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Abstract - Mobile wireless Internet access services face a Lower-level wireless protocols provide a number of error
problem of mitigating the time-varying, correlated frame control methods, such as FEC (forward error correction),
losses in fading radio channels. The losses may be com-ARQ (automatic repeat request), and hybrid FEC/ARQ,
pounded by detrimental interactions between separate erto improve communication reliability. In practical design
ror recovery mechanisms in the link and transport protocol of wireless communication systems, such as CDMA, FEC
layers. In this work we investigate by simulations the per- coding can be implemented in physical layer as specified
formance of TCP Reno over IS-707, a radio link protocol in 1S-95 [4], and ARQ in Radio Link Protocol (RLP) as
standard for spread spectrum digital cellular systems, andspecified in 1IS-707 [5] (an extended version of IS-99 [6]).
study the interactions of these protocols in the high loss Link layer error control can improve the performance of
regime. We show the improvement of TCP goodput by a TCP. However, if RLP and TCP operate independently of
fast RLP frame error recovery scheme based on using theone another, their interaction may degrade the TCP good-
IS-707 idle frames. We generalize the problem of char- put, especially when the link protocol employs a partial
acterizing the performance of user applications accessingerror recovery algorithm such as IS-707.

the Internet over wireless data services by investigating

the distributions of TCP goodput at multiple time scales, We investigate the performance of the most popular TCP
that give more insight than long-time averages. Results variant (Reno) over IS-707 using a wireless Internet ac-
are presented for a range of frame error rates and normal<cess simulation model written using a recently developed

ized Doppler frequencies using a standard Markov model high performance Scalable Simulation Framework (SSF)
of a fading radio channel. [7]. We show the improvement of TCP goodput by a fast

RLP frame error recovery scheme based on controlling the
number of idle frames sent after a data frame is sent and

. the channel is idle. This use of idle frames is compati-

. Introduction ble with 1S-707 (which does not clearly specify their pur-
pose), however, the control of a number of idle frames is

Recent measurements of packet traffic in a typical ISP hot a part of IS-707, and constitutes a proposed extension
environment showed that between about 60% to 80% of of the standard.

all packets and bytes are Web TCP traffic [1]. Assuming )
that similar traffic would be present in wireless Internet Yltimately, what matters to the customers of wireless In-

access networks poses a challenge to service providerst,emet services is the behavior of user applications. To get

as TCP has been designed under the assumption thaf! insight into the potential effects of radio link losses

packet losses are caused almost exclusively by networkWithout going into details of applications, in this paper
congestion. TCP is a network—friendly adaptive protocol W€ look at the distributions of short—time TCP goodput at

which upon loss detection initiates the congestion avoid- Multiple time scales, for arange of fading severity and loss
ance mechanisms [2, 3] that include rate reduction angcorrelations, that give more information than traditionally

multiplicative increase of the retransmission timeout. used long-time average packet error rates.

Previous research: The performance of TCP over 1S-99
RLP for circuit-mode data services was studied in [8]
and [9] for a mobile—base station link and perfect feed-
back channel (error-free NAK transmission). The per-
*Published in the Proceedings of the 10th International Symposium formance of TCP Tahoe over IS-707 for packet data ser-
on Personal Indoor and Mobile Radio Communications (PIMRC'99), vices in a wireless Internet access scenario was studied
Osaka, Japan, Sept. 12-15, 1999. Research of Y. Bai and A. T. Ogielski ; ; ;
was supported by DARPA Grant N66001-96-C-8530 and by NSF Grant n [101’ where it was shown that with correlated losses a
NCR-9527163. slow frame recovery as well as unrecovered errors cause

tAlso at the DIMACS Center, Rutgers University. successive TCP timeouts that trigger exponential TCP re-
fAlso at Communications Research Laboratory, MPT, Japan.

In contrast, link losses in mobile wireless networks are
quite high, and may exceed 10%. These losses, more
over, tend to cluster due to fade correlations and handoffs.




transmission timer back-offs. That paper proposed thatlll. Simulation Results
probing frames can drive fast RLP frame error recovery.

