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Congestion Control Framework for Real-Time
Services in OFDMA-based Systems

E. O. Lucena, F. R. M. Lima, W. C. Freitas Jr and F. R. P. Cawica

Abstract— In [1] the authors proposed a Quality of Service connections, i.e., resources are dedicated to the ¥lemse
(QoS)-driven adaptive Congestion Control (CC) framework the session initialization. However, in order to efficigntl
that can provide QoS guarantees for the Voice over IP g ,,h0t multiple services on the same network the operators

(VoIP) service in mixed traffic scenarios in a single carrier . .
system. The original framework is composed of three Radio /€ upgrading their core network to the All-Internet Proloc

Resource Management (RRM) algorithms: Admission Control (IP) concept. Among the advantages of an All-IP architectur
(AC), Packet Scheduling (PSC) and Load Control (LC). In this we can mention the efficient support to mass-market usage
work I\tlye generalize thathframework‘: to %/Staems tn]a't: employ of any IP-based service and reduced Operational Expegditur
a multicarrier access scheme such as Orthogonal Frequency i ; ;

Division Multiple Access (OFDMA). In OFDMA-based systems, (OPEX) and Capltal E?(pendlture (CAPEX). Despite the
there is flexibility to exploit the frequency dimension to ahieve advantaggs of this archltecture, _the QoS guarantees of RT
even better performance gains_ In this Work, we propose services IS a Cha”eng|ng taSk. Wlth A”-lP, the resources a
significant changes especially in the PSC functionality whe packet-switched, i.e., the resources are dynamicallycatéml
radio resource allocation is performed. Using simulationswe to the flows according to the demands. One strategy to

evaluate the generalized CC framework in an OFDMA-based o arantee the desired QoS for RT services is the utilization
system with a traffic mix composed of sessions from a Real s .
of prioritization among services [3].

Time (RT) and a Non-Real Time (NRT) service. The results show
that the generalized CC framework not only protects the QoS ~ When the mobile networks operate in normal load the
of sessions from the RT service but also imposes only a smallprioritization can be inserted in the scheduling procegds [4
performance degradation to the NRT service. [5], [6], [7]. However, there are some factors that can cause
Keywords— Congestion Control, OFDMA, RT services congestion situations (overload and/or outage), suchretora
behavior of external interference, different mobility files
and geographical location of mobile terminals. These facto
[. INTRODUCTION can cause variations in cell load and the QoS experienced
The mobile networks are continuously evolving in ord k?y the USErs. In these conditions, the prioritization sdou_l
Sb?o applied in a more broader range through Congestion

to support more users, to achieve higher data rates, an . .

provide new (multimedia) services. This constant evolutiocomr?I (CC) algorithms. The_V\_/ork (4 prop(_)sed_a_ QoS-driven

makes possible a scenario where mobile networks are a pezptlve. CC framework .‘h?t joins the functionalities of iRic

to compete with fixed (wired) networks for the broadban cheduling (PSC), Admission Control (AC) and Load Control
C). The objective of that framework is to guarantee the QoS

market. oo
: L o . of VoIP flows. Results are shown for a case study considering
Services and applications can be classified in terms, . .
N . S a High Speed Downlink Packet Access (HSDPA) system.
of several aspects such as directionality (unidirectiomal

bi-directional), symmetry of the communications (symruetr .The mentlpned CC framework was designed for a ”?“.NP”‘
or asymmetric), interactivity, number of parties and datyw W'th. a multiple access scheme based on T|me Division
requirements [2]. Specifically, when delivery requirement Multiple Access (T[_)MA)' Nevertheless, the candidate systg
concerned the services are categorized as Non-Real Ti Fourth Genera_tlon (4G), such_as Long Term Evolution
(NRT) or Real Time (RT). RT services require a short tim _E) and Worldwide Interoperability for Microwave A_(:(_:e_ss
response between the communicating parts. In general, 'MAX)’ have adopted Orthogona! Frequency Division
services impose strict requirements regarding packey deld ultiple Access (OFDMA) as the multiple access technology

