of the IEEE 802.11 distributed coordination function,
IEEE JSAC, Vol. 18, No. 3, pp. 535-547, 2000.

Carvalho, M. M. & Garcia-Luna-Aceves, ]. J. (2003). Delay analysis of IEEE 802.11 in single-hop
networks, Proc. of ICNP, pp. 146 —155, 2003.

Takizawa, Y.; Taniguchi, N.; Yamanaka, S.; Yamaguchi, A. & Obana, S. (2008). Characteristics
of Packet Distribution in Wireless Access Networks Accommodating IEEE802.11 and
IEEE802.16, IPS] Journal, Vol. 49, No. 9, pp. 3245-3256, 2008.

Takizawa, Y.; Taniguchi, N.; Yamanaka, S.; Yamaguchi, A. & Obana, S. (2008). Packet
Distribution Control for Wireless Access Networks Accommodating IEEE802.11 and
IEEE802.16, IPS] Journal, Vol. 49, No. 10, pp. 3576-3587, 2008.

Bertsekas, D. & Gallager, R. (1992). Data Networks, Prentice Hall, 1992.

IEEE Std 802.16-2004. (2004). Local and Metropolitan Area Networks, Part 16: Air Interface
for Fixed Broadband Wireless Access Systems, 2004.

ITEEE Std. 802.16e-2005. (2005). Local and Metropolitan Area Networks, Part 16: Air Interface
for Fixed and Mobile Broadband Wireless Access System, 2005.

Takada, J. (2004). Radiowave Propagation for Mobile Satellite Communications, Tech. Rep. of
IEICE, Vol. 104, No. 671, pp. 13-16, 2004.

3GPP2. (2006). C30-20060823-004A Evaluation methodology V4.0, 2006.

Konishi, S.; Wang, X.; Kitahara, T.; Nakamura, H. & Suzuki, T. (2008). A Study on Ultra
Low-Latency Mobile Networks, Wireless Personal Comm.:An Int. Journal, Vol. 44, No.1,
pp-57-73, 2008.

Nakayo, D. J. and Hossain, E. (2006). A Queuing-Theoretic and Optimization-Based Model
for Radio Resource Management in IEEE 802.16 Broadband Wireless Networks, IEEE
Trans Comp., Vol. 55, No.11, pp. 1473-1488, 2006.

Cho, D.; Song, J.; Kim, M. and Han, K. (2006). Performance Analysis of the IEEE 802.16
Wireless Metropolitan Area Network, Proc. IEEE DFMA 2005., 2005.

Lin, L.; Jia, W. and Lu, W. (2007). Performance Analysis of IEEE 802.16 Multicast and Broadcast
Polling based Bandwidth Request, Proc. IEEE WCNC 2007., 2007.

Iyengar, R.; Iyer, P. and Biplab Sikdar, B. (2005). Delay Analysis of 802.16 based Last Mile
Wireless Networkst, Proc. IEEE GlobeCom 2005., 2005.

He, J.; Guild, K,; Yang, K. and Chen, H. (2007). Modeling Contention Based Bandwidth
Request Scheme for IEEE 802.16 Networks, IEEE Comm. Letter, Vol. 11, No.8, pp.
698-700, 2007.

Ni, Q.; Xiao, Y.,; Turlikov, A. and Jiang, T. (2007). Investigation of Bandwidth Request
Mechanisms under Point-to-Multipoint Mode of WiMAX Networks, IEEE Comm.
Magazine, Vol. 4, No.4, pp. 477-486, 2007.

www.intechopen.com



Recent Advances in Wireless Communications and Networks
RECENT ADVANCES IN

WIRELESS COMMUNICATIONS i ia-Chin Li
kS Edited by Prof. Jia-Chin Lin

Bebtet by Ma Gt L

ISBN 978-953-307-274-6

Hard cover, 454 pages

Publisher InTech

Published online 23, August, 2011
Published in print edition August, 2011

This book focuses on the current hottest issues from the lowest layers to the upper layers of wireless
communication networks and provides a€cereal-timea€ research progress on these issues. The authors have
made every effort to systematically organize the information on these topics to make it easily accessible to
readers of any level. This book also maintains the balance between current research results and their
theoretical support. In this book, a variety of novel techniques in wireless communications and networks are
investigated. The authors attempt to present these topics in detail. Insightful and reader-friendly descriptions
are presented to nourish readers of any level, from practicing and knowledgeable communication engineers to
beginning or professional researchers. All interested readers can easily find noteworthy materials in much
greater detail than in previous publications and in the references cited in these chapters.

How to reference
In order to correctly reference this scholarly work, feel free to copy and paste the following:

Yasuhisa Takizawa (2011). Traffic Control for Composite Wireless Access Route of IEEE802.11/16 Links,
Recent Advances in Wireless Communications and Networks, Prof. Jia-Chin Lin (Ed.), ISBN: 978-953-307-
274-6, InTech, Available from: http://www.intechopen.com/books/recent-advances-in-wireless-
communications-and-networks/traffic-control-for-composite-wireless-access-route-of-ieee802-11-16-links

INTECH

open science | open minds

InTech Europe InTech China

University Campus STeP Ri Unit 405, Office Block, Hotel Equatorial Shanghai

Slavka Krautzeka 83/A No.65, Yan An Road (West), Shanghai, 200040, China

51000 Rijeka, Croatia FE EBMIERFEK6SS LiEEPrREB ARG DA 4058 TT
Phone: +385 (51) 770 447 Phone: +86-21-62489820

Fax: +385 (51) 686 166 Fax: +86-21-62489821

www.intechopen.com



© 2011 The Author(s). Licensee IntechOpen. This chapter is distributed
under the terms of the Creative Commons Attribution-NonCommercial-
ShareAlike-3.0 License, which permits use, distribution and reproduction for
non-commercial purposes, provided the original is properly cited and

derivative works building on this content are distributed under the same
license.