The simulation model is shown in Fi@, which is simi-

lar to the TeD simulation model in [10]. The model has
. been implemented in SSF [7] and executed using Coop-
Il. 1S=707 RLP Frame Error Recovery erating Systems Corp. C++ implementation of SSF. In the
TCP/IP packets are fragmented by 1S-707 into 24—byte MH RH
frames (19 bytes of payload) on 9,600 bps links. In the o
non-transparent mode, 1S-707 uses a NAK (negative ac-
knowledegment) selective repeat ARQ protocol to retrans- op Sie
mit lost data frames. The receiver does not acknowledge

correct RLP data frames. In case of a data frame loss, RLP 1AP

performs a partial error recovery through a small number e T

of frame retransmissions, and if retransmissions fail, fur- tresry 1 e FD RERE

ther error recovery is left to higher protocol layers. 1S- Intbrtace

707 RLP maintains one sequence numkeij counter

V(S) for sender, and tw& N counters for receive_r: t_he Figure 2: The simulation model.

expected fram& N counterl/ (R), and the oldest missing

frameSN counterlV (N). model, theMobile Host MH is the receiver of a con-

tinuous TCP data flow generated by thata Source
Vv(s) V(N) VR) at Remote Host RH. We use a TCP Reno variant ported
= to SSF from thens-2 simulator [11]. The TCP maxi-
mum segment size (MSS) is set to 536 bytes. Each TCP
packet fromlTCP Src is delivered to thénterface  at

_ Internet Access Point IAP and fragmented into
about 30 1S-707 RLP frames for delivery over a 9600
VR TV Ves) bps 1S-95 [4] physical channel. At tHECP Sink side,

thelnterface  reassembles the incoming frames passed
Figure 1: IS-707 sender and recei#&V counters. from the RLP. The packet size of TCP ACKs from the

TCP Sink is 40 bytes.Radio Channel is modeled

as a first-order binary Markov process [12]. By choos-
The receiver can notice that a frame is missing in either |ng different values of frame error rat8, and normal-
of three ways: at the arrival of a valid data frame{ivV ized Doppler frequency,T', wheref, is the Doppler fre-
> V(R)), an idle frame (withSN =V (S5)), or a NAK  quency andl" is the frame length (20 ms for 1S-707), we
control frame (withSN =V/(5)). The idle frames, without  can model fading radio channels with different degree of
data payload, are transmitted at 1/8 rate of primary traffic correlation in the fadmg process. Whﬁ&ﬂ" is small, the
RLP frames. At the arrival of a valid data frame or an fading process has long-time correlations (long bursts of
idle frame, the receiver checks the resequencing buffer fOfframe errors); while for |arge values gjjT the successive
missing frames, and may advance the NAK retransmissionsamples of the radio channel are approximately indepen-
timer. dent. We essentially ignore the wired transmission details

) in the Wireline Link entity, by choosing the band-
The arrivals of data or NAK frames may be separated by \.i4th of 1.5 Mbs and delay of 200ms.

fairly long time intervals. This happens, e.g., when TCP

packet arrivals are sporadic as in Web sessions. The dewe define theaverage TCP goodpus the average TCP
pendence on another side to discover a frame loss thugjata throughput normalized to the maximum net link
may cause a long delay of frame loss recovery that leadsthroughput; i.e., the average fraction of maximum TCP
to the TCP retransmission timer expirations. This sug- payload delivery rate. In 1S-707, the maximum net link
gests the use of idle frames for forcing fast frame error throughput is 7600 bps at the raw data rate of 9600 bps,
recovery. In the 1S-95-B and cdma2000 proposals, the ra-and the goodput is upper—boundediby P..

dio link is released to other users if the channel is idle for

a certain time, so it is desirable to send as few idle frames The simulation data is analyzed as follows: First, we show
as possible to achieve the required performance improve-the long—time average TCP goodput without idle frames
ment. The appropriate number of idle frames under vari- in RLP, and illustrate the mechanism of excessive perfor-
ous channel conditions can be obtained from the simula-mance degradation at higher frame error rates. Then we
tion results shown in Section 1. demonstrate TCP goodput improvement with idle frames,



and show its dependence on the number of idle framessample path of our simulation process in the correlated
transmitted. Long—time average goodputtells only a small high—loss regim¢g,T = 0.01, P, = 0.3.

part of the story when the application performance is of
concern, as for most applications the short—time variabil-
ity of TCP goodput may be a more important performance
measure. This is illustrated with histograms of short—time
TCP goodput measured over time windows of duration of
10, 100, and 1,000 seconds.