jitter. Voice over IP (MolP) and online games are examples Bcfr downlink. With OFDMA, the resource granularity is highe

this class of service. On the other hand, NRT services do rg(%{e to the availability of frequency chunks for resource
’ all

have tight requirements concerning packet delay althoigjh h ocation. Therefore, in this work we generalize the CC

packet delays are unacceptable. The major constraint of N't’:?rtnework Of.([jl] to bef applied in OIFDI;(IA g,ystem.s. gesmgs
services is the information integrity, i.e., informatioos$ is al, we provide a periormance evaluation in a mixed service

scenario. The remaining of this document is organized as
not tolerable. llows: section Il presents relevant ts of the OFDMA
In order to assure the desired Quality of Service (Qo OWs. SECtio presents relevant aspects ot the

of telephony (RT service) Second Generation (2G) a chnology.; in-section Il we ShO.W the generallzgd cc
. . - S .. framework; the performance evaluation of the generaliz€d C
Third Generation (3G) networks utilize cwcun-swnchmgr

ramework is shown in a case study with VolP and World Wide

The authors are from Wireless Telecommunication ResearobpgG GTEL
| Department of Teleinformatics - DETI / Federal UniversityCeara - UFC. 1A terminal can bear multiple service flows. However, withdoss of
Emails: {evilasio,rafaelm,walter,rodrigg@gtel.ufc.br. generality, we consider that a terminal corresponds to a flow
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Web (WWW) in section IV; and finally the main conclusions Resource unit
and perspectives are summarized in section V.
. User 1 Time (Set of @

|:| User 2 OFDM symbols)
II. ORTHOGONAL FREQUENCY DIVISION MULTIPLE

I user 3
ACCESS
OFDMA is a multiple access scheme based on Orthogonal
Frequency Division Multiplexing (OFDM). OFDM is a
transmission technology that has been utilized in wired and
wireless communications. Asymmetric Digital Subscriberel

(ADSL) broadband access and power line communications
are examples of applications of OFDM in wired systems. In
wireless systems, the OFDM technology is utilized in IEEE
802.11 a/g and planned to be utilized in LTE and MobilEig- 2. Frequency-time resource grid in OFDMA.
WIiMAX.

In OFDM, the available frequency band for transmission
is divided into several subcarriers that have narrowefl frequency resources in a link have the same channel
bandwidth than the channel coherence bandwidth, as dnality. Multiuser diversity occurs due to the independenc
Frequency Division Multiplexing (FDM) systems. Howeverof UE channels caused by distinct UE positions in a cell,
the subcarriers in OFDM are designed to be orthogonal amath@refore, frequency resources in poor channel stateofoe s
each other, which leads to higher spectral efficiency th&JEs possibly will be in good channel conditions for other
FDM as it is illustrated in Fig. 1. The narrowband subcasielyes. A mechanism for taking advantage of the frequency
also imply simplified equalization process because of the fland multiuser diversities is the employment of scheduling
fading channel experienced in each subcarrier. Besidés thagorithms. Scheduling algorithms are responsible factizlg
as the data rate transmitted in each subcarrier is low apélich UEs will have access to the system resources and with
consequently the modulated symbols are longer than thg dejghich configuration. In this way, scheduling algorithms éav
spreading, OFDM is robust against Inter Symbol Interfeeeng great impact on system performance.
(ISh). In order to effectively mitigate the effects of ISIgaard
interval named cyclic prefix, that consists in a copy of part
of the OFDM symbol, is inserted before the OFDM symbol
transmission. More details about OFDM can be found in [8;

Frequency (Group of subcarriers)

II. CONGESTIONCONTROL FRAMEWORK

In this section we present the generalized CC framework
or OFDMA systems. The CC framework comprises in a
coordinated manner the operation of the AC, PSC and LC
algorithms.

5 MHzBardwridth

FFT e | A. Admission Control

/—\ I / Sub-carers k

The AC algorithms are responsible for granting/denying the
access of a new flow to the system. The criterion used for
decision can be the availability of physical resources er th
service quality of the connected flows. The AC algorithms

e L are important tools to control the congestion in a system.
Time 447X waaas By rejecting the new connections, the QoS of the already
connected flows can be maintained. In this work, a Session
Admission Control (SAC) scheme is employed to guarantee
the quality of a single priority RT service in a mix with other
services.

The SAC considers the delay as the resource to be shared
among flows in the system. In order to do that, the packet

With OFDMA [10], the multiple access is achieved bydelays of the high RT service are regularly measured and
the assignment of different subcarriers or block of them fitered. There are two admission thresholds depending en th
individual User Equipments (UEs) at different time periodservice type:D%. for the RT service andD¥,, .. for other
More specifically, in OFDMA the system resources can Hew prioritized services. Therefore, when a new RT flow tries
arranged in a time-frequency grid as shown in Fig. 2. In the access the system the SAC algorithm will check if the
frequency axis the granularity is defined by the subcarridikered delay of the RT service is greater or lower than the
while in the time dimension it is defined by an OFDM symbolRT admission threshold. If greater, the new flow is rejected;

One of the advantages of an OFDMA-based system ifdower the flow is admitted. More details about SAC can be
the opportunity to benefit from frequency and multiuseiound in [1], [11]. The procedure is the same if the new flow
diversities. Frequency diversity means that it is unlikédgt is of an NRT service.

Frequency

Fig. 1. Frequency-time representation of an OFDM signal [9]
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According to the admission thresholds, a service can e Load Control

more prioritized than the others. Although in the original gofore describing the LC algorithm we should introduce
proposal of SAC these admission thresholds are fixed, the Ma{,; new variables: the SAC priority margimy[k], and the

idea in the CC framework is to adapt them according o thgnpE priority marging[k]. We define these priorities margins

congestion status of an RT service. (in decibel) as

H Dth i
B. Packet Scheduling alk] = 10.log, ( Ottlizer) BlK] = 10.logg (WOthe7) ,
The PSC algorithm used in the original proposal is the D Wr

Weighted Proportional Fair (WPF) [3]. With WPF, the (single

S h , .
scheduled flow is the one with higher piority defined as in the Cons!derlr;ghthatDRT and WRT are flxedl, rt]he ‘?'yr.“'?‘m'c
following adaptation of the priority margins can control the priadtion

of the RT service over the other services. The main idea of

ri[k] the LC algorithm is to adapt these priority margins accaydin
p;lk] = w;[k]. (tj p ) , (1) to the QoS of the ongoing sessions of the high priority RT

ilk] service. If the quality of the sessions of this RT service is
where p;[k] is the priority of UE j at Transmission Time NOt peing fulfilled, the LC algorithm dgcreases _the priority
Interval (TTI) %, r; [k] is the supported data rate of et TTI Margins. As a consequence, the sessions of thl$ RT service
k (according to the channel state) ank] is the filtered data will be scheduled more ofte_n and the system W|Il_decrease
rate of UEj at TTI k that provides a history of the allocatedth® number of admitted sessions of other services in order to
data rates in the pastw;[k] represents a service-dependeritfOtect the ongoing sessions of this -R'I-' service in the system
weight of UE j at TTI k. If the flow is from an RT session, The adaptation of the priority margin is calculated by means
w;[k] is set toWxr. On the other hand, if the flow is from of a RT service measure. One example of RT service is the
another service the priority is equal Woyn.,. Therefore, by VOIP. As the VoIP quality can be measured by the Frame
setting different values to these weight 47 and Wouner) Eras_ure Rate (FER), the adaptation of the priority margm ca
some prioritization among the services can be accomplish8§ given as follows
As in the SAC scheme, these weights are fixed in the original
proposal. The CC framework adapts these weights to contro
the congestion in the RT service.