Figures3 and 4 compare the long—-time average TCP
goodput without idle frames, and with idle frames trans-
mitted during periods when RLP has no data to send, re-
spectively, as a function of average frame error rate (FER)
P, for different values of normalized DopplgyT. It is
seen that the TCP goodput improves with the use of idle
frames, especially in correlated high FER regime.
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Figure 3: Long—time TCP goodput without idle frames.
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Figure 4: Long—time TCP goodput with idle frames.
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Figure 5: TCP packet sequence number in a simulation
sample path without idle frameg/" = 0.01, P, = 0.3)

70

60

50

RTO (seconds)
N
S
T
O

w
S
T

100 200 300 400
Time (seconds)

500

600

700

Figure 6: TCP RTO values for the sample path shown in

Fig. 5

Consider the history of the TCP RTO updates (shown in
Figure6) occuring when an ACK for a non-retransmitted
TCP packet arrives at the remote hosRTO. is the
RTO value calculated from the smoothed RHI and
the smoothed mean deviatidn (RTO, = A + 4D),
and RT O, is the RTO value afteRTO. is backed off
and eventually upper bounded@¥ O, by the Karn’s
algorithm. When a TCP timeout occurs, TCP conges-
tion avoidance is invoked and congestion window shrinks
to one segment. At each retransmission, the TCP RTO
increases multiplicatively with the back—off fact@r=

2. After several consecutive retransmissions RO,
The mechanism of the observed TCP goodput improve- stays at its upper bound value until a valid ACK for non—
ment with the use of idle frames is illustrated using sim- retransmitted TCP packet arrives During this period, TCP
ulation traces as follows. Figures 5 and 6 show a typical waits a long timeout intervab@l seconds) for each packet



loss. From these observations, we can see that in the higt °”

FER regime a long idle waiting time significantly impacts
performance.

Next, consider an analogous sample path analysis ob- os |

tained in a simulation with idle frames, shown in Fig-
ures7 and8, in the same correlated high—loss regime
faT = 0.01, P, = 0.3 for comparison with Figures 5
and 6. The addition of idle frames considerably reduces

the timeout intervals, and the TCP data transmission tends 1

to progress more smoothly.
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Figure 7: TCP packet sequence number in a simulation
sample path with idle frameg{7" = 0.01, P, = 0.3)
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Figure 8: TCP RTO values for the sample path shown in
Fig. 7
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Figure 9: Long-term average TCP goodput as a function
of the number of idle frames in high FER reginfe, =
0.3.

very significant performance improvement at the higher
f4T values (.1 and 1.0), but a further increase of the
number of idle frames has no practical effect. In contrast,
in the case of strongly correlated link errofg " = 0.01)

the rate of goodput improvement with increasing number
of idle frames is very slow.

Finally, we touch on the issue of variability of TCP good-
put on the shorter time scales, that are more relevant to
application—level performance than long—time averages.
Figures10, 11, and12 show a few histograms of short—
time TCP goodputs (with unlimited idle frames) in the
high frame loss regime, and varying degree of loss corre-
lations. From top to bottom, the goodput is measured over
a sequence of 10,000 non-overlapping time intervals of
length 10, 100, and 1000 seconds, respectively. The good-
put values shown on the x—axis correspond to the number
of correctly received (in sequence) TCP segment bytes in
the time interval, normalized to the maximum rate. This
explains the pronounced gquantization effect at the scale of
10 seconds, where maximum of 17 segments can be re-
ceived.

V. Summary

In this paper, the performance and interactions of TCP
Reno and 1S-707 Radio Link Protocol in a low-speed

wireless Internet access was investigated by computer
simulation. We demonstrated how the use of idle frames

We also evaluate the effect of the number of idle frames in the high correlated frame loss regime can improve the
on the TCP goodput. Long—term average TCP goodput for useful throughput (goodput) of TCP data transfers. To get
different number of idle frames, at a high error rate (FER an insight into the potential effects of radio link losses on

P, = 0.3), is shown in Fig.9. A small number of idle user applications, we provided examples of the statistics
frames makes a big difference in the weakly correlated ra- of TCP goodput at short time scales of 10, 100 and 1,000
dio link error regime, and about 5 idle frames can give a seconds.
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Figure 10: Histogram of TCP goodputs Bf = 0.3,
faT = 0.01, in intervals of 10, 100 and 1,000 seconds.
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Figure 11: Histogram of TCP goodputs 8 = 0.3,
f4T = 0.1, inintervals of 10, 100 and 1,000 seconds.
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Figure 12: Histogram of TCP goodputs 8 = 0.3,
faT = 1.0, inintervals of 10, 100 and 1,000 seconds.
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