In an OFDMA-based system, the frequency diversity
can be exploited by adding another dimension in that
prioritization. Therefore, we have adopted the Weighted The 3[k| is adapted in the same way agk] where 3,
Multicarrier Proportional Fair (WMPF) scheduler [12] that 3 . andoj take placeammin, @mazs Bmin @NdBpma. are the
a natural generalization of WPF. The prioritization in WMPinimum and maximum values in dB of the[k] and j3[k]

[k] = min {maz {amin, [k — 1] — 00 - € [k]}, Vmax }

(4)

¢[F = FER{p (K] - FERVE. ®)

is given by parameters, respectivelylER}", , is the filtered VoIP FER
in the last control interval and’ ER; 75 is the target VoIP

Ppimlk] = w;[k]. (W,n[ﬂ) 7 ) FER to experience a good QoS. The fixed parametgrand

" t;[k] o5 control the speed of the priority margirgk] and S[k],

respectively. The filtered FERER!' , [k] is obtained by

andr; . [k] is the supported data rate of UEin subcarriem a_lpphyng_ a Slmple_ Exponential Smoothing (SES) _fllter to the

at Tl k (according to the channel state of subcarnirFrom time series comprised by the average VoIP FER in each TTI.
9 From Equations (4) and (5) we can see that when the QoS

the pr|0r|t|e_Spj_,n[k] we can bu_|ld _the prlorlty_ matrbP. The . of VoIP sessions in the system is worse than the expected
flow selection consists in assigning the pair flow-subcesrie

filt target . :
corresponding to the largest entry in the priority mafifixIn (FERVO!P (] > .FERVoIP) the L.C algorlthm .W'” decrgase
: X . .the priority margins. By decreasing the priority marging th
this way, multiple flows can be scheduled simultaneoulsy wi ’ 2 . .
ontentially hiaher data rates. The pseudo-code of WMPE IoIP sessions are prioritized in both AC and PSC algorithms.
P y g ' P More details about the LC strategy see [1].

presented in Algorithm 1.

wherep; ,, k] is the priority of UE; in subcarriem at TTI k

Algorithm 1 WMPF algorithm IV. PERFORMANCEEVALUATION

1: A Set of assigned flow-subcarrier pairs In this section, we present a performance evaluation of
z Ajf zg ﬁ} Sseftocf’fai‘t’i?/iaﬁ(';v:“bca”'ers our generalized CC framework. Details about the simulation
4: while (V is not empty)do tool and the main parameters used to obtain the results
5: (j*yn*)Hargiegl’ixeN{P} are presented in section IV-A. In section IV-B, we define

6: N —N—{n*} the performance metrics used in this study and provide a
gf enfwﬁl:lu{j*’n*} description of the reference scenario used for comparison.

Finally, in section IV-C we show and analyze the simulation
results.
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A. Smulations Parameters The blocking rate is the ratio between the number of new

Our simulation tool models the main aspects of a single-c&f/IS that were prevented from accessing the system and the
OFDMA-based system. The simulation modeling includd§t@l number of call attempts. The AC functionality has an
aspects such as propagation phenomena, e.g., path IB8BOrtantimpact on this performance metric.
shadowing and fast fading; service applications and link Regarding the WWW service, we consider the average
adaptation. throughput as the main QoS metric to assess the user

We assume that the data symbols are independerﬁﬁIiSfaCtiO”- During an interactive WWW session, a user may
modulated and transmitted over a high number of closefipwnload several packet calls (WWW pages). We define the
spaced orthogonal subcarriers. The modulation schenf¥§rage throughput as the ratio between the size in bitd of al
Quadri-Phase Shift Keying (QPSK), 16 Quadrature Amp”tuotge WWW pages downloaded during the lifetime of the flow

Modulation (QAM), and 64 QAM are available. The flows2nd the activity time of the session.
arrive in the system according to a Poisson distribution. The satisfaction level of the VoIP service is measured by the

scenario with VoIP as the RT service and WWW as the NRFoice frames) and the total number of generated packets. Th
service. The main parameters used for these simulations Bfgket loss can occur for example when the packet is not

presented in Table I. transmitted before the deadline imposed by delay consstain
Another important metric used in this study is the user

TABLE | satisfaction ratio. For a VoIP flow, the satisfaction is fesat
MAIN PARAMETERS OF THE SIMULATION TOOL when it was not blocked by the AC functionality and the

experienced FER is equal to or lower than 1% [15]. For the

EZT:ZZ:EL | V:(I)l;e Ur:'t WWW service, the flow is sqtisﬁed when it was not blocked
Nimmum disance 100 - and the average throughput is at le@stkbps [11].

from Base Station (BS) Finally, we define the service capacity as the offered load in
Maximum BS power 5 W which the user satisfaction ratio is equal to the user satiisin
Number of Subcarriers 200 - threshold. In this study we consider that the system operato
Subcarrier spacing 15 kHz defined the user satisfaction thresholds of VoIP and WWW
Carrier frequency 2 GHz services as 95% and 90%, respectively.

UE speed 3 km/h

Path loss [13] 128 + 37.6 - logio (d) | dB

Shadow lognormal fading oc=28 dB C. Results

Small-scale fading single-path Rayleigh -

Traffic mix (VolP/WWW) 50/50 % The result presented in Fig. 3 shows the blocking rate for
VoIP traffic model according to [13] - both services. In the reference scenario, the blocking rate
WWW traffic model according to [14] - for VoIP and WWW services has almost a similar behavior
V;'Z SAC delay threshold 100 ms once there is no service prioritization. When the adapti@ C
5,0,;(){,5“)PF Driorty Weight i - framework is activated, we can see that the VoIP blocking rat
(WErie ) decreases compared to the reference scenario. The reason fo
Time basis for adaptation of 100 ms that is the higher priority of VoIP flows in the AC functiontgli
Time basis for adaptation ¢f 1 ms achieved by the adjustment of SAC priority margin) (
Maximum value ofer and 3 0 dB performed by the generalized CC framework. From this figure
,(\‘/T‘I’r:z?;u rﬁ’sgﬁ}e ofa andd 5 9B we can also see that the blocking rate for WWW service with
(@mins Bonin) adaptive CC has a steep increase especially for higher.loads
SAC step sizeda) 05 dB This degradation of WWW service is necessary to guarantee
WMPF step sized;) 0.5 dB the QoS of VoIP flows even in overloaded conditions.

VoIP satisfaction threshold 95 % In Fig. 4 we show the behavior of the WWW throughput for
WWW satisfaction threshold 90 % two different loads. As expected, the higher is the offeceut|
w\';v\f 'tEhF:Ot:;ZZ‘:'d 614 k;/‘;s the lower is the average throughput. Looking at the offered
threshold load of 1.38, the average throughput provided by the adaptive

CC framework and reference scenario are similar. However,

at the load of1.13 with CC activated we have around 30%

. . . of all users below the WWW throughput threshotil{bps)

B. Performance Metrics and Smulations Scenarios instead of about 40% found in the reference scenario. This
We compare the generalized CC framework to a referenioeprovement in the average throughput with the adaptive CC

scenario where no CC solution is applied, i.e., the WMPF aficdhmework is explained by the lower number of connected

SAC priority margins are not adapted and are fixed with valdl®ws in the system due to the higher blocking rate imposed

equal to0dB. by the AC functionality. As there are fewer flows in the system
We define the offered load as the mean flow arrival rate (the flows in general can get more frequency resources.

number of flows per second) in the system. This is an inputin Fig. 5 we present the FER for two different loads. As

parameter to the Poisson processes used to model flow arrivekpected, the VoIP FER increases with the system offeret] loa
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was designed to single-carrier systems and has the olgectiv

45 -0 . . .

K to protect the Quality of Service (QoS) of \Voice over
o X * IP (VolP) sessions in a mixed traffic scenario. The CC
351 |1 =O- ' WWW Users - reference . \5,9* framework is composed of the following Radio Resource

" *\ 1 WWW Users - Adaptive CC
= @l = VoIP Users - reference
+ VolP Users - Adaptive CC

1 Management (RRM) functionalities: Admission Control (AC)
Packet Scheduling (PSC) and Load Control (LC).

The CC framework is flexible in the sense that the
adaptive Session Admission Control (SAC) and Weighted
Multicarrier Proportional Fair (WMPF) schemes, the AC and
PSC algorithms respectively, can be enabled in conjunction
separately. This may be interesting to cellular operatwhs
can suit this flexibility to their interests assessing atpbke
14 complexity and performance trade-offs.

In OFDMA-based systems, there is a higher resource
granularity and frequency diversity can be exploited
by assigning different subcarriers to different users
simultaneously. Therefore, in this work we propose sigaiftc
changes in the PSC functionality of the CC framework.

. We show simulation results where the generalized CC

25F

Blocking Rate %

15r

0.5

0.8 0.9 1 11

. . 12
Offered Load [# Users/s]

13

Fig. 3. Blocking Rate for Different Services with CC strateand reference
scenario.

ook framework is applied in an OFDMA system with mixed traffic
o composed of VoIP and World Wide Web (WWW). The results
' -~ show that the generalized CC framework not only protects
0.7 **
d‘- ’
0.6 g
L " Y
8 l "" v s
04r l' ,‘.‘N“ ’,." reference at load 1.38
0.3 l‘ ‘,.5 '_r" “““““ reference at load 1.13
a’ P "o" = = = Adaptive CC at load 1.38
0.2 :’ e "‘I’ 1= = Adaptive CC at load 1.13 0.7 reference at load 1.38
4 r reference at load 1.13
R N RTTTTN Adaptive CC at load 1.38 ]
i i L - - - i)
o 50 100 150 8 05k : Adaptive CC at load 1.13 4
Throughput [kbps]
0.4F : : R
Fig. 4. CDF of Throughput of WWW users with CC strategy anerefice o 1
scenario. 02} .
0.1}f B
0 I I I I I I I I I
. 0 1 2 3 4 5 6 8 9 10
once in a overloaded system there are many packet losses FER [%]

to unacceptable delays. We can observe that the VoIP FER is
improved with the adaptive CC for the two loads presentédh. 5. FER CDF for VoIP users with CC strategy and referermmario.
if compared to the reference scenario. This shows that the
generalized framework improves the QoS of the VoIP flow
due to intelligent control of the SAC and WMPF priority 108
margins based on the current VolP quality.
In Fig. 6 we present the user satisfaction ratio for différel o
loads. We can notice that user satisfaction for the WW\ B B - TTe—— n
service with the adaptive CC framework and the referen
scenario are similar. On the other hand, the user satisfact
for VoIP service is improved. Considering the user satigiac
threshold of 95% for VoIP we can observe a capacity gain 2
approximately 10%. Therefore, our generalized CC framkwa sl ‘f% |
improved the VolP capacity with a smaller performanc "y
degradation for the WWW service. 30f 2

90 -

70+ " tw 1 WWW Users — Adaptive CC s >~
= B = VolIP Users - reference $

N
60l + VolP Users - Adaptive CC g i

Satisfaction [%)]

50 - s 4

20 I I I I I I I
0.5 0.6 0.7 0

12 13 14

.8 0.9 1 1.1
V. CONCLUSIONS ANDPERSPECTIVES Offered Load [# Users/s]

In this article we adapt Congestion Control (CC) framework
proposed by [1] to an Orthogonal Frequency Division Muﬁipl':ig- 6. User Sa_tisfaction Ratio for Different Services Wil strategy and
Access (OFDMA)-based system. The original CC framewoFﬁference scenario.
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the QoS of the WoIP sessions but also imposes only a sma#l] H. Lei, L. Zhang, X. Zhang, and D. Yang, “A Packet Schedgli

performance degradation to the WWW.

As a perspective of this work we can mention the study of

the generalized framework in other mixed traffic proporsion [7]

between VolP and WWW. Moreover, we plan to generalize

this CC framework to scenarios where more than one service

is prioritized.
